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General Information

Welcome to APx500
APx500 software
APx500 is the measurement software used with Audio 
Precision APx audio analyzers or with an APx500 Flex 
Key and a compatible audio interface. 

APx500 software will only run in Demo Mode unless 
an authorizing Software Version License Key is pres-
ent in an attached analyzer instrument or APx500 Flex 
Key. New B Series APx analyzers are shipped with the 
Software Version License Key installed; Legacy APx 
analyzers require an APx KeyBox (see below) and the 
purchase of a Software Version License Key for 
APx500.

See Chapter 3 for a tour of the APx analyzer software.

APx Analyzer Systems
Each member of the APx family of analyzers is a sys-
tem, comprised of a precision measurement instru-
ment (the APx500 analyzer hardware) attached to a 
personal computer (PC) running APx500 measure-
ment software. The instrument hardware provides 
analog and digital interface and system clocking. The 
APx500 software provides configuration, measure-
ment, automation and reporting capabilities.

APx B Series analyzers
Audio Precision began shipping APx B Series analyzer 
hardware in December, 2018. The APx B Series is 
based on a new internal processor and supporting 
chipset, with hardware security, USB 3.0 connectivity, 
and more powerful capabilities for upcoming fea-
tures. B Series analyzers are supported by APx500 
software version 5.0 and later.

B Series APx analyzers support the current version of 
APx500 natively; an APx KeyBox (see below) is not 
required for B Series hardware. 

The APx KeyBox
The APx KeyBox is a hardware security module that 
must be mounted on legacy APx analyzers to support 
APx500 v. 4.6 software and later. A Software Version 

License Key or a software support subscription must 
be purchased to authorize APx500 v.5.0 software or 
later. See Licenses and Software Option keys on 
page 243 for information on installing a license.

If you need an APx KeyBox for your legacy APx ana-
lyzer, locate your analyzer serial number (see page 
42) and go to https://www.ap.com/get-keybox/ to 
order a KeyBox. The first APx KeyBox issued for a spe-
cific analyzer serial number is provided free-of-charge. 
Replacement APx KeyBoxes, if required, are available 
for a fee.

Each APx KeyBox is instrument-specific, so
you will need to include your analyzer’s
serial number when placing a request.

Hardware
Analyzer Instrument Hardware
APx500 B Series series instruments include:

•the fixed-configuration APx511, with analog input/
output optimized for hearing aid production test.

•the compact, fixed-configuration APx515, with 2 
channels of analog input/output.

•the compact, modular APx517 with a built-in power 
amplifier, a built-in headphone amplifier, and 2 
analog input channels.

•the modular APx525, with 2 channels of analog 
input/output.

•the modular APx526, with 4 channels of analog 
input and 2 channels of analog output.

•the modular APx555, with 2 channels of analog 
input/output. The APx555 analog input and output 
circuitry outperforms that of any other audio ana-
lyzer sold.

•the modular APx582, with 8 channels of analog 
input and 2 channels of analog output.

•the modular APx585, with 8 channels of analog 
input/output.
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•the modular APx586, with 16 channels of analog 
input and 8 channels of analog output.

See your analyzer’s Installation Instructions and Spec-
ifications booklet for safety, installation, and fusing 
information and personal computer hardware and 
operating system requirements. 

Hardware Options
For the entire modular APx52x/555/APx58x B Series 
family:

•The APx-ADIO Advanced Digital I/O option (stan-
dard in the APx555).

•The APx-DSIO Digital Serial I/O option.

•The APx-HDMI HDMI+ARC option

•The APx-BT-DUO Bluetooth wireless technology 
option

•The APx-PDM Option

•The APx-PDM 16 Option

•The Advanced Master Clock option (standard in 
the APx555).

The ADIO and the latest versions of the DSIO and PDM 
hardware modules support jitter generation and mea-
surement when co-installed with the Advanced Mas-
ter Clock. Contact your Audio Precision representative 
for information.

The PDM 16 module does not support jitter
generation.

For instruments fitted with the 2-channel output mod-
ule:

•The APx-AG52 analog generator option adds 
square wave generation and other improvements 
(standard equipment in the APx555 and APx582).

For the instruments fitted with the 2-channel input 
module:

•The APx-BW52 high bandwidth option provides up 
to 1 MHz high-resolution analog input bandwidth 
(standard equipment in the APx555).

B Series APx555s are also fitted with Enhanced Ana-
log Generator (EAG) hardware, providing improved per-
formance and new features. Legacy APx555s can add 
the EAG as an upgrade. See page 127 for more infor-
mation about the EAG.

Auxiliary switchers, filters, the APx1701 Transducer 
Test Interface, and the DCX-127 Multifunction Module 
are also available for all instruments.

See Chapter 2 for a tour of the APx analyzer hardware.

Analyzer Output signals
Analog signals

Audio output signals are, with some notable excep-
tions, generated in DSP in APx500 on the PC, and 
streamed down the USB cable to precision analog out-

put circuits. The exceptions are the low-distortion ana-
log sine generated in the APx555, the analog square 
wave generated and DIM signals in the APx555 and 
AG52, Output Equalization, and the analog sine burst 
in the EAG. These are implemented in instrument 
hardware.

Digital signals
Digital signals are also generated in DSP in the PC and 
streamed to a choice of digital interface transmitters 
in the instrument hardware. 

Analyzer Input signals
Analog signals

Audio input signals are acquired using precision inter-
faces and eventually digitized. The data goes through 
some initial processing in the hardware, and then is 
streamed up the USB cable to the PC. The measure-
ments are performed in APx500 DSP, using, for the 
most part, FFT technology. For THD+N measure-
ments, the APx555 adds an analog notch filter imple-
mented in instrument hardware.

Digital signals
Digital signals are input via a choice of digital inter-
face receivers in the instrument hardware, and 
streamed to the PC for analysis in DSP.

Software
APx500 v. 5.0 software supports all of the instru-
ments in the APx B Series family. APx can be 
addressed from Sequence Mode or from Bench Mode. 
As mentioned on page 29, an APx KeyBox is required 
to run APx500 v. 5.0 with legacy APx analyzers.

Getting Started
To make a measurement, you must have an APx ana-
lyzer or an APx500 Flex Key attached to the PC. 
APx500 software will also run without hardware in 
demo mode. No measurements can be made in demo 
mode, but you can explore the user interface and view 
the APx features and help content.

For complete installation, safety and fusing informa-
tion and for detailed specifications, refer to the Instal-
lation Instructions and Specifications booklet provided 
with your instrument and available online at ap.com.

PC Requirements
APx500 requires a PC with the following characteris-
tics and capabilities:

•Operating system: Microsoft Windows 10 (64-bit).

•Intel i5 or better processor running at a clock 
speed of at least 2.5 GHz. AMD Processors with 
similar specifications are also supported.

•At least 8 GB of RAM. 16 GB is recommended.
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•At least 1.5 GB of free hard disk space. An SSD for 
the operating system drive is highly recom-
mended.

•A CD-ROM optical disc drive or Internet access to 
download the APx500 software.

•A USB port. B Series APx analyzers support USB 
2.0 and USB 3.0.

•An additional USB 2.0 or 3.0 port is required for 
optional switcher, DCX-127 or APx1701 use.

•A color monitor with SXGA (1280 x 1024) video 
graphics support. Video resolution of 1900 x 1080 
or greater is recommended.

System performance is sensitive to processor speed; 
faster processors will yield faster results.

APx500 is data intensive and it is recommended that 
other data-intensive applications not be run concur-
rently. This includes Audio Precision’s AP2700, APWIN 
or ATS.

Documentation and Support
Embedded Help
You can access Help from the Help menu or by right-
clicking and selecting Help, or pressing F1 from a con-
text within the application. The Help system includes a 
Table of Contents, an Index and Search capabilities.

Other documentation
The APx500 User’s Manual (this document) is the pri-
mary documentation for APx B Series analyzers, in 
conjunction with the embedded help system accessi-
ble from within the application. The manual is pro-
vided as a PDF for the APx515 and APx500 Flex, and 
both as a PDF and a printed book for APx517 and APx-
52x/555/58x users. Other documentation includes:

•APx511 B Series Installation Instructions and 
Specifications

•APx515 B Series Installation Instructions and 
Specifications

•APx517 B Series Installation Instructions and 
Specifications

•APx52x/58x B Series Family Installation Instruc-
tions and Specifications

•APx555 B Series Installation Instructions and 
Specifications

•APx500 Flex Installation Instructions and Getting 
Started Guide

Audio Precision Web site at ap.com
For more information, go to https://www.ap.com. 
You’ll find manuals, specifications, tech notes, appli-
cation notes, white papers, audio test signals, Perfor-

mance Check, utilities, APx sample projects, VB.NET / 
C#.NET / LabVIEW samples and more.

You can also contact our Technical Support staff at 
techsupport@ap.com, or by telephoning 
503-627-0832 ext. 4, or 800-231-7350 ext. 4 (toll 
free in the U.S.A.).
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Quick Tour: APx Analyzer Hardware

B Series APx555 with EAG, 
ADIO, DSIO, PDM and Bluetooth Duo.

Introduction
The Audio Precision APx audio analyzers and the 
APx500 measurement software bring a fast, intuitive 
measurement-centric approach that has changed how 
audio test and measurement is done. This chapter 
provides a brief overview of the APx B Series system 
hardware and will point you to more information.

There are two fixed-configuration APx audio analyzers 
in the B Series, the APx511 and the APx515. The B 
Series APx517 is a modular analyzer with a fixed 
amplifier that can mount a single input/output audio 
interface module. The B Series APx525, 526, 555, 
582, 585, and 586 are modular analyzers, which can 
mount multiple input/output audio interface modules.

For safety, fusing or installation information, and for 
detailed specifications for any of the following instru-
ments, see the corresponding APx Installation and 
Specifications Booklet.

The APx KeyBox
For evolving security needs, B Series APx analyzers 
are fitted with hardware security, and require APx500 
version 5.0 software or later. B Series analyzers do 
not require an APx KeyBox.

Legacy APx analyzers require that a hardware security 
module, the APx KeyBox, be attached to the Software 
Options connector on the analyzer rear panel to run 
APx v. 4.6 or later. Go to page 29 for more information.

APx555 B Series

The B Series APx555 is the most versatile, highest-
performance audio analyzer Audio Precision has ever 
made. Built on the framework of the APx525, the 
APx555 includes an analog High Performance Sine 
Generator and a hybrid High Performance Sine Ana-
lyzer, which together drop the residuals in a THD+N 
measurement to unmatched lows. The High Perfor-
mance Sine Generator is of extraordinarily low distor-
tion and noise, and has a maximum frequency of 
204.75 kHz, well beyond the 80.1 kHz maximum of 
the DAC generator.

All APx500 generation and measurement features 
that are applicable to a 2-channel instrument are sup-
ported.

See the APx555 B Series Installation Instructions and 
Specifications booklet for full specifications.
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Analog I/O for the APx555
2-channel analog outputs

The 2-channel analog output module provided in the B 
Series APx555 analyzer includes the high perfor-
mance features introduced in the AG52 option, with 
the fast rise time square wave generator, a DIM/TIM 
distortion stimulus, and the High Performance Sine 
Generator’s extraordinarily pure sine stimulus at fre-
quencies as high as 204 kHz.

New with the B Series APx555 is the Enhanced Ana-
log Generator (EAG), which adds additional analog out-
put configuration options, a low distortion sine burst 
signal, and support for the ADC Test option. 

The module has two unbalanced analog output chan-
nels available on BNC connectors. Each unbalanced 
output has selectable source resistances and a maxi-
mum output level of 13.33 Vrms.

The module also has two balanced analog output 
channels available on XLR-M and dual-banana con-
nectors (connected in parallel). Each balanced output 
has selectable source resistances and a maximum 
output level of 26.66 Vrms.

2-channel analog inputs

The 2-channel analog input module provided in the B 
Series APx555 analyzer includes the high perfor-
mance features introduced in the BW52 option, 
expanding the analyzer bandwidth of the analog 
inputs up to 1 MHz, providing unparalleled 1 MHz 24-
bit FFTs. Additionally, the High Performance Sine Ana-
lyzer uses stereo analog notch filters with a dedicated 
ADC to provide a system THD+N residuals specifica-
tion unmatched in the industry.

The module has two unbalanced analog input chan-
nels available on BNC connectors. Each unbalanced 
input can be DC or AC coupled, with selectable termi-
nation resistances and a maximum input level of 
160 Vrms.

The module also has two balanced analog input chan-
nels available on XLR-F and dual-banana connectors 
(connected in parallel). Each balanced input can be 
DC or AC coupled, with selectable termination resis-
tances and a maximum input level of 300 Vrms. Two 
ground lugs are provided.

Additional standard modules for the 
APx555
The Advanced Master Clock is standard on the 
APx555, and provides jitter generation and analysis 
capability when used with a supporting jitter-enabled 
digital module (ADIO and current versions of DSIO and 
PDM). The Advanced Master Clock also provides an 
AES11 Digital Audio Reference Signal (DARS) refer-
ence in and out, a clock sync in and out, and a trigger 
in and out, all on a connector panel on the rear of the 
instrument.

The Advanced Digital Input/Output (ADIO) is a two-
channel AES3/SPDIF interface with balanced, unbal-
anced and optical I/O, which is similar to the Digital 
Interface Module (DIO) module but with additional fea-
tures. ADIO adds metadata impairment, digital inter-
face signal impairment, digital interface common 
mode measurement, and the provides digital inter-
face level data to the analyzer. ADIO includes jitter 
generation and analysis capability when used with the 
Advanced Master Clock.

APx52x/58x B Series
The B Series APx52x/58x audio analyzers provides a 
modular framework for a wide selection of input/out-
put configurations. Analog I/O is available with as few 
as 2 input and 2 output channels, up to 8 output and 
16 input channels. The standard DIO module provides 
AES3/SPDIF digital input and output, to which you can 
add DSIO (chip-level digital serial interface), 
HDMI+ARC, PDM, PDM 16, or Bluetooth wireless tech-
nology, provided there is an open module bay in the 
lower tier.

See the APx52x/58x B Series Installation Instructions 
and Specifications booklet for full specifications.

APx525 B Series

The APx525 is the classic 2-channel configuration, fit-
ted with a 2-channel analog output module, a 2-chan-
nel analog input module, a digital I/O (DIO) module, 
and 3 available module bays for additional I/O mod-
ules. Read about these modules in detail in the next 
few pages.

On the analog side, the APx525 has balanced and 
unbalanced analog inputs and outputs, relay-imple-
mented I/O loopback and common-mode rejection 
measurements. The DIO provides AES3 balanced 
input and output on XLR connectors, SPDIF/SMPTE 
unbalanced I/O on BNCs, and optical I/O on Toslink 
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connectors, at sample rates up to 216 kHz. All APx500 
generation and measurement features that are appli-
cable to a 2-channel instrument are supported.

APx526 B Series

The B Series APx526 is a 4-channel version of the 
APx525, with 2 analog outputs and 4 analog inputs, 
and 1 available I/O option module bay.

APx582 B Series

The APx582 is a popular combination of the analog 
output features of the APx525, and the analog input 
features of the APx585, described below. The 582 has 
2 analog outputs and 8 analog inputs, with 3 avail-
able I/O option module bays.

APx585 B Series

The APx585 is the world’s first true multichannel 
audio analyzer.

The typical configuration features 8 simultaneous 
channels of balanced or unbalanced analog inputs 
and outputs with 216 kHz AES3, SPDIF, and optical 
DIO, and 3 available I/O option module bays.

APx586 B Series

The APx586 is similar to the APx585, but with 8 addi-
tional analog input channels, providing a total of 16 
analog input channels. The 586 is typically fitted with 
a DIO module and has 1 available I/O option module 
bay.

Analog I/O for the APx52x/58x B Series
2-channel analog outputs

The analog output module used in the B Series 
APx525, 526 and 582 analyzers has two balanced 
analog output channels available on XLR-M and dual-
banana connectors (connected in parallel). Each bal-
anced output has selectable source resistances and a 
maximum output level of 21.21 Vrms.

The module also has two unbalanced analog output 
channels available on BNC connectors. Each unbal-
anced output has selectable source resistances and a 
maximum output level of 10.61 Vrms.

AG52 analog generator option
The AG52 analog generator option is available for the 
APx525 and 526 analyzers, and is provided as stan-
dard equipment in the APx555 and APx582 analyz-
ers. AG52 improves THD+N residual performance, 
increases maximum generator amplitude (26.66 Vrms 
balanced, 13.33 Vrms unbalanced), and adds a fast 
rise time square wave generator for general purpose 
testing and for generating a DIM/TIM distortion stimu-
lus.

2-channel analog inputs

The 2-channel analog input module is used in the 
APx525 and 526 for analog inputs 1 and 2. An elec-
tronically identical module is used in the APx526 for 
Analog Inputs 3 and 4.

The module has two unbalanced analog input chan-
nels available on BNC connectors. Each unbalanced 
input can be DC or AC coupled, with selectable termi-
nation resistances and a maximum input level of 
160 Vrms.

The module also has two balanced analog input chan-
nels available on XLR-F and dual-banana connectors 
(connected in parallel). Each balanced input can be 
DC or AC coupled, with selectable termination resis-
tances and a maximum input level of 300 Vrms. Two 
ground lugs are provided.

BW52 high-bandwidth input option
The BW52 high bandwidth analog input option is avail-
able to the APx525 and 526, and the performance 
features of the BW52 are standard in the APx555. The 
BW52 expands the analyzer bandwidth of analog 
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inputs 1 and 2 to up to 1 MHz, providing unparalleled 
1 MHz 24-bit FFTs.

8-channel analog outputs

Unbalanced
The 8-channel analog output module is used in the B 
Series APx585 and 586 analyzers. The module has 
eight unbalanced analog output channels available on 
floating BNC connectors. Each unbalanced output has 
a source resistance of 50  and a maximum output 
level of 7.2 Vrms.

Balanced
The module also has eight balanced analog output 
channels available on a single 25-pin D-Sub connec-
tor; see page 42. Each balanced output has a source 
resistance of 100  and a maximum output level of 
14.40 Vrms. A ground lug is provided.

8-channel analog inputs

The 8-channel analog input module is used in the B 
Series APx582, 585 and 586 for input channels 1–8. 
An electronically identical module is used in the 
APx586 for channels 9–16.

Unbalanced
Each module has 8 unbalanced analog input chan-
nels available on floating BNC connectors. Each unbal-
anced input is DC coupled, with a termination 
resistance of 100 k and a maximum input level of 
115 Vrms.

Balanced
Each module also has 8 balanced analog input chan-
nels available on a single 25-pin D-Sub connector; see 
page 42. Each balanced input is DC coupled, with a 
termination resistance of 100 k, each leg to ground, 
and a maximum input level of 115 Vrms.

APx517 B Series
The B Series APx517 is an acoustic audio analyzer 
with a single-channel power amplifier (output can be 
routed through either SpeakON connector), left and 
right headphone amplifier outputs with interchange-
able connector panels (1/4 inch, 3.5 mm, and BNC), 
two analog inputs, and 1 available I/O option module 
bay.

APx517 with optional Bluetooth Duo module

See the APx517 B Series Installation Instructions and 
Specifications booklet for full specifications.

APx515 B Series
The B Series APx515 is a general purpose fixed-config-
uration audio analyzer perfect for bench and produc-
tion test.

Analog I/O
The APx515 has two analog output channels, avail-
able with both balanced and unbalanced connec-
tions; and two analog input channels, each balanced 
or unbalanced.

Digital I/O
The APx515 is fitted with AES3/SPDIF digital input and 
output on balanced electrical, unbalanced electrical 
and optical connectors.

See the APx515 B Series Installation Instructions and 
Specifications booklet for full specifications.

APx511 B Series Hearing Instru-
ment Analyzer
The APx511 is a fixed-configuration audio analyzer 
with analog input/output optimized for hearing aid 
production test. 

There is a loudspeaker output, a telecoil output, a 
microphone input, and a battery simulator with cur-
rent measurement.

See the APx511 B Series Installation Instructions and 
Specifications booklet for full specifications and a 
users’ guide.
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Digital I/O for APx B Series modular 
analyzers
Advanced Digital I/O

The Advanced Digital I/O (ADIO) module with AES3 
interface is the standard digital interface for the B 
Series APx555 audio analyzer, and is an option for B 
Series APx52x/58x instruments.

This module provides both digital input and output on 
balanced electrical, unbalanced electrical and optical 
connectors.

Impairments and interface measurements
The Advance Digital I/O differs from the standard Digi-
tal I/O in that it offers impairments to the transmitted 
digital interface signal, and the ability to measure cer-
tain characteristics of the received interface signal.

The transmitted interface signal can be impaired to 
test the tolerance of a downstream device, with false 
metadata, validity and parity errors, noise, common 
mode impairments, risetime impairments (including 
cable simulation), and jitter (see below). Measured 
input interface voltage level can be measured and dis-
played.

Jitter
The transmitted interface signal can be impaired with 
jitter, and received jitter can be analyzed in great 
detail. Jittered transmission and jitter analysis require 
the installation of the AMC module (see page 40).

Balanced
The balanced interface satisfies AES3, EBU-3250 and 
IEC60958-4.

The balanced interface has a nominal carrier level of 
5 Vpp. Output source resistance is nominally 110 . 
Input termination resistance can be set to 110  or 
off (~2 k). When the balanced output connector is 
selected, the APx500 software embeds Professional 
status bits in the output signal.

Unbalanced
When the unbalanced output is set to Consumer 
mode (the default), the unbalanced output is compati-
ble with SPDIF and satisfies IEC60958-3. Nominal car-
rier level is 0.5 Vpp and output status bits are set to 
Consumer.

When the unbalanced output is set to Professional 
mode (see Advanced Settings), the unbalanced out-
put satisfies AES3-id and SMPTE-276M, while remain-
ing largely compatible with IEC-60958-3 and most 
SPDIF receivers. Nominal carrier level is 1.0 Vpp, and 
output status bits are set to Professional.

Output source resistance is nominally 75 . Input ter-
mination resistance can be set to 75  or OFF 
(~23 k).

Optical
Compatible with the Toslink interface. When the opti-
cal output connector is selected, output status bits are 
set to Consumer.

Digital input/output

The Digital Input/Output module is the standard DIO 
for B Series APx52x and APx58x audio analyzers.

This module provides both digital input and output on 
balanced electrical, unbalanced electrical and optical 
connectors. 

Balanced
The balanced interface satisfies AES3, EBU-3250 and 
IEC60958-4.

The balanced interface has a nominal carrier level of 
5 Vpp. Output source resistance is nominally 110 . 
Input termination resistance can be set to 110  or 
off (~2 k). When the balanced output connector is 
selected, the APx500 software embeds Professional 
status bits in the output signal.

Unbalanced
When the unbalanced output is set to Consumer 
mode (the default), the unbalanced output is compati-
ble with SPDIF and satisfies IEC60958-3. Nominal car-
rier level is 0.5 Vpp and output status bits are set to 
Consumer.

When the unbalanced output is set to Professional 
mode (see Advanced Settings), the unbalanced out-
put satisfies AES3-id and SMPTE-276M, while remain-
ing largely compatible with IEC-60958-3 and most 
SPDIF receivers. Nominal carrier level is 1.0 Vpp, and 
output status bits are set to Professional.

Output source resistance is nominally 75 . Input ter-
mination resistance can be set to 75  or OFF 
(~23 k).
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Optical
Compatible with the Toslink interface. When the opti-
cal output connector is selected, output status bits are 
set to Consumer.

Digital Serial I/O option

DSIO

The Digital Serial Input/Output (or DSIO) option pro-
vides a flexible chip- or board-level serial input and 
output interface.

With separate Master Clock, Bit Clock, Frame Clock, 
Channel Clock and four Data lines, variable signal for-
mats, variable word width, bit depth and synchroniza-
tion options, the DSIO can address almost any serial 
interface need.

Formats include TDM, I2S, DSP (bit-wide pulse) and 
custom formats. Up to 16 channels can be transmit-
ted and received using the TDM format.

The DSIO option can be ordered with APx525, 526, 
555, 582, 585 or 586 instruments, provided there is 
an open module bay in the lower tier.

Jitter
If the analyzer is fitted with the Advanced Master 
Clock (standard on the APx555), the current version of 
the DSIO supports jitter generation and measure-
ment. See page 40.

Operation of the DSIO is discussed in Chapter 16.

HDMI+ARC option

The APx525, 582 and 585 can be fitted with an 
optional HDMI+ARC (High Definition Multimedia Inter-
face plus Audio Return Channel) I/O module.

About HDMI+ARC
The HDMI+ARC module is fully compatible with HDMI 
1.3a; additionally, it supports a subset of HDMI 1.4a, 
the ARC (Audio Return Channel) feature.

CEC functionality is available on Source and Sink con-
nections. See More About CEC on page 174.

HDMI (High Definition Multimedia Interface) is 
designed to carry high-bandwidth digital streams pro-
viding an audio/video interface that includes content 
protection and a bi-directional channel for interaction 
with connected electronic devices.

ARC (Audio Return Channel) provides an additional 
digital audio channel, which can simplify interface 
cabling in certain applications, for user convenience.

HDMI+ARC Hardware description
The HDMI option is fitted with four HDMI Type A con-
nectors:

•The Source connector outputs APx-generated 
monocolor video with APx generated audio and 
HDCP. Alternatively, user video (from Aux In) can 
be substituted for monocolor video. This connec-
tor is inactive when the Signal Path Setup Output 
Configuration is set to HDMI ARC Tx.

•The ARC Tx / Aux In connector provides input for 
user video (such as a test pattern) to be substi-
tuted for APx-generated video available at Source 
connector. 
When Signal Path Setup Output Configuration is 
set to HDMI ARC Tx, this function is disabled; 
instead, the connector outputs digital audio and 
CEC negotiation in support of HDMI ARC.

•The ARC Rx / Aux Out connector provides a moni-
tor function, outputting the video and audio pres-
ent at the Sink connector. EDID metadata from 
downstream device (typically an HDTV monitor) 
can be selectively blocked (the default) or passed 
to the upstream Device Under Test. 
When Signal Path Setup Input Configuration is set 
to HDMI ARC Rx, this function is disabled; instead, 
the connector inputs digital audio in support of 
HDMI ARC.

•The Sink connector provides measurement input 
for HDMI from the Device Under Test. 
This connector is inactive when the Signal Path 
Setup Input Configuration is set to HMI ARC Rx.

Audio on HDMI
APx500 provides generation and measurement capa-
bilities for audio signals carried on the HDMI interface.

Video is implicit in HDMI, and the AP HDMI interface 
transmits and receives the required video and meta-
data signals for proper operation of the HDMI inter-
face. These video and metadata signals can be 
altered in APx500 in some ways to examine the effect 
of bitstream changes on audio quality. However, 
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APx500 does NOT provide any measurement or diag-
nostic capabilities for HDMI video signals, or for all 
HDMI metadata.

Audio on ARC
ARC (Audio Return Channel) is a feature of HDMI 1.4a 
that enables digital audio (IEC 60958 / SPDIF) trans-
mission and reception on existing but previously 
unused conductors in standard HDMI connectors and 
cables. See More About ARC on page 173.

APx Bluetooth Duo Option

Hardware description
The Bluetooth Duo module can be installed in any APx 
instrument with an E-type chassis (from mid 2012 and 
later), provided there is an open module bay in the 
lower tier. Bluetooth cannot be installed in the 
APx515.

The Bluetooth Duo module is fitted with two Bluetooth 
radios, one dedicated to source profiles and one to 
sink. The SMA connectors on the front of the module 
provide RF (radio frequency) connectivity for each of 
the radios. Typically, small antennas are connected at 
this point. One or two 50 Ω cables can also be con-
nected to route the RF signal to a Bluetooth device 
with an RF cable connection.

When cabling directly to a device (without using anten-
nae), the use of an RF level attenuator of approxi-
mately 50 dB is recommended, to be connected 
between the APx and the device.

Bluetooth codecs
Bluetooth wireless technology uses codecs to com-
press the audio to usable data rates. 

The Audio Precision Bluetooth Duo module supports 
the CVSD, SBC, mSBC (wideband speech), and AAC 
codecs, and Qualcomm® aptX™, aptX™ HD, and 
aptX™ Low Latency audio codecs. Earlier legacy APx 
Bluetooth modules (APX-BT and APX-BT-WB) are sup-
ported by the current APx500 software, but support 
fewer codecs than Bluetooth Duo.

Bluetooth Duo firmware updates
The Bluetooth Duo option module supports field firm-
ware upgrades. To check the firmware version and 
codec support for your Bluetooth Duo module, in 
APx500 go to Help > About > Bluetooth Duo Module. 

APx PDM 16 Option

The PDM 16 option provides a 16-channel PDM input 
interface through the PDM 16 Input Pod. The module 
can be installed in any APx instrument except the 
APx515, provided there is an open module bay in the 
lower tier. 

Input
The PDM 16 Option provides 16 channels of signal 
input with their associated clocks. The inputs accept a 
1-bit PDM bitstream, which is then decimated by one 
of a range of oversampling ratios and filtered into 
baseband audio at the Decimated Rate. See page 42 
for information on the interface pin outs 

Bit Clock
A PDM receiver (input) typically acts as a master, with 
the upstream transmitter acting as a slave. Therefore, 
in the APx implementation, the Bit Clock connection 
associated with the PDM Input is, by default, config-
ured as a clock output; however, it can also be config-
ured as a clock input by changing the clock direction 
in the APx software.

Bit clock frequencies can range from 128 kHz to 
24.576 MHz, depending upon Decimated Rate (base-
band audio sample rate) and oversampling ratio.This 
constrains the Decimated Rates available at higher 
decimation ratios.

Vdd Supply
PDM MEMS microphones are typically externally pow-
ered. The Vdd Supply connector can provide DC cur-
rent up to 50 mA, with a voltage range of 0 V to 
3.60 V.
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APx PDM Option

The PDM option provides a complete solution for 
addressing circuits or devices with a PDM input or out-
put. The PDM module can be installed in any APx 
instrument except the APx515, provided there is an 
open module bay in the lower tier.

Output
The PDM Option provides a PDM signal output, which 
consists of an APx generator audio signal, interpo-
lated by a broad choice of oversampling ratios, and 
modulated into a 1-bit PDM bitstream. A 4th-order 
modulator is the default; a 5th-order modulator can be 
selected. Amplifier Control Codes can be imposed 
upon the PDM output signal.

Bit Clock
A PDM transmitter (output) typically acts as a slave, 
with the downstream receiver acting as master. There-
fore, in the APx implementation the Bit Clock connec-
tion associated with the PDM Output is, by default, 
configured as a clock input; however, it can also be 
configured as a clock output by changing the clock 
direction in the APx software. The LED associated with 
the Bit Clock connector indicates the clock direction: 
red when Bit Clock is a clock output, green when it is a 
clock input.

Bit clock frequencies can range from 128 kHz to 
24.576 MHz, depending upon the interpolation rate 
(baseband audio sample rate) and oversampling ratio. 
This constrains the Decimated Rates available at 
higher interpolation ratios.

Input
The PDM Option also provides a signal input with its 
associated clock connection. The input accepts a 1-bit 
PDM bitstream, which is then decimated by one of a 
wide range of oversampling ratios and filtered into 
baseband audio at the Decimated Rate. The input bit-
stream can also be analyzed directly (before decima-
tion) in the Signal Analyzer to view out-of-band 
components. Amplifier Control codes in the PDM input 
signal can be monitored.

Bit Clock
A PDM receiver (input) typically acts as a master, with 
the upstream transmitter acting as a slave. Therefore, 
in the APx implementation, the Bit Clock connection 
associated with the PDM Input is, by default, config-

ured as a clock output; however, it can also be config-
ured as a clock input by changing the clock direction 
in the APx software. The LED associated with the Bit 
Clock connector indicates the clock direction: red 
when Bit Clock is a clock output, green when it is a 
clock input.

Bit clock frequencies can range from 128 kHz to 
24.576 MHz, depending upon Decimated Rate (base-
band audio sample rate) and oversampling ratio.This 
constrains the Decimated Rates available at higher 
decimation ratios.

Jitter
A PDM model 228 module installed in an APx with the 
Advanced Master Clock (see below) can apply jitter to 
the outgoing bit clock, and can analyzer jitter on the 
incoming bit clock.

Vdd Supply
PDM MEMS microphones are typically externally pow-
ered. The Vdd Supply connector can provide DC cur-
rent up to 15 mA, with a voltage range of 0 V to 
3.60 V.

PSR testing
AC signals can be imposed upon the Vdd supply dc 
voltage to test the PSR (Power Supply Rejection) in the 
DUT. This connection can also be used for PSRR test-
ing with certain analog DUTs. Use PSR or PSR Sweep 
to measure the PSR or PSRR.

Advanced Master Clock

Detail, Sync-Ref panel for the AMC

Modular analyzers fitted with the Advanced Master 
Clock (standard on the APx555 and optional on other 
models) will have Sync, Trigger and Reference connec-
tors on the rear panel.

The Advanced Master Clock also provides jitter gener-
ation and measurement capabilities when used with a 
jitter-compatible digital I/O module.

APx500 Flex

The APx500 Flex analyzer includes the APx500 test 
and measurement software and an APx500 Flex Key. 
The APx500 Flex Key is a USB license key which 
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enables measurements to be made, either through 
file analysis or by using supported ASIO audio inter-
faces, without connecting to an APx analyzer. The 
APx500 Flex Key also lets you add optional measure-
ments and quickly move your measurement license 
from one computer to another.

Analyzer rear panels
APx511 B Series Rear Panel

APx515 B Series Rear Panel

The APx511 and APx515 rear panels are similar.

Power entry module
The power entry module is mounted on the APx 511 
and APx515 rear panel, and provides the mains power 
switch, the connector for the mains power cable, the 
mains voltage selector and the line fuse assembly.

Power and fuse ratings are printed below the power 
entry module. See the APx511 or APx515 Installation 
Instructions and Specifications booklet for more infor-
mation about mains power and fusing.

Aux control
The APx511 has an Aux Control In connector on the 
rear panel, and the APx515 has both Aux Control Out 
and In connectors. Aux Control (sometimes referred to 
as GPIO or General Purpose Input/Output) provides 
the capability to communicate with external devices, 
transmitting and receiving control commands. See 
Chapter 107 for more information about Aux Control.

PC interface
The PC interface connector provides a USB 2.0 inter-
connection to the controlling personal computer.

Software Options connector
The APx KeyBox is not required for B Series APx ana-
lyzers.

For Legacy APx analyzers, the APx KeyBox is required 
for APx500 v. 4.6 and later. The KeyBox mounts on the 

Software Options connector on the analyzer rear 
panel. See page 29 for more information.

APx KeyBox, p.n. BSKB.0000.

If you are using APx500 v. 4.5 or earlier, an APx Key-
Box is not required. Instead, you may have a Software 
Options Module, which also mounts on this connec-
tor. See page 241 for more information about soft-
ware options.

The APx Software Option Module, p.n. BSWO.0000.

Serial number label
The serial number and date of manufacture are listed 
on the rear panel serial number label. 

The analyzer serial number is also shown on the cali-
bration label on the analyzer top cover, and in the 
APx500 software, at Help > About, Instrument ID.

APx52x/555/58x B Series Rear 
Panel

Power entry module
The power entry module for the modular analyzers is 
mounted on the power supply module. The power 
entry module provides the connector for the mains 
power cable and the line fuse assembly.

Power and fuse ratings are printed above the power 
entry module. See the instrument Installation and 
Specifications booklet for more information about 
mains power and fusing.

Aux control connectors
Like the APx515, the modular APx analyzers have both 
Aux Control Out and In connectors. See Chapter 107 
for more information about Aux Control.
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PC interface connector
The PC interface connector provides a USB 3.0 / USB 
2.0 interconnection to the controlling personal com-
puter.

Software Options connector
The APx KeyBox (required for APx500 v. 5.0 on legacy 
APx analyzers), or the Software Option Module, 
mounts on the Software Options connector, as 
described previously for the APx511 and APx515.

Configuration label
Configuration, serial number and date of manufac-
ture are listed on the rear panel configuration label. 

The analyzer serial number is also shown on the cali-
bration label on the analyzer top cover, and in the 
APx500 software, at Help > About, Instrument ID.

Advanced Master Clock (AMC)

APx rear panel shown with AMC installed.

Multi-pin connector descriptions
DB-25 Analog Balanced Connector
(used in 8-channel analog I/O modules)
Audio Precision’s 8-channel analog input and 8-chan-
nel analog output modules use a female DB-25 con-
nector for balanced multichannel inputs and outputs. 
Pin connections are shown below. Compatible cables 
and adapters of high performance are available from 
Audio Precision.

HD-15 Connector
(used in the DSIO module)

The Digital Serial I/O option is fitted with four female 
HD-15 connectors for multichannel serial interface 
transmitter, receiver and monitor connections. Pin 
connections are shown below. Compatible cables are 
available from Audio Precision.

DE-9 connectors
used in all analyzers (rear panel)
Aux Control Out is available on a female DE-9 connec-
tor on the rear panel of most APx analyzers. The 
female DE-9 has the following pin-out:

Aux Control In is available on a male DE-9 connector 
on the rear panel of all APx analyzers. The male DE-9 
has the following pin-out:

The connector pin numbers correspond to the Aux 
Control bit numbers; pin 9 is ground.

IDC 40-pin Connector
used in PDM 16 interface pod
The PDM 16 pod provides a 40-pin, 0.1” (2.54 mm) 
pitch IDC connector as an interface to PDM MEMS 
microphones. All signal pins are provided with individ-
ual, shared grounds. All clock outputs are redundant 
but individually buffered to drive multiple clock inputs 
if required. The Vdd output provides DC power, if 
required, for the device under test. The 8 data input 
pins can be used to interface up to 16 microphones 
simultaneously. The input is compatible with com-
monly available IDE/ Parallel ATA I/O cables.

13

25

1

14

+G – +G – +G – +G – +G – +G – +G – +G –

+

G
–

=  ground (earth, chassis, shield) connection.
=  minus (negative, low, cold) audio connection.
=  plus (positive, high, hot) audio connection.

Audio Precision DB-25 pin-out chart

for APx instrument 8-channel
balanced analog connections.

Compatible with TASCAM DA88 DB-25 connectors.

1 2 3 4 5 6 7 8

11 12 13 14 15

6 7 8 9 10

1 2 3 4 5

Audio Precision HD-15 pin-out chart
for APx instrument 

Digital Serial I/O (DSIO) connections.

Front view, female (panel) connector.

Master Clock  p1
GND  p2

Data3  p3
GND  p4

Frame Clock  p5

GND  p6
GND  p7

Data1  p8
Data4  p9
GND  p10

p11  Bit Clock
p12  GND
p13  Data2
p14  GND
p15  Channel
          Clock
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Accessories
GRAS Microphone Power Modules
Beginning with software version 6.0.1, APx500 sup-
ports the TEDS features in the GRAS 12AB and GRAS 
12BB Microphone Power Modules. The two- and four-
port modules provide power to CCP measurement 
microphones for acoustic testing. The Microphone 
Power Modules allow the APx500 software to read 
TEDS data from connected TEDS-enabled micro-
phones and can be used with all B Series analyzers 
(except the APx511) and with ASIO devices using the 
APx500 Flex Key. On startup, APx500 will automati-
cally detect an attached and powered on Microphone 
Power Module. Configuration of attached micro-
phones can then be done in Signal Path Setup and in 
Sequence Steps.

SWR-2755 switchers

Audio Precision manufactures optional audio switch-
ers that can be used to connect and disconnect many 
signal channels (up to 192 input and 192 output 
channels) to the instrument inputs or outputs, under 
software control. See Chapter 108 for more informa-
tion about switchers.

APx1701 Transducer Test Interface

The APx1701 Transducer Test Interface is an APx 
accessory device with both input and output func-
tions. It provides a two-channel power amplifier, micro-
phone powering and impedance characterization 
circuitry for loudspeaker or microphone acoustic test-
ing.

When connected to an APx system, the APx1701 
appears in Signal Path Setup as additional inputs and 
outputs. You can read more about using an APx1701 
in Chapter 22, or in the APx1701 Installation, Specifi-
cations and User’s Guide booklet.

AUX-0025 and AUX-0040 filters

The AUX-0025 and AUX-0040 switching amplifier fil-
ters are 2-channel low-pass switching amplifier mea-
surement filters for use with the APx analyzers when 
testing high slew rate signals, typical of switching 
amplifier (Class D) outputs. The AUX-0025 passes 
audio up to 20 kHz; the AUX-0040 extends that band-
width to 40 kHz.

AUX-0100 filter

The AUX-0100 filter (previously known as the APx581 
filter) provides the same filtering as an AUX-0025 in a 
8-channel product, and may be a more appropriate 
choice for use with the APx582, 585 or 586 analyzers.

For more information about the AUX-0025, AUX-0040 
or AUX-0100 switching amplifier filters, contact your 
Audio Precision distributor or representative or visit 
our Web site at ap.com.
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DCX-127 Multifunction Module

The DCX-127 Multifunction Module is an Audio Preci-
sion accessory that provides interface and control fea-
tures not otherwise available in Audio Precision 
analyzers. Download the DCX-127 Multifunction Mod-
ule User’s Guide from the Audio Precision Web site at 
ap.com for complete operational information for the 
DCX-127.

The DCX-127 provides a digital multimeter that can be 
configured to measure DC voltages or resistance; it 
has two programmable DC voltage sources, and four 
GPIO Auxiliary Output connections.
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3

Introduction to the APx500 Software

Welcome to APx500 version 5.0
APx500 is the measurement software used with Audio 
Precision APx500 audio analyzers or with an APx500 
Flex Key and a compatible audio interface. APx500 
analyzers are systems, comprised of a precision mea-
surement instrument (the APx500 analyzer hard-
ware), or compatible audio interface and APx500 Flex 
Key, attached to a personal computer (PC) running 
APx500 measurement software.

Compatible APx analyzer hardware
APx500 version 5.0 requires B Series APx audio ana-
lyzer hardware, a legacy APx analyzer with an APx Key-
Box and an authorizing Software Version License Key, 
or an APx500 Flex Key and a compatible audio inter-
face. See page 29 for more information on the APx 
KeyBox requirements.

The APx Project
An APx500 project is the set of configurations and 
instructions for a test and measurement session, with 
necessary waveform files, data files and images. 

A project can be as simple as one brief measurement 
in the default configuration, or as complex as a series 
of different signal path configurations encompassing 
hundreds of measurements directed by an auto-
mated sequence and documented in a custom report. 
See Chapter 4 for more information about APx proj-
ects.

Sequence Mode and Bench Mode
Sequence Mode and Bench Mode each have their 
own workspace. APx normally launches into Sequence 
Mode. You can switch modes using the selector in the 
upper right corner of the workspace.

Sequence Mode
This chapter begins with a tour of Sequence Mode on 
the next page.

Sequence Mode provides easy access to a large num-
ber of pre-configured measurements, which can be 
quickly arranged into an automated sequence that 
can generate sophisticated reports. For many tests, 
it’s as simple as opening a measurement and clicking 
Start. 

Bench Mode
Bench Mode, on the other hand, is largely unconfig-
ured. Rather than using pre-defined measurements, 
Bench Mode makes a number of settings and tools 
available, and allows you to simply adjust and tweak 
and try different approaches without imposing con-
straints.

This chapter will look at the key features of Bench 
Mode beginning on page 52, and will also visit other 
APx features that are shared by both Sequence Mode 
and Bench Mode. 

Signal Path Setup 
Signal Path Setup includes a menu to select a num-
ber of related panels: Input/Output, References, and 
Switchers. If an Audio Precision DCX-127 is attached, 
there is a new menu item to control it. If your instru-
ment includes the Advanced Master Clock (AMC), Ref, 
Sync and Jitter selections are included in the menu.

The References panels, which used to reside in the 
Navigator, are now consolidated into a menu item in 
the new Signal Path Setup menu.
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The Sequence Mode Workspace: Signal Path Setup

All APx500 workspaces have a Menu bar and a Tool-
bar at the top, and a Status bar at the bottom. 

The Navigator panel is on the left, above the Moni-
tors/Meters panel. The Signal Path Setup menu runs 
down the center of the workspace, and the measure-
ment Results, Selector and Data Sets grid are on the 
right.

The Navigator is key to Sequence Mode. Here you add 
pre-defined measurements to Signal Paths, and select 
the results you’d like to see. You can create multiple 
Signal Paths, with different combinations of measure-
ments or even different input/output configurations.

Once you’ve created a Signal Path or two and popu-
lated them with measurements, you can run them all 
in any order as an automated sequence. You can add 
stops and prompts and run-time configurations to your 
sequence, and customize a report to be generated 
upon completion.

The Signal Path Setup menus
The center panel is Signal Path Setup, and the panels 
that can be expanded from the bottom of the center 
panel provide additional configuration settings. These 
panels can also be undocked and moved around the 
screen by clicking the undock icon  in the top-right 
corner of the panel. Closing an undocked panel 
returns it to a docked state. Depending upon the con-

nected APx instrument hardware, the menu items may 
include:

•Input/Output

•References

•Switchers

•DCX

•Clocks

•Triggers

The Signal Path Setup menu is also avail-
able in Bench Mode.

Signal Path Setup is discussed in detail in Chapter 7.

Verify Connections (Sequence 
Mode only)
Verify Connections is located at the bottom of Signal 
Path Setup with the configuration panels and pro-
vides generator controls and analyzer results that help 
you to easily check your connections and perform sim-
ple diagnostics by sending and receiving signals on 
the channels you are using. 

Verify Connections is discussed in detail in Chapter 8.
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The Sequence Mode Workspace: Making a Measurement

When you select a Measurement view, Signal Path 
Setup and Verify Connections disappear, replaced by a 
Measurement Settings Panel, a Graph Results panel, 
the Selector; and for some measurements, the Data 
Sets grid.

The Navigator (Sequence Mode 
only) 
This panel has two key functions: 

It serves as a measurement Navigator, where you can 
add, delete or rename measurements and results, dis-
played in a tree-and-branch structure. 

It also is the interface for the Sequencer, an automa-
tion interface where you can select measurements 
and results, add prompts and build one or more 
sophisticated automated sequences, all from within 
the APx500 graphical interface. See Chapter 91 for 
detailed information about creating and using auto-
mated sequences.

Depending upon the context and the task at hand, you 
may find this panel referred to as the Navigator, or the 
Sequencer.

The Navigator panel is at the left of the APx500 work-
space. Click the  Hide button to hide the panel; click 

 Show Navigator to restore it to view. Note that the 
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show and hide buttons also affect the visibility of the 
Signal Monitors when they are docked.

What is a Signal Path?
In Sequence Mode, a Signal Path is a combination of 
input and output format and connector settings, refer-
ence levels and accessories settings, and a collection 
of measurements, measurement settings and mea-
surement results. You can add any number of signal 
paths to a project. Multiple signal paths are useful to 
define tests using different paths through a DUT, for 
example, or different reference levels or measure-
ment settings through the same DUT path. Signal 
Paths can be renamed to match your testing require-
ments.

A new project opens with one signal path. You can 
add, move, rename and delete signal paths from the 
Navigator panel. Multiple signal paths in a project are 
useful for:

•testing DUTs that have more than one signal path; 
for example, analog in / digital in, or 5.1 channels 
out / stereo out;

•testing the same signal path on a DUT with a dif-
ferent configuration; for example, all levels at 
0 dBV versus all levels at –20 dBV;

•cycling through different switcher settings.

A sequence can run through some or all of the signal 
paths within a project. Use the sequence step check-
boxes in the Navigator to add or remove measure-
ments in different signal paths, just as you would add 
or remove measurements within one signal path.

Remember to change physical connectors
as needed when you change signal paths. If
a connection change is required in an auto-
mated sequence, you should insert a user
prompt in the sequence to remind the oper-
ator and to provide time to change the con-
nectors.

Measurements (Sequence Mode only)
In Sequence Mode, APx500 provides many different 
testing tools called measurements, such as Signal-to-
Noise Ratio or THD+N. Chapter 25, Making Measure-
ments, covers general topics regarding making 
Sequence Mode measurements. Each Sequence 
Mode measurement is discussed in detail in Chapters 
26 through 90.

You can add any number of measurements to a Sig-
nal Path, including more than one instance of the 
same measurement. You can remove measurements 
from a Signal Path, and you can rename each mea-
surement to match your testing requirements.

In a new Sequence Mode Project, there are six key 
measurements initially available:

•Level and Gain (see Chapter 60)

•THD+N (see Chapter 88)

•Frequency Response (see Chapter 50)

•Signal to Noise Ratio (see Chapter 83)

•Crosstalk (see Chapter 40)

•Interchannel Phase (see Chapter 57)

Note: some measurements are unavailable
in certain configurations, and are marked
with a  symbol in the Navigator.

Result branches in the Navigator
Each measurement has one or more primary results 
and optional derived results associated with it. The ini-
tial results provide data for Input 1. Additional results 
can be added for Input 2 when multiple input types 
are configured. If multiple inputs are configured when 
a measurement is added, results for both inputs are 
added with the measurement. No result data is shown 
for the result of an unconfigured input. Results are 
represented in the Navigator tree as branch nodes 
and are also shown as thumbnails in the Selector. See 
Chapters 104 and 105 for more information about 
results.

Reports (Sequence Mode only)

A report is the primary output document of a 
Sequence, and is accessible from the Post-Sequence 
Steps branch. Reports list the setup, measurements 
and results or a sequence. A report is created when a 
Sequence is run, or when a measurement is made 
using the Run Selected Measurement command from 
the Navigator context menu or the Project menu.
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You can create a report showing the results in the cur-
rent view; you can run a measurement and create a 
report showing results of all the selected views; or you 
can run a sequence and create a report showing the 
results of all the selected measurements. You can 
view, edit and format a report, and then export or print 
it.

Double-click on the Report node in the Navigator to 
view a report, or right-click on the node and select an 
option to clear report data or to edit the report’s prop-
erties. Using APx500’s Microsoft Word report feature, 
you can also create custom reports and report layouts.

See Chapter 92 for more information about reports.

Data Output (Sequence Mode only)
The Data Output feature can save certain sequence 
results to a CSV file as tabular data. Each time the 
sequence is run, the target file is opened, and the new 
data is appended to the table. To set a CSV filename 
and location, right-click on the Data Output node in 
the Post-Sequence Steps branch of the Navigator and 
select Properties, or select Project > Edit Data Output 
Properties....

The measurement Settings panels 
(Sequence Mode only)

A typical measurement Settings panel

In a Sequence Mode measurement, the measure-
ment Settings panel runs down the middle of the 
APx500 workspace. The contents of the panel vary 
with the measurement or configuration view selected. 
In general, there are generator settings at the top of 
the panel (when supported) and analyzer settings (if 
settings are available) below that.

Start On/Off Button
Most measurements have a Start or Generator On/Off 
button, usually at the top of the panel.

Generator settings
Depending upon the measurement selected, the Mea-
surement Settings panel may contain generator wave-
form source, level, frequency and channel settings. 
Sweep measurements may include start and stop fre-
quencies or levels, step size, points, logarithmic or lin-
ear settings and more. See Chapter 6 for more 
information about the APx Generator.

Analyzer settings
Depending upon the measurement selected, the mea-
surement Settings panel may contain acquisition and 
analysis settings including filters, measured or refer-
ence channel settings, append settings, regulation 
controls, FFT settings, reading rate settings and more. 

Advanced settings
An Advanced Settings button opens a dialog that 
allows you to view and set other generator and ana-
lyzer settings for the measurement.

Results and the Graph panel
Measurement results are represented as thumbnail 
views in the measurement’s Selector filmstrip display 
(see page 51) and as branches in the Navigator tree 
display (page 47).

When a result is selected, the meter bar graph or XY 
line graph is shown in the main Graph panel (below). 
The Graph panel can be undocked and repositioned 
and resized as an independent window. The Selector 
thumbnails can also be undocked, and become full-
featured graph windows.

Typical Bar Graph Result

The Result Settings bar
Some measurements present a Result Settings bar 
between the results Graph panel and the Selector. Dif-
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ferent results may offer different controls in the Result 
Settings bar.

For example, Frequency Response: Relative Level 
shows the Ref Frequency control, the necessary refer-
ence for the relative result view.

Frequency Response: Deviation shows the Min and 
Max frequency controls.

Adjusting a results setting changes the results view, 
but this is non-destructive; the original measurement 
acquisition data are retained.

See Chapter 25 for more information about making 
measurements. 

Working with the Navigator
Moving around in the Navigator
To expand a branch (or node) of the Navigator tree, 
click on a plus-sign expansion box . To contract an 
expanded branch, click on a minus-sign contraction 
box .

Or, right click on a Navigator node and select Expand 
All or Collapse.

Selecting a measurement
To select a measurement, click the measurement 
branch. The primary result for that measurement will 
open in the APx500 main Result panel.

Selecting a result
Many measurements have more than one result, rep-
resented as sub-branches beneath the Measure-
ment. Click on the sub-branch and the result will open 
in the APx500 graph panel.

Adding Navigator elements
Add a Signal Path

To add a Signal Path, click on the Add Signal Path but-
ton  at the top of the Navigator or the Add Signal 
Path branch  at the bottom of the Project tree. You 
can also right-click on the Project branch and choose 
Add Signal Path from the context menu.

Add a measurement using a context menu
To add a measurement to a selected Signal Path, 
right-click in the Navigator area and then choose a 
measurement from one of the fly-out menus: Add 
Measurement, Insert Measurement Before Selection, 
or Insert Measurement After Selection.

Add a measurement from the Main menu
You can add a measurement from the Main menu. 
Choose Project and then choose a measurement from 
one of the fly-out menus: Add Measurement, Insert 
Measurement Before Selection, or Insert Measure-
ment After Selection.

The Add Measurement dialog
You can open the Add Measurement dialog by clicking 
the Add Measurement button  at the top of the Nav-
igator or the Add Measurement branch  at the bot-
tom of the Signal Path tree.

The tabs at the top of the dialog allow you to filter the 
list. Select one or more measurements and click Add 
and Close, or choose one of the items on the Add fly-
out menu to insert the measurement(s) at a particu-
lar place in the signal path.

Typical Add Measurement dialog

Add a result
To add a result to a measurement, right-click on a 
result and choose Add Primary Result or Add Derived 
Result.

Copying and pasting Navigator elements
To copy a Signal Path or a Measurement, right-click on 
the branch you wish to copy and choose Copy from the 
context menu. To paste a Signal Path or a Measure-
ment, right-click in the Signal Path you wish to copy 
into and choose Paste from the context menu.

Only one Signal Path Setup branch can
exist within each Signal Path. Signal Path
Setup cannot be copied, pasted or deleted.

Moving Navigator elements
You can change the order of Navigator elements by 
moving the branches within the tree. This can provide 
a more orderly project, but more importantly it also 
changes the order of operations within an automated 
sequence.

To move a Signal Path, select the branch you wish to 
move and drag it up or down to a new location in the 
Project.

To move a Measurement, select the branch you wish 
to move and drag it up or down to a new location 
within the Signal Path. Measurements cannot be 
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dragged to a different Signal Path. Instead, use the 
Copy, Paste and Delete functions.

The Signal Path Setup branch and Refer-
ence Levels branch are always at the top of
each Signal Path tree. Signal Path Setup
and Reference Levels cannot be moved.

Renaming Navigator elements
To rename a Signal Path or a Measurement, click 
twice on the branch you wish to rename, or right-click 
on the branch and choose Rename from the context 
menu. The branch name will become available for key-
board editing (indicated by highlighting and a cursor 
bar).

Deleting Navigator elements
To delete a Signal Path, select the Signal Path branch 
you wish to remove and click on the Delete Selected 
Item button  at the top of the Navigator. You can 
also right-click on the Signal Path branch you wish to 
remove and choose Delete Signal Path from the con-
text menu.

To delete a Measurement, select the Measurement 
branch you wish to remove and click on the Delete 
Selected Item button  at the top of the Navigator. 
You can also right-click on the Measurement branch 
you wish to remove and choose Delete Measurement 
from the context menu.

There must be one Signal Path Setup
branch in each Signal Path. The Signal Path
Setup branch cannot be deleted.

Running a measurement
To run a Measurement, right-click on the branch you 
wish to run and choose Run Selected Measurement 
from the context menu. This action runs the only the 
selected measurement and produces a Report for that 
measurement’s results.

Working with the Sequencer 
(Sequence Mode only)

The Sequencer is an easy-to-use automation feature 
accessed through the Navigator. Using the mouse, set 
a green check mark in the measurements you would 
like to run in a sequence. Click the Run Sequence but-
ton, and all checked measurements will be performed 
against limits (if set), and a report will be generated. 
Prompts, delays and external routines can be added to 
the sequence. Pass/Fail results are shown in the Navi-
gator and in the Report.

See Chapter 91 for more information about using the 
Sequencer to automate your measurements.

Running a Sequence
You can select measurements in the Navigator to run 
in an automated sequence using the APx500 
Sequencer, a flexible, powerful and easy-to-use auto-
mation tool.



Chapter 3: Introduction to the APx500 Software

52 APx500 User’s Manual

The Bench Mode Workspace

Bench Mode is an alternative user interface intro-
duced in 2014. Unlike Sequence Mode, Bench Mode 
does not offer defined measurements, or multiple sig-
nals paths or sequences. Instead, Bench Mode pro-
vides a set of tools that can be assembled and used 
in many different ways. AP2700 and APWIN users will 
recognize similarities between the Bench Mode para-
digm and earlier Audio Precision control software. 

The Bench Mode Workspace consists of three col-
umns. The column to the left contains a collection of 
Signal Path Setup panels, very similar to the Signal 
Path Setup panels in Sequence Mode. The central col-
umn contains Generator and Analyzer settings. The 
right panel provides a selection of Tools displays, with 
a choice of meter, graph, sweep and other analysis 
tools.

Bench Mode measurement tools include a number of 
bar graph/numeric meters that can each be set to one 
of over 12 signal parameters, real time monitors, and 
an extremely flexible set of sweep engines for stepped 
sweep, FFT, time recorder, continuous sweep and 
acoustic response sweeps. X and Y axes can be set to 
a broad range of parameters, and nested sweeps are 
supported.

Bench Mode shares a number of features with 
Sequence Mode, including the Menu Bar, the Toolbar 

across the top of the workspace, and the Status Bar 
across the bottom.

The Signal Path Setup menus are essentially the same 
as in Sequence Mode, and the Scope and FFT Spec-
trum Monitors are identical. A toolbar in the Monitors/
Meters tabbed view provides access to the same tools 
that are available in Sequence Mode.

The Signal Path Setup menus
The left panel is Signal Path Setup, and the menu at 
the top of the panel provides configuration settings for 
the Bench Mode signal path. Depending upon the con-
nected APx instrument hardware, these menus may 
include

•Input/Output

•References

•Output Switchers

•Input Switchers

•DCX

•Clocks

•Triggers

The Signal Path Setup menus are also avail-
able in Sequence Mode.

Signal Path Setup is discussed in detail in Chapter 7.
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The Generator and Analyzer
The Generator and Analyzer in Bench Mode are inde-
pendent of each other, and to some extent indepen-
dent of the Bench Mode measurements. The 
Generator, for example, can be turned On or Off, or 
have settings made or changed at any time. A mea-
surement sweep can take control of the generator for 
the sweep duration, and then returns the generator to 
its previous state. Read more about the Bench Mode 
Generator in Chapter 93.

The Bench Mode Analyzer provides a number of analy-
sis tools that you can customize for your test. These 
include settling, filtering and IMD analysis settings. 
Read more about the Bench Mode Analyzer in Chap-
ter 93.

The Bench Mode Measurements
Bench Mode provides tabbed measurement panels, 
each displaying different measurement tools, includ-
ing Monitors and Meters, a stepped Sweep, an FFT 
Scope and Spectrum analyzer, a time Recorder, and 
Continuous Sweep and Acoustic Response suites. 
Chapter 93, Bench Mode Overview, covers general 
topics regarding making Bench Mode measurements. 
Each Bench Mode measurement tool is discussed in 
detail in Chapters 94 through 99.

Common Features to Both 
Sequence Mode and Bench Mode
Features and tools common to both Sequence Mode 
and Bench Mode are discussed in the next section, 
including many Menus and Menu items, Project Prop-
erties, the Monitors and the Monitors/Meters tool bar, 
the Status Bar, the Selector, and the Audible Signal 
Monitor. 

Sweep features like importing sweep tables or nest-
ing sweeps are the same, and graph features such as 
cursors or limits operate in the same way. 

The Monitors/Meters

APx500 has a number of Monitors and Meters 
(depending upon hardware and software options) to 
provide continuous detailed information about the sig-
nals at the analyzer’s inputs, and to monitor and set 
other features, all without changing the primary mea-
surement view. Read more about the Monitors and 
Meters in Chapter 5.

In Sequence Mode, these are normally docked just 
below the Navigator, but each signal monitor can be 
undocked and moved around the screen.

In Bench Mode, the Scope and FFT Spectrum Moni-
tors are at the top of the Monitors/Meters panel, and 
the other Monitors are available from the Monitors/
Meters toolbar.

When turned ON, the signal monitors operate continu-
ously. The displays are refreshed many times per sec-
ond, creating near real-time signal monitors.

The signal monitors can be turned OFF, which 
improves computer performance by reducing the CPU 
usage.

Use the Monitors/Meters toolbar to select the moni-
tor view. 

Choose

•  Scope Monitor

•  Meters Monitor

•  FFT Spectrum (disabled for APx515 unless 
software option SW-AML is installed.)

•  Aux Control
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•  Metadata Monitor: Status Bits/User Bits

•  Metadata Monitor: HDMI
(available for instruments fitted with HDMI I/O)

•  Bluetooth Monitor
(available for instruments fitted with 
Bluetooth I/O)

•  Metadata: Status Bits/User Bits (for instru-
ments with a digital interface only).

•  Metadata: HDMI (for instruments fitted with 
the HDMI Option).

•  PDM Control Codes Monitor (for instruments 
fitted with the PDM or PDM 16 Option.

•  Digital Serial Reference Clock (for instru-
ments fitted with the Digital Serial I/O Option.

•  Analog Sine Generator (for the APx555)

The Menu bar

The Menu bar extends across the top of the work-
space and provide access to the following menus.

The File menu
New Project (Sequence and Bench Modes)

Opens a new project file. New projects always use a 
template, either the Standard APx500 Project or 
another template of your choice. Available templates 
are shown in the New Project dialog.

Open Project (Sequence Mode)
Opens an existing project file from disk. You will be 
prompted to save the current project.

Lock Project (Sequence Mode)
Allows you to set a password to lock the current proj-
ect; also provides the capability to save a project as a 
Production Test (page 668.)

This function is useful to prevent accidental project 
changes by a production operator. When locked, all 
user control of signal path, measurement and 
sequence settings is disabled. A sequence can still be 
run, and display and navigation features are avail-
able. See Lock/Unlock Project on page 64 for more 
information.

Unlock Project (Sequence Mode)
Allows you to unlock a project by entering the correct 
password.

Save Project (Sequence and Bench Modes)
Saves the current project file. If this is the first time 
the project is being saved, you will be prompted for a 
project filename.

Save Project as (Sequence and Bench Modes)
Saves the current project under a new filename.

Save Project as Template (Sequence and Bench 
Modes)
You can make a new project template by saving your 
current project as a template file. In the dialog, name 
your template file and write an optional description.

You can create project template files to help
manage and streamline your measurement
work. A project template file contains all
project definitions and settings.

Manage Project Templates (Sequence and 
Bench Modes)
This opens a dialog in which you can rename or delete 
a project template. You can also make a template the 
default project.

You can add, rename or delete project groups from the 
Edit Groups dialog. You can move a project template 
from one group to another using the Move to Group 
dialog.

Templates are saved under My Documents > APx500 
Templates, where the subfolders are managed as 
Template Groups. Choose or create a Templates Group 
from the Group Name field.

Manage Attached Project Items (Sequence and 
Bench Modes)
Image files, generator waveform files, Microsoft Word 
report layouts, multitone signal definition files and 
other data can be attached to an APx500 project for 
use in a measurement or a user prompt. This menu 
item opens the Manage Attached Project Items dia-
log, page 59.

Import Graph Data (Sequence and Bench 
Modes)
Imports graph data from a file on disk to be displayed 
in the current graph.

Export Graph Data (Sequence and Bench 
Modes)
Exports the graph result data as an Excel spread-
sheet (*.xlsx), a comma separated value text file 
(*.csv) or a Matlab file (*.mat).

Operating Mode (Sequence and Bench Modes)
Choose Sequence Mode or Bench Mode.

Recent Projects (Sequence and Bench Modes)
Displays a list of recently opened project. Select a proj-
ect to open.

Exit (Sequence and Bench Modes)
Closes the application.
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The View menu
Scope Monitor (Sequence Mode)

Switches the Monitor to the Scope view.

FFT Spectrum Monitor (Sequence Mode)
Switches the Monitor to the FFT Spectrum view.

Meters Monitor (Sequence Mode)
Switches the Monitor to the Meters view.

Aux Control (Sequence and Bench Modes)
Opens the Aux Control Monitor view.

Metadata Monitor: Status Bits/User Bits 
(Sequence and Bench Modes)
Switches the Monitor to the Status Bits/User Bits view. 
This selection is not available if the instrument not fit-
ted with DIO or HDMI+ARC.

HDMI: Metadata and CEC (Sequence and Bench 
Modes)
Switches the Monitor to the HDMI metadata/CEC view. 
This choice is only available when the instrument is fit-
ted with the HDMI or HDMI+ARC option.

Bluetooth Monitor (Sequence and Bench Modes)
Switches the Monitor to the Bluetooth view, if the 
Bluetooth option module is installed.

PDM Control Codes/Vdd
Switches the Monitor to the PDM Control Codes/Vdd 
view. This choice is only available when the instru-
ment is fitted with the PDM or PDM 16 option.

Serial Reference Clock (Sequence and Bench 
Modes)
Switches the Monitor to the Digital Serial Reference 
clock view. This choice is only available when the 
instrument is fitted with Digital Serial I/O, and Input 
Configuration is not DSIO.

Analog Sine Generator (Sequence and Bench 
Modes)
Switches the Monitor to the Analog Sine Generator 
View (APx555 only). This allows secondary analog sine 
output while primary generator output is digital.

Hide/Show Navigator (Sequence Mode)
Toggles the Navigator visibility.

Hide/Show Selector (Sequence Mode)
Toggles the Selector visibility.

Turn Monitors On/Off (Sequence and Bench 
Modes)
Toggles the Signal Monitors On or Off. When Signal 
Monitors are Off the measurement PC will show bet-
ter performance.

Audible Signal Monitor (Sequence and Bench 
Modes)
Allows you to turn the Audible Signal Monitor On or 
Off, or to adjust settings.

The Measurements menu
Turn Generator On F9 / Turn Generator Off F12 

(Sequence and Bench Modes)
If the current measurement is a meter measurement, 
Turn Generator On F9 and Turn Generator Off F12 
appear on the Measurements menu. Click these, or 
press the associated keys (F9 or F12) to turn the Gen-
erator On or Off in the current measurement

Active Measurements List (Sequence and Bench 
Modes)
Displays a list of Active Measurements in the current 
Signal Path.

The Project menu
Add Signal Path (Sequence Mode)

Adds a signal path to the project

Add Measurement (Sequence Mode)
Choose a measurement to add from one of the fly-out 
menus: Add Measurement, Insert Measurement 
Before Selection, or Insert Measurement After Selec-
tion.

Add Primary Result (Sequence Mode)
Adds a primary result to the selected measurement.

Add Derived Result (Sequence Mode)
Adds a Derived Result to the selected result. This is 
only available when a result is selected in the Naviga-
tor.

Add From File (Sequence Mode)
Chose X, Y or Bar from a submenu to add a user-
defined results.

Delete (Sequence Mode)
Delete items selected on submenu.

Run Sequence (Sequence Mode)
Runs entire sequence defined in the Navigator.

Run Selected Signal Path (Sequence Mode)
Runs a sequence for the selected Signal Path only.

Run Selected Measurement (Sequence Mode)
Runs the selected measurement only.

Run Sequence from Selected Measurement 
(Sequence Mode)
Runs a sequence beginning at the selected measure-
ment.

Edit Report Properties (Sequence Mode)
Opens the Edit Report Properties dialog.

Edit Data Output Properties (Sequence Mode)
Opens the Edit Data Output Properties dialog.

Sequencer Properties (Sequence Mode)
Displays the Sequencer Properties dialog.

Project Properties (Sequence and Bench Modes)
Displays the Project Properties dialog.



Chapter 3: Introduction to the APx500 Software

56 APx500 User’s Manual

The Window menu
The Window menu is not available in Bench
Mode.

The Window menu is available from the main Menu 
bar. Measurements that have been visited are listed in 
the Window menu, with a check mark indicating the 
active measurement. Up to ten measurement are 
listed in the menu; if there are more than ten mea-
surements in the Project, the ten that have been most 
recently active are listed here. Click the Windows... 
button to open the Windows dialog and view all the 
measurements.

The Windows dialog (Sequence Mode)
Open the Windows dialog by selecting Windows... from 
the bottom of the Window menu. All measurements in 
the Project are shown in the Windows dialog. The 
active measurement is highlighted in the dialog. To 
activate a different measurement, select the measure-
ment and click Activate.

The Help menu
Help on this topic F1 (Sequence and Bench 

Modes)
Displays context-sensitive Help for the current mea-
surement. Equivalent to pressing function key F1.

Contents (Sequence and Bench Modes)
Displays the Help Contents view.

Index (Sequence and Bench Modes)
Displays the Help Index view.

About (Sequence and Bench Modes)
Provides detailed information about APx500 and the 
current instrument hardware and firmware.

The Toolbar

The Toolbar provides a convenient access to often-
used commands.

•  New Project / New Project from Template

•  Open Project

•  Save Project

•  Project Properties

•  Scope Monitor

•  FFT Spectrum Monitor

•  Meters Monitor

•  Aux Control

•  Metadata Monitor: Status Bits/User Bits

•  Metadata Monitor: HDMI
(available for instruments fitted with HDMI I/O)

•  Bluetooth Monitor
(available for instruments fitted with 
Bluetooth I/O)

•  PDM Control Codes/Vdd controls
(available for instruments fitted with PDM or PDM 
16)

•  Serial Reference Clock
(available for instruments fitted with DSIO)

•  Analog Sine Generator
(available on the APx555)

•  Configure the Audible Sig-
nal Monitor

•  Audible Signal Monitor On/Off

Status bar

The Status Bar (at the bottom of the APx500 window) 
displays the current output and input connections, 
impedance, formats and sample rate, as appropriate. 

When an Input Configuration is set to a digital input 
and no signal is present, or if the signal is corrupted or 
out of range, the sample rate indicator in the Status 
Bar will display an unlocked warning

For inputs that have not been configured, the status 
bar displays None in the Input field..

When the Input Configuration is set to an analog 
input, the input range is displayed. If channels are set 
to different ranges, place the cursor over the range 
field and the tool tip will display the ranges set for the 
various channels.

If you are using the APx517 or the APx1701 Trans-
ducer Test Interface, clipping, power and thermal over-
load warnings are displayed in the Status Bar.
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The Selector

The Selector runs across the bottom of each measure-
ment view panel, providing a visual means to browse 
and choose measurement views from thumbnail 
icons.

Selecting a result
To select a result, click on the result thumbnail.

In addition, you can select an existing derived result by 
first selecting the source result and then choosing Go 
to Derived from the right-click context menu.

You can also select a source result by first selecting 
the derived result and then choosing Go to Source 
from right-click context menu. 

Moving a result
In the Selector, grab a result thumbnail with the 
mouse cursor and drag it to a new position in the 
Selector. The result positions in the Selector deter-
mines the relative result locations in a report.

Adding or deleting a result 
Select a result and click Add or Delete in the Selector 
toolbar.

In addition, you can add a derived result by right-click-
ing on the result thumbnail and choosing Add Derived 
Result. You can delete a result by right-clicking on the 
result thumbnail and choosing Delete.

Viewing result details
To view result details, select the result and click 
Details in the Selector toolbar.

Derived Results
A derived result is an additional result, computed from 
data in one or more existing results. Examples include 
smoothing, calculating means, comparisons of data, 
etc. Read more about Derived Results in Chapter 105.

The Data Sets panel
A Data Set is created whenever a batch measurement 
is run. Real-time measurements do not produce a 
Data Set. A Data Set is the set of results measured 
from an acquisition, or imported from a data file.

Data Sets are managed in the Data Sets panel, 
located below the Selector in the APx workspace. 

See Managing Data Sets on page 766.

Measurement Result Displays

Meter bar single value result Tabular result view

XY graph result “Logic analyzer” result
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APx500 has many measurement result views using 
different methods and display techniques. Read more 
about Results in Chapter 104.

Meter Bar Displays
Meter bar displays are used for those measurements 
that measure only one parameter per channel, provid-
ing a clear view of this parameter across many chan-
nels. APx500 also uses a meter bar display for 
distortion product measurements, where several 
parameters are displayed but the view is limited to 
one channel.

XY Graphs
APx500 graphs display two parameters of a signal 
measurement on an XY grid. In a frequency domain 
display, these parameters are typically level versus fre-
quency, with level on the Y axis (vertical, left), and fre-
quency on the X axis (horizontal, bottom). In a time 
domain display, these parameters are typically level 
versus time, with level on the Y axis and time on the X 
axis. Other relationships can be graphed: phase angle 
versus frequency, DUT output level versus generator 
level (linearity) and so on.

A second Y axis can be added to show three parame-
ters simultaneously.

“Logic analyzer” result
The Metadata Recorder logs metadata status changes 
against time, shown in a logic analyzer type result.

Tabular Displays
Meter and graph measurement values are available 
as tabular displays in the meter or graph Data Grid.

Undocking Views
One or more measurement views can be undocked to 
compare readings. Click the Undock button on a view, 
and then select another view to Undock. Undocked 
views, shown here, can be independently moved and 
resized, revealing all graph settings for independent 
adjustment.
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4

The APx Project

The APx Project
An APx500 project is the set of configurations and 
instructions for a test and measurement session, with 
necessary waveform files, data files and images. 

A project can be as simple as one brief measurement 
in the default configuration, or as complex as a series 
of different signal path configurations encompassing 
hundreds of measurements directed by an auto-
mated sequence and documented in a custom report.

Both Sequence Mode and Bench Mode tests are con-
tained within a project.

The Project File
APx500 projects are stored in a project file with the 
filename extension *.approjx. A co-worker with 
APx500 and a compatible Audio Precision APx500 
series analyzer can open a project file, make the same 
connections to a DUT and perform the same set of 
tests.

Project files created in earlier versions of APx500 are 
opened and converted to the current format.

A project file has one or more signal paths (for 
Sequence Mode), and contains all the project mea-
surement information, including signal path setup, all 
settings for each measurement and graph along, with 
limit information and sequence instructions. Genera-
tor waveforms, user prompt images and report layout 
files are also saved in the project file.

The following data are NOT saved in an APx project 
file:

•Audio acquisition data.

•External programs called by a sequence step.

Project Templates
A project template file contains all project definitions 
and settings. You can create project template files to 
help manage and streamline your measurement work.

Saving a Project Template File
You can make a new project template by saving your 
current project as a template file. Choose File > Menu 
> Save Project As Template. In the dialog, name your 
template file and write an optional description.

Templates are saved under My Documents > APx500 
Templates, where the subfolders are managed as 
Template Groups. Choose or create a Templates Group 
from the Group Name field.

Check the checkbox to Make this the Default Project 
Template.

Opening a New Project / Managing Proj-
ect Templates
Choose File > New Project to open a new project file. 
New projects always use a use a template, either the 
Standard APx500 Project or another template of your 
choice. Available templates are shown in the New Proj-
ect dialog. You can also rename or delete a template, 
or change the default template. You can add, rename 
or delete project groups from the Edit Groups dialog. 
You can move a project template from one group to 
another using the Move to Group dialog.

Manage Attached Project Items 
(Sequence and Bench Modes)
Image files, generator waveform files, Microsoft Word 
report layouts, multitone signal definition files and 
other data can be attached to an APx500 project for 
use in a measurement or a user prompt. Attached 
items that have been removed from current use 
remain attached to the project, increasing the proj-
ect’s memory and disk use.
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The Manage Attached Project Items dialog allows you 
to view all the current attachments, see where they 
are used, and manage their usage.

Also see Chapter 6 for more information about genera-
tor waveforms, Chapter 68 for multitone signal defini-
tion files, Chapter 92 for Microsoft Word report 
layouts, and page 677 for image files.

Manage Attached Project Items: Export
Export allows you to save an attached file to disk, out-
side of the APx project file. Custom report layouts, in 
particular, are created, edited and maintained within 
the project, and must be exported for use by other 
projects.

Manage Attached Project Items: 
Replace
Replace allows you to choose a new file for a particu-
lar project item. The new file replaces the current file 
in all its project uses.

Manage Attached Project Items: Delete
Delete allows you to remove a specific file from the 
project.

Manage Attached Project Items: Delete 
all unused
Delete all unused examines the current usage of all 
the files in the project. The files that are not currently 
being used are removed from the project.

Project Properties dialog
These properties are project-wide (global) settings. 
They affect all measurements and signal paths within 
the project, for both Sequence Mode and Bench 
Mode.

The Project Properties dialog is available by selecting 
the Project Properties icon in the main toolbar, or by 
selecting Project Properties from the Project menu.

There are four tabbed pages in the Project Properties 
dialog:

•Generator

•Graph 

•Colors 

•Variables 

Generator tab

Global Vmax
Global Vmax is a feature that allows you to set maxi-
mum voltage limits for APx analog outputs to protect 
connected devices. When enabled, Vmax is a global 
setting, effective across all measurements in the proj-
ect for both Sequence Mode and Bench Mode.

Setting Vmax
Open the Project Properties dialog by clicking Project 
Properties in the Main toolbar, or by selecting Project 
Properties on the Project menu. Choose the Genera-
tor tab.

Depending upon the analyzer hardware, you will see 
one or more of the following analog output choices:

Note that the Transducer output Vmax set-
tings are available on this dialog whether or
not an APx1701 Transducer Test Interface
is connected and active.

For all analyzers except the APx511 and APx517:

•Analog Unbalanced

•Analog Balanced

•Transducer Interface Level

•Transducer Interface DC Offset (+):

•Transducer Interface DC Offset (–):

For the APx511:

•Speaker 

For the APx517:

•Power Amplifier

•Headphone Amplifier 
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To enable Global Vmax for an analog output configura-
tion, check the box for that selection. When checked, 
each choice provides a field in which you can enter a 
maximum generator output value, in Vrms, dBV or 
dBu.

To disable Global Vmax for an analog output configu-
ration, uncheck the checkbox for that selection.

If there are no output levels in the project that will 
exceed Vmax, when OK is pressed the dialog closes 
with no action taken.

If one or more output levels in the project exceeds 
Vmax, when OK is pressed the Apply Vmax (see below) 
dialog opens.

Apply Vmax

When Vmax is applied to a project, you can view the 
project settings that request voltage levels that will 
exceed Vmax (if any).

This list can be copied as text to the Windows clip-
board by pressing the Copy to Clipboard button.

Options
There are two options to apply Vmax to a project:

•Reduce the listed settings to Vmax. This will 
change the project.
In this case, Vmax will search through the project 
and change output level values to Vmax. Save 
serve your previous settings. See Vmax and 
Stepped Level Sweeps, below, to read how Vmax 
treats sweep tables.

•Do not change the listed settings. A run time error 
will occur when a voltage exceeds Vmax.
In this case, none of the settings in the project are 
changed. Instead, Vmax will issue an error at run 
time. At that time, you must change the output set-
ting or sweep table to continue.

Vmax and Stepped Level Sweeps
When Vmax is set to the first option “Reduce the listed 
settings to Vmax,” it will examine the levels requested 
in generator level settings throughout the project. 
Vmax will also examine the levels requested at each 

step of a stepped level sweep. These actions are 
taken with stepped level sweep steps:

•For a linear sweep table, the highest step is 
reduced to Vmax, and the rest of the steps are dis-
tributed from the lowest value to Vmax, linearly. 
The number of steps in the new table is the same 
as in the original table.

•For a log sweep table, the highest step is reduced 
to Vmax, and the rest of the steps are distributed 
from the lowest value to Vmax, logarithmically. The 
number of steps in the new table is the same as in 
the original table.

•Vmax will not edit a custom sweep table. Instead, 
a run time error will be issued and you must edit 
the custom sweep table to continue.

Hardware Voltage maximums
Note that APx analyzer models have different maxi-
mum voltage output characteristics, and that genera-
tor level or Global Vmax cannot be set higher than the 
hardware maximum voltage specification.

APx hardware maximum voltage output levels

When a project has been saved and then re-opened 
with hardware that has a lower maximum output volt-
age, a project conversion warning is issued, and the 
project level settings are changed as necessary.

APx517 Fault Handling
The APx517 has features designed to protect the ana-
lyzer and connected DUTs against faults on both input 
and output connections. 

For inputs, if the voltage applied is not within speci-
fied limits, the input is isolated from the DUT and the 
status bar shows the input as unlocked. When the 
voltage is returned to normal levels, the input can be 
re-enabled in the software.

Outputs are protected from the following current limit, 
voltage limit, and temperature limit faults. 

Vrms 
max

dBV max dBu max
Vpp 
max

APx555, 582, 
525/6 w/AG52 bal 26.66 28.517 30.736 75.4
as above, unbal 13.33 22.497 24.715 37.7
APx525/6 bal 21.21 26.531 28.749 60
as above, unbal 10.61 20.514 22.733 30
APx585/6 bal 14.4 23.167 25.386 40.72
as above, unbal 7.2 17.147 19.365 20.36
APx515 bal 16 24.082 26.301 45.2
as above, unbal 8 18.062 20.280 22.6
APx517, Power Amp 17 24.609 26.827 48.1
APx517, 
Headphone Amp

9 19.085 21.303 25.45

APx511, speaker 5.7 15.117 17.336 16.1
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•Current limit faults are triggered when the power 
amplifier, headphone left, or headphone right cur-
rent is exceeds specified current limits. 

•Voltage limit faults are triggered when the power 
amplifier or headphone amplifier voltage exceeds 
specified limits. 

•Temperature faults are triggered when the cooling 
fans are unable to keep the power amplifier or 
headphone amplifier temperature within the sys-
tem limits. 

When a fault occurs, the output is isolated, the gener-
ator is disconnected from the amplifier and the status 
bar will show an error. If a fault causes a running 
sequence to terminate early, an entry will be made in 
the report summary to indicate the sequence could 
not complete.

Transducer Interface Fault Handling
The power amplifier within the APx1701 Transducer 
Test Interface has features designed to protect the 
APx1701 and connected DUTs from damage. The 
options set here determine how a current limit fault 
detected in the APx1701 is to be handled. The choices 
are:

•Abort Sequence or Measurement on Current Limit 
Fault (the default)

•Continue Sequence or Measurement on Current 
Limit Fault

Graph tab

Save graph data in project file
By default, this checkbox is checked, and the graph 
data for all results in the project is saved in the proj-
ect file. 

Graph data that requires recalculation is not saved. 
For example, when saving Relative Level data, only the 
data in memory when saving (Normalized or Cen-
tered) will be saved. When a project file that contains 
result graph data is opened, all graph data that do not 
require recalculation are displayed in their various 
measurement results.

Show measurement timestamp on results
Measurement data received into the project, whether 
as Measured data or Imported data, is stamped with 
the time and date it entered the project. When this 
checkbox is checked the measurement timestamp is 
displayed on the graph panel and in the report.

Colors tab

These properties are project-wide (global) settings, but 
can be overridden locally for any result. For local bar 
graph (meter) color overrides, see page 757. For local 
XY graph color and line style overrides, see page 765.

Colors for bar graph (meter) displays and colors, line 
style and line width for XY graph traces can be cus-
tomized from a wide palette, and automatic cycling of 
colors and styles can be specified for appended and 
imported measurements. 

Graph Colors and Styles
Rows

Each row in this grid applies to an input channel, to a 
maximum of 16 channels.

Columns
Each column in this grid shows color, line style and 
line width for one Color Cycle. Color Cycle columns can 
be added to the grid, to a maximum of 16.

Color Cycle behavior
For measurements that support Append Graph Data 
and Import Graph Data, each Color Cycle column 
applies to a Data Set. Within a measurement result, 
these Color Cycles are applied to Data Sets in the 
order the Data Sets are added to the result. If the last 
defined Color Cycle has been applied, the next Data 
Set added will have Cycle 1 applied, and further Data 
Set additions will progress through the Cycle columns.

These features allow you to specify colors and styles 
that can show channels and appended data in a clear 
and understandable display.

Grid Toolbar
Add Cycle button

Add a Cycle column to the grid.



Chapter 4: The APx Project

APx500 User’s Manual 63

Duplicate Selected Cycle button
Copies the currently selected Cycle column and adds 
it to the grid.

Move Cycle right or left button
Moves a Cycle column. This affects the order of the 
cycles applied to appended and imported data.

Automatically choose new colors button
Changes the color of the selected cells by an arbitrary 
amount. A quick way of adding different colors to the 
Cycle grid.

Set Color button
Allows selection of a custom color for the selected 
cells, using the color picker dialog.

Set Line Style button
Allows selection of one of five line styles for the 
selected cells.

Set Line Width button
Allows selection of one of five line widths for the 
selected cells.

Import button
Opens an import file browser to select and import a 
Trace Style Cycle file (*.tsc). The styles in the file will 
overwrite the styles currently in the grid.

Export button
Opens an export file browser to select and export the 
current Cycle grid contents to a Trace Style Cycle file 
(*.tsc).

Reset to Default button
Resets the highlighted cells to the default colors.

Example
For example, a user might want to display noise vs. 
time for 2 channels, across 4 appended acquisitions. 
The illustrations show a set of Color Cycles that would 
provide a bold, solid line for Channel 1 and a bold, 
dotted line for channel 2. The appended acquisitions 
would cycle through the four colors.

Color Cycles example

The resultant Noise Recorder graph

Variables tab

Overview
APx can use string-based variables to simplify the 
entry of product model, product serial number, opera-
tor name and other information in automated pro-
cesses; and to create paths and filenames.

APx recognizes these APx Variables:

•User Defined Variables
APx Variables created by the user containing arbi-
trary text strings. 

•APx System Variables
A predefined set of APx Variables useful in an 
automated sequence. 

•Environment Variables
APx Variables corresponding to the Windows Envi-
ronment variables defined on the host system. 

•System Folders
APx Variables corresponding to the list of Windows 
System folders. 

The Variables tab provides a dialog to create User 
Defined Variables, and visibility of the APx System 
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Variables, Environment Variables, System Folders, and 
their current values.

Creating a User-defined variable
On the Variables tab, click the Add Variable button in 
the User Defined Variables pane. A Create Variable 
dialog will open. Enter a name for the new variable in 
the Variable Name field and select OK.

In the User Defined Variables grid, enter a value for 
the new variable. The value may be any text string.

Edit Text and Use Variables dialog

Lock/Unlock Project
You can Lock an APx project to prevent unauthorized 
changes. Use a password to lock a project; the pass-
word is required to unlock the project.

A locked project can be used to make measurements 
or run a sequence without unlocking, but changes to 
the project settings and configuration are not allowed.

To save a project as a Production Test (page 668), 
check the Production Test checkbox when locking the 
file.

Locking a project
From the Main toolbar, choose the File menu, then 
select Lock Project... Or, click the  Lock Project but-
ton in the Navigator’s Sequence toolbar.

Enter and verify a password. Click Lock and Save to 
save the file under the current name, or click Lock and 
Save as... top save the locked version under a new 
name.

Unlocking a project
Open a locked project file. From the Main toolbar, 
choose the File menu, then select Unlock Project... Or, 
click the  Unlock Project button in the Navigator's 
Sequence toolbar.

Enter the password and click OK.
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5

Monitors/Meters

Introduction
Scope Monitor

The Scope Signal Monitor provides an oscilloscope 
(time domain) view on an XY graph. If multiple input 
types are configured, the monitor provides a view of 
each input.

Settings
The additional settings shown here, and graph display 
options, are available from a right-click context menu 
or from the graph panel when Undocked.

Interpolation
For time-domain displays, the APx500 graphs are nor-
mally plotted using sinc function interpolation. Interpo-
lation adds points to the displayed trace that do not 
exist in the measured data, to make data trends more 
easily visualized. The default in APx is to have Interpo-
lation On. However, digital domain signals are some-
times best understood when viewing actual samples, 
with interpolation switched Off. Also see “Interpola-
tion and limit failure markers” on page 800.

Residual Display
•Off

When Residual Display is Off (the default), a time-
domain view of the full input signal is displayed.

•x1 through x100K
These selections display a time-domain view of the 
THD+N residuals after the fundamental is 
removed, with selectable gain applied. This view 
requires a periodic signal for meaningful results.

Show Cycles
For periodic waveforms, you can choose to display 1 to 
10 cycles of the waveform. 3 cycles is the default.

For non-periodic waveforms, the X-axis is set to 200 
ms. When Graph Properties X-Axis is not set to Auto, 
Show Cycles is not available.

FFT Spectrum Monitor

This monitor view is disabled for APx515
unless software option SW-AML is installed.

The FFT Spectrum Signal Monitor displays a fre-
quency-domain spectrum view on an XY graph. If mul-
tiple input types are configured, the monitor provides 
a view of each input.  It can be accessed from 
Sequence Mode and from the Bench Mode Monitors/
Meters panel. Right-click on the monitor to access 
graph properties. Graph properties can be set individ-
ually for each input type displayed.
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Settings
Graph display options and these additional settings 
are available from a right-click context menu, or from 
the graph panel when Undocked.

•Show Residual
Adds distortion residual FFT display for each chan-
nel.

•Averages
For non-periodic waveforms such as noise, averag-
ing multiple acquisitions can provide a more use-
ful view. The FFT monitor will display the average 
of the last n acquisitions. Default is 1 (no averag-
ing); maximum is 1000. Reset clears the averag-
ing history and restarts averaging with the next 
acquisition.

•Window
FFT acquisitions must either be synchronous or 
have one of a number of amplitude windows 
applied to provide useful data for interpretation. 
Each window function brings advantages and dis-
advantages. The default selection, AP-Equiripple, 
is a proprietary Audio Precision FFT window that is 
an excellent choice for most FFT measurements.

•FFT Length
Set the FFT record length here. Options from 
256 K samples to 1.2 M samples are available; 
default is 8 K samples.

Go to page 583 for more information about FFTs and 
FFT windows.

Meters Monitor

Meters
The Meters Signal Monitor displays a grid with Level, 
THD+N and Frequency measurements for each chan-
nel and configured input. The number of channels dis-
played is set in the Input Configuration settings in the 
Signal Path Setup view. When multiple input types are 
configured in the signal path, the configured input and 
connector name are listed above the grid. Use the 
arrow buttons ( ) to cycle through input grids.

Changing Units for the Meters monitor
Right-click on the Meters monitor display to open a 
context menu, where you can select the units for each 
of the meter results.

Aux Control Monitor

Reading Aux Control Out and In bit states
The Aux Control Monitor displays the current state of 
the Aux Control Out and Aux Control In bits. Bit states 
are shown both in a binary display and as the hex 
equivalent.

Setting Aux Control Out bit states
Additionally, Aux Control Out bits can be set from this 
monitor window, either by clicking on the binary dis-
play to toggle the state of a bit, or by entering the hex 
equivalent in the Hex: field.

For more information about Aux Control go to Chapter 
107.

Metadata Monitor: Status Bits/User Bits

This monitor is available only for instru-
ments with Digital Input/Output or HDMI.

The Metadata Monitor: Status Bits displays the chan-
nel status bits embedded as metadata in the digital 
input signal. Status bits are supported in the trans-
port streams for the Digital Balanced, Digital Unbal-
anced, Digital Optical, HDMI ARC Rx and HDMI Sink 
inputs.
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The Digital Serial Input/Output (DSIO) proto-
col does not support embedded metadata.

Consumer status bits
For consumer application status bits, the docked Mon-
itor view displays this set of status bit fields:

•Application

•Copyright

•Emphasis

•Category Code

•Source Number

•Sampling Frequency

•Sample Word Length

Undock the Monitor to display all available consumer 
application status bits fields, in both plain text and in 
hex.

Professional status bits
For professional application status bits, the docked 
Monitor view displays this set of status bit fields:

•Application

•Emphasis

•Sampling Frequency

Undock the Monitor to display all available profes-
sional application status bits fields, in both plain text 
and in hex.

User bits
In the undocked Metadata Monitor views, user bits are 
displayed in hex. User bits are the same for both con-
sumer and professional applications.

Go to page 474 for more information about Status Bits 
and User Bits.

HD Monitor: Metadata tab

This monitor is available only for instru-
ments fitted with the HDMI Option.

This topic discusses reading the Audio InfoFrame data 
on a received HDMI transport stream in the HDMI 
Monitor.

For information about setting the Audio InfoFrame 
data to be embedded in the transmitted HDMI trans-
port stream, see page 167.

For HDMI input signals, the docked Monitor view dis-
plays these Audio InfoFrame fields:

•Coding Type

•Channel Count

•Sampling Frequency

•Sample Size

•Speaker Allocation

•Level Shift Value

•Downmix

Undock the Monitor to display the Audio InfoFrame 
fields in both plain text and hex, plus these additional 
HDMI metadata fields:

•N

•CTS

•A/V Mute

•High Bit Rate

•Audio Layout

•HDCP Decrypting

Go to page 476 for more information about HDMI 
Audio InfoFrame metadata.

HD Monitor: CEC tab

This tab is available if the HDMI+ARC Option (+ CEC 
enabled) is installed. See More about CEC on page 
174.

The CEC tab provides settings and controls to send 
CEC commands via either the sync or source connec-
tors, and to receive replies acknowledging receipt. 

From Connector:
Select the HDMI connector (Source, Sync, ARC Tx or 
ARC Rx) that will send the command and receive the 
acknowledgement.

To Device:
Select the device to be addressed. The menu lists the 
16 defined CEC logical addresses.
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Cmd:
Select the command to send, Ping or Custom. A Ping 
is a specific CEC polling message that any addressed 
device should acknowledge.

When Custom is selected, the Opcode and Operands 
fields are available to add payload information to the 
message.

Opcode:
Enter an arbitrary opcode (operational code) here.

Operands (hex):
Enter arbitrary operands here, in hex.

Send Message:
Click this button to sent the message.

The field to the right will remain grayed out until the 
message is acknowledged (ACK) by the device, then 
will display a passed graphic  . If the message fails, 
a failed graphic  will be displayed.

Note: ARC Tx and ARC Rx can also send cer-
tain ARC-specific CEC commands. See CEC
for ARC on page 173.

Bluetooth Monitor

This monitor is available if the Bluetooth Option is 
installed and active.

The Bluetooth Monitor displays a number of Bluetooth 
status fields and their current values. Additionally, 
Bluetooth actions, settings and utility functions are 
available through a context menu (right-click in the 
Bluetooth Monitor display.)

Bluetooth Status display
Fields shown are dependent upon profile, connected 
device and other variables. Here is an example:

Bluetooth actions, settings and utility functions 
(from monitor context menu)

Right-click on the Bluetooth monitor display to open 
the context menu. Options include

•Connect.

•Disconnect.

•[One or more Actions, depending upon active pro-
file].

•Copy Device Name.

•Copy Bluetooth Address.

•Copy Link Key.

•Open Bluetooth Settings dialog.

AVRCP Command Log
Also see AVRCP in More About Supported Bluetooth 
Profiles, page 191.

The AVRCP Command Log shows commands sent 
from APx as AVRCP Controller, and commands 
received by APx as AVRCP Target. Click on  AVRCP 
Log in the Bluetooth Monitor panel to open the AVRCP 
Command Log panel. You can view and save the 
logged commands (as a CSV file), and clear the his-
tory.

Note that Absolute Volume commands are exchanged 
in the opposite direction: the AVRCP Target profile 
sends Absolute Volume commands, and the AVRCP 
Controller profile receives them.

AT Cmd Log
An AT command is used to control a device. AT com-
mands are a PSTN (Public Switched Telephone Net-
work) legacy, and are widely used for controlling a 
GSM phone.

If APx is configured with a Bluetooth profile that 
includes HFP or HSP profiles, the AT Command Log 
feature will record both transmitted AT commands and 
received responses. Click on   AT Cmd Log in the 
Bluetooth Monitor panel to open the AT Commands 
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panel. You can view and save the logged commands 
(as a CSV file), and clear the history.

PDM Monitor

PDM and PDM 16 Monitor Tabs

See more about PDM on page 213.

This monitor is available if a PDM or PDM 16 Option is 
installed and active. Separate PDM and PDM 16 tabs 
are displayed with available configuration settings for 
each if both modules are installed.

The PDM Monitor enables monitoring and sending 
amplifier control codes embedded in a PDM bit-
stream on a PDM module. The PDM 16 module can-
not be configured as an output and does not support 
code monitoring. 

Send Codes:
•Settings... 

Click this button to open the Send PDM Control 
Codes dialog. See page 70.

Monitor Code: ON/Off
When Monitor Code is ON, APx500 monitors the 
incoming PDM bitstream, looking for a control code 
that matches the criteria set in the next four fields. 
When a matching code appears, a confirmation field 
appears in the reading field here and in the Status 
Bar, displaying the hex value of the desired code. 
Read more about Control Codes on page 214.

•MSB First 
When MSB First is checked, the expected control 

code must be formatted with MSB first. When 
MSB First is not checked, the desired control code 
must be formatted with MSB last.

•Edge 
Select the data edge to monitor.

•Value (hex) 
Enter the expected code value in hex.

•Repetitions 
Enter the expected number of repetitions of the 
control code.

Vdd and Input Bit Clock

The Vdd feature on this panel is only available when 
the instrument is fitted with a PDM or PDM 16 Option 
module, and when neither Output Configuration nor 
Input Configuration is set to PDM.

The Input Bit Clock feature is only available when the 
instrument is fitted with a PDM or PDM 16 Option 
module, and when Input Configuration is not set to 
PDM or PDM 16.

These features enable power and clock to be supplied 
to a DUT such as a MEMS microphone or an inte-
grated circuit, while generating and/or analyzing audio 
in a format other than PDM.

•Vdd:
Set the voltage required for the operating power of 
the DUT here. On the PDM module, the Vdd power 
is available at the Vdd Supply BNC connector, pro-
viding DC current up to 15 mA, with a voltage 
range of +0 VDC to +3.60 VDC. On the PDM 16 
module, the Vdd power is available at the Vdd sup-
ply pin, providing DC current up to 50 mA, with a 
voltage range of +0 VDC to +3.60 VDC.

•ON/OFF
This switch turns the Vdd DC power supply On or 
Off.

•Input Bit Clk
Set the bit clock rate required by the DUT here. Bit 
clock is available on the PDM module at the Input 
Bit Clock BNC connector. The range is 128 kHz to 
24.576 MHz.

•ON/OFF
This switch turns the Input Bit Clock On or Off.

The Input Bit Clock is unavailable in certain
configurations due to limited resources. See
Clock Availability on page 105.
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Send PDM Control Codes dialog

The PDM transmitter can embed amplifier control 
codes in the PDM bitstream. Click the Send Codes: 
Settings button in the PDM Monitor panel to open the 
Send PDM Control Codes dialog.

Also see the Control Codes discussion in More About 
PDM on page 214.

This dialog enables configuration for transmitting PDM 
control codes, and provides a Send button to insert 
the codes into the PDM bit stream in real time.

Code
Choose

•Defined Series to send one code value for a 
defined number of repetitions, or to send a series 
of different code values. Enter the code values 
and the number of repetitions in the grid below. 
Add more rows to the grid to specify other codes.

or

•Single Code Indefinitely to repeat one code value 
indefinitely, until Stop is invoked. Enter the code in 
the Value field.

MSB First
Check MSB First to send the Control Code MSB (Most 
Significant Bit) first. When MSB First is not checked, 
the MSB is sent last, and the LSB first.

Edge
Choose Both, Rising or Falling to select the PDM bit-
stream edge to carry the Control Code data. 

Value (hex)
Enter the control code value as a 2 digit hex number.

Repetitions
For Defined Series, set the number of repetitions 
here.

Send/Stop
Click the Send button to insert the control code(s) into 
the PDM bit stream. If Code is set to Single Code 
Indefinitely when Send is invoked, the Send button 
becomes a Stop button.

Note: PDM Control Codes can be config-
u red  and sent  dur ing  an  automated
sequence. See Sequencer: Add a Send PDM
Control  Codes step on page 654 and
Sequencer: Add a Send PDM Control Code
Indefinitely step on page 655.

Monitor: Digital Serial Reference Clock

If you have a Digital Serial I/O module installed, you 
can output a reference clock signal from the module 
in any configuration where the signal path is not Digi-
tal Serial Input. The rate is arbitrary, unrelated to the 
internal converter rates or other digital I/O rates.

The signal is a 50% duty cycle square wave of 3.3 Vpp 
with a range of 4 kHz to 216 kHz. Accuracy is 
±0.0003% (3 PPM). The output impedance is 50 . 

The clock signal appears on pin 5 of the Digital Serial 
I/O Receiver HD15 jack. Pins 2, 4, 6, 7, 10, 12 and 14 
are grounded. Pins 1, 3, 8, 9, 13, 15 are Off. Bit Clock 
(64x) appears on pin 11.

If you have an Audio Precision CAB-DSIO cable kit, use 
the “FRAME” cable, colored green. This connects to 
pin 5 and to a grounded pin.

11 12 13 14 15

6 7 8 9 10

1 2 3 4 5

Audio Precision HD-15 pin-out chart
for APx Digital Serial Reference Clock

available on the Digital Serial I/O Receiver connector.

Front view, female (panel) connector.

Off  p1
GND  p2

Off  p3
GND  p4

p5  Reference Clock
[Frame]

GND  p6
GND  p7

Off  p8
Off  p9

GND  p10

p11  Bit Clock
p12  GND
p13  Off
p14  GND
p15  Off
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Analog Sine Generator

This feature is  only supported by the
APx555.

The APx555 has two generators, the standard DSP/
DAC generator used across the APx family, and the 
analog High Performance Sine Generator.

When the APx555 analog outputs are not selected (or, 
if using the APx1701, Transducer Interface outputs), it 
is possible to use the High Performance Sine Genera-
tor with EAG as a second generator. In this case you 
could use the DAC generator to feed a digital output, 
while simultaneously using the High Performance Sine 
Generator to feed a different signal to the analog out-
puts.

In both Bench Mode and Sequence Mode, you can 
open a panel to control the Analog Sine Wave Genera-
tor feature from the Menu Bar or the Monitors/Meters 
area.

Choose the desired Output Connector:

Open the Settings dialog to adjust the source imped-
ance, the common mode configuration and the Invert 
settings.

The Audible Signal Monitor
File input signals cannot be monitored
using the Audible Signal Monitor.

You can listen to the signal applied to the APx500 ana-
lyzer inputs by using the Audible Signal Monitor. For 
some signals and measurements, you can choose to 
listen to the input signal’s THD+N residual.

The Audible Signal Monitor uses the attached PC’s 
software and hardware sound components to play the 
audio. You must have a PC sound card or an equiva-
lent device, and you must connect headphones, 
speakers or an audio amplifier to the sound card out-
puts.

Using the Audible Signal Monitor

Click the Audible Signal Monitor Settings button on the 
toolbar, or choose View > Audible Signal Monitor > 
Settings... to open the Audible Signal Monitor Settings 
dialog.

Source
Input
The Input setting selects which configured input to 
monitor. The default is Input1. If no audible signal is 
produced when the monitor is on, check the following:

•The input selected has been configured in Signal 
Path Setup

•The input is not unlocked

•The input selected is supported by the APx ana-
lyzer

Additionally, the Audio Signal Monitor is temporarily 
muted during autoranging, and no audible signal is 
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produced when a selected digital input is receiving 
encoded audio.

Input Signal
When Input Signal is selected, the audio at the sys-
tem inputs chosen in Signal Path Setup is available for 
monitoring, subject to the settings made in the Left 
and Right Mixer panels, below.

THD+N Residual
The THD+N Residual setting is only useful when a 
steady sine signal is present at the system inputs. This 
setting applies a very deep, narrow notch at the stimu-
lus signal frequency, effectively removing the stimu-
lus. The residual consists of distortion products, hum 
and noise.

Gain
The APx500 system can measure a very wide range of 
signal levels. When monitoring the input signals, some 
signals may be very loud, some very soft. You can 
choose gain settings here.

•Automatic (the default) When Automatic is 
checked, the software automatically adjusts the 
Audible Signal Monitor volume for a constant level.

•x1 (0 dB gain)

•x10 (20 dB gain)

•x100 (40 dB gain)

•x1k (60 dB gain)

•x10k (80 dB gain)

•x100k (100 dB gain)

Monitor ON / OFF
The  button toggles the Audible Signal Moni-
tor On and Off. This button is also available on the 
toolbar.

Left Mixer / Right Mixer
The Left Mixer and Right Mixer panels control where 
audio for each channel is summed and routed. 

All input channels checked in the Left Mixer panel will 
be summed and routed to the Left PC sound output. 
Unchecked channels will not be sent to this output.

All input channels checked in the Right Mixer panel 
will be summed and routed to the Right PC sound out-
put. Unchecked channels will not be sent to this out-
put.
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6

Generator Waveforms and Controls

Overview
APx analyzers generate a number of audio stimulus 
signals for both analog and digital outputs.

Signals for digital output are always generated in the 
digital domain, using digital signal processing (DSP) in 
the attached computer. Generally, signals for analog 
output are generated in the digital domain and con-
verted to analog signals using precision digital-to-ana-
log converters (DACs). The APx555 has an additional 
analog oscillator to generate very low distortion sine 
signals, and the 555 and analyzers equipped with the 
AG52 option also have an analog square wave genera-
tor.

This chapter looks first at the waveforms generated in 
DSP and used for digital and analog testing. Next we 
look at signals used exclusively for digital testing, 
beginning on page 81. On page 83 we look at the 
APx555’s analog oscillator and its capabilities, and 
finally on page 81 we examine the AG52 and 555 
square wave and DIM waveforms.

DSP signal generation
For the most part, APx stimulus signals are generated 
in digital signal processing (DSP). Signals are created 
mathematically or played from digital audio files on 
disk. These signals can be embedded in digital output 
streams, or converted to analog output signals using 
precision digital-to-analog converters (DACs).

Not all selections are available for every
hardware or software configuration.

Signals available
For analog (via DAC) or digital output:

•Sine (frequency range 0.1 Hz to 80 kHz; optional 
DC Offset). See page 76.

•Sine, Burst (available only for the APx555, analog) 
See page 84.

•Sine, Dual (2 frequencies, on separate channels 
or summed). See page 77.

•Sine, Var Phase (1 frequency. An optional phase 
offset can be applied to other channels). See page 
77.

•IMD signals (2 sine frequencies summed accord-
ing to specific definitions). See page 77.

•Noise (various shapes available). See page 79.

•Generator Waveform (arbitrary waveform from file 
on disk). See page 79.

Some measurements use specific, batch-mode stimu-
lus signals:

•Continuous Sweep (Farina log-swept sine “chirp,” 
used in Acoustic Response, Continuous Sweep, 
Frequency Response Impedance Thiele-Small and 
Loudspeaker Production Test.) See page 81.

•Multitone (several tones summed into one com-
plex signal; used in the Multitone Analyzer) See 
page 81.

For digital output only:

•Square. See page 81.

•Bit test (digital diagnostic). See page 82.

•Constant Value (digital diagnostic)

•Walking Ones (digital diagnostic)

•Walking Zeros (digital diagnostic)

Common Controls
Most DAC generated signals have these common con-
trols:

•Levels Track Ch 1
If Level Tracks Ch1 is checked, all output channels 
are set to the level entered for channel 1. If it is 
unchecked, each channel can be set to a different 
output level.

•Level
Set the generator level here.

Bit Test, Walking Ones and Walking Zeros
have no level controls.
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•DC Offset
For a DAC generator continuous sine waves, a DC 
offset can be added to the signal. For analog out-
put, when sine level is zero the maximum offset is 

 times the maximum (±) RMS level for the cur-
rent instrument and output connector. For digital 
output, when sine level is zero the maximum off-
set is 1 D (±).
If Level Tracks Ch1 is checked, all output channels 
have a DC voltage added at the level set in the 
channel 1 DC Offset field. If it is unchecked, each 
channel can be offset by a different DC voltage.
If the generator level is set to zero (0.000 Vrms or 
0 FS), the generator will output DC only (pure DC).

Bit Test, Constant Value, Walking Ones and
Walking Zeros have no DC offset controls.

Channels
Select the channels to output the generated signal. By 
default, all available channels are selected.

Waveform Descriptions
The waveforms cited in the generator descriptions 
above are examined in more detail here.

DAC Sine Waveform (digitally gener-
ated)
The basic sine waveform is a pure tone, a single fre-
quency. Sines are useful in test and measurement 
because of their purity. When passed through a device 
under test (DUT), the output signal can be analyzed to 
see what the DUT has added to the pure sine, whether 
noise, distortion, non-linear level changes, or other 
changes.

1 kHz, 100 mVrms

1 kHz, 100 mVrms; Ch 2 with 100 mV DC Offset. 

DAC Sine
The digitally-generated DAC sine is discussed here; for 
the APx555, see High Performance Sine Generator on 
page 83.

The DAC sine waveform has a frequency range up to 
80.1 kHz (see the table below). The purity of the wave-
form is indicated in the system residual THD+N, to 
which the generator sine signal is a contributor. 

The system residual figure varies with Audio Precision 
hardware.

Please check the APx Installation Instructions and 
Specifications booklet for your instrument for detailed 
specifications.

Controls
•Levels Track Ch 1

If Level Tracks Ch1 is checked, all output channels 
are set to the level entered for channel 1. If it is 
unchecked, each channel can be set to a different 
output level.

•Level
Set the generator level here.

•DC Offset
For a DAC generator continuous sine waves, a DC 
offset can be added to the signal. For analog out-
put, when sine level is zero the maximum offset is 

 times the maximum (±) RMS level for the cur-
rent instrument and output connector. For digital 
output, when sine level is zero the maximum off-
set is 1 D (±).
If Level Tracks Ch1 is checked, all output channels 
have a DC voltage added at the level set in the 
channel 1 DC Offset field. If it is unchecked, each 
channel can be offset by a different DC voltage.
If the generator level is set to zero (0.000 Vrms or 
0 FS), the generator will output DC only (pure DC).

•Frequency
Set the generator frequency here. The DAC gener-
ator frequency range is:

•APx515: 2.00000 Hz to 80.1 kHz 

•APx525/526/582: 0.10000 Hz to 80.1 kHz 
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•APx585/586: 5.00000 Hz to 80.1 kHz 

•APx555: 0.00100 Hz to 80.1 kHz 

•Channels
Toggle output channels ON or OFF.

Sine, Dual
Bench Mode and a number of Sequence Mode mea-
surements provide a Sine, Dual DSP/DAC generator 
option, which allows you to modify the sine output in 
several ways.

SUM: Freq A, 1 kHz; Freq B, 10 kHz. Ratio 2.

SPLIT: Freq A, 1 kHz; Freq B, 10 kHz. Ratio 2.

Controls Specific to Sine, Dual
Frequency A and B

Sine, Dual allows you to set the DSP generator to pro-
duce two signals of different frequencies. These can 
be output independently or summed; see below. Enter 
the values for Frequency A and Frequency B here.

Sum
Select Sum and enter different frequencies in Fre-
quency A and Frequency B. The two sine waves are 
summed to become the output waveform. Use the 
FB:FA Level Ratio control to set the level ratios of the 
two component sine waves.

Split
Select Split and enter different frequencies in Fre-
quency A and Frequency B. The A and B signals can be 
routed to different output channels. See Channel 
Assignments, below.

FB:FA Level Ratio
For both Sum and Split, this control sets the ratio of 
levels between Frequency A and Frequency B signals.

Channel Assignments
For Split, use the Channel Assignments menu to map 
frequencies A and B to output channels. By default, 
frequency A is mapped to odd-numbered channels, 
and frequency B is mapped to even-numbered chan-
nels. For assignments across multiple channels not 
available in the Menu, select Custom.

Sine, Var Phase
Bench Mode and a number of Sequence Mode mea-
surements provide a Sine, Var Phase generator option, 
which allows you to modify the sine output in several 
ways.

Sine, 1 kHz, 100.0 mVrms. Phase B 90 deg.

Controls Specific to Sine, Var Phase
Phase B

The channel assigned as A is the reference channel. 
Channels assigned as B can have a phase shift rela-
tive to A. 

Channel Assignments
Use the A/B Channel Assignments menu to map 
phase A and phase B to output channels. By default, 
phase A is mapped to odd-numbered channels, and 
phase B is mapped to even-numbered channels.

IMD waveforms
Bench Mode and a number of Sequence Mode mea-
surements provide an IMD DSP/DAC generator option, 
which allows you to modify the sine output to provide 
IMD (intermodulation distortion) waveforms.
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IMD: SMPTE (sum) 1:1

IMD: SMPTE (sum) 4:1 

Controls Specific to IMD
DIM signals require the APx analog square
wave as a component, restricting DIM to the
APx555 and analyzers with the AG52 option
installed. 

Type
See More about IMD on page 379 for a more detailed 
description of IMD signals and measurement tech-
niques.

SMPTE 10:1
This is a SMPTE-type stimulus, with a F1:F2 ratio of 
10:1. See Frequency 1 and Frequency 2 below.

SMPTE 4:1
This is the standard SMPTE stimulus, with a F1:F2 
ratio of 4:1. See Frequency 1 and Frequency 2 below.

SMPTE 1:1
This is a SMPTE-type stimulus, with a F1:F2 ratio of 
1:1. See Frequency 1 and Frequency 2 below.

DIN
This is the standard DIN stimulus, with a F1:F2 ratio of 
4:1. DIN is quite similar to SMPTE 4:1, using some-
what different frequencies. See Frequency 1 and Fre-
quency 2 below.

DFD/CCIF
DFD and CCIF use the same stimulus tones, with 
slightly different reporting, discussed in More about 
IMD on page 379. The tones are of high frequency and 
close together, placed around a mean frequency and 

separated by a difference frequency. See Mean Fre-
quency and Diff Frequency, below.

DIM

The DIM waveform is only available for ana-
log outputs in instruments fitted with an
analog square wave generator: the APx555
or APx582, or an APx520, 521, 525, or 526
with option AG52. 

DIM 30
DIM 30 mixes a square wave (fixed at 3.15 kHz) with a 
lower-amplitude sine wave (fixed at 15 kHz). The 
square wave is filtered by a single-pole low-pass filter 
at 30 kHz. The ratio of the peak voltage of the square 
wave to the peak voltage of the sine wave is 4:1.

DIM 100
DIM 100 mixes a square wave (fixed at 3.15 kHz) with 
a lower-amplitude sine wave (fixed at 15 kHz). The 
square wave is filtered by a single-pole low-pass filter 
at 100 kHz. The ratio of the peak voltage of the 
square wave to the peak voltage of the sine wave is 
4:1.

DIM B
DIM B (broadcast) mixes a square wave (fixed at 2.96 
kHz) with a lower-amplitude sine wave (fixed at 14 
kHz). The square wave is filtered by a single-pole low-
pass filter at 30 kHz. The ratio of the peak voltage of 
the square wave to the peak voltage of the sine wave 
is 4:1.

DIM B8
DIM B8 mixes a square wave (fixed at 2.96 kHz) with a 
lower-amplitude sine wave (fixed at 8 kHz). The square 
wave is filtered by a single-pole low-pass filter at 30 
kHz. The ratio of the peak voltage of the square wave 
to the peak voltage of the sine wave is 4:1.

Frequency 1 and Frequency 2
These controls are for SMPTE and DIN IMD stimulus 
signals.

For SMPTE, F1 is typically 60 Hz; F2 is typically 7 kHz. 
F1 range is 40 Hz to 1 kHz; F2 range is 2 kHz to 
60 kHz.

For DIN, F1 is typically 250 Hz; F2 is typically 8 kHz. 
F1 range is 40 Hz to 1 kHz; F2 range is 2 kHz to 
60 kHz.

Mean Frequency and Diff Frequency
These controls are for DFD/CCIF stimulus signals. 
Mean Freq is typically 12.5 kHz; Diff Frequency is typi-
cally 80 Hz. Mean frequency range is 250 Hz to 
60 kHz; Diff frequency range is 80 Hz to 2 kHz.

Square Freq and Sine Freq
These are display fields for DIM stimulus signals. 
Square Freq is fixed at 3.15 kHz (2.96 kHz for B sig-
nals); Sine Freq is fixed at 15 kHz (14 kHz for B, 8 kHz 
for B8). 
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Sum
Select Sum for typical IMD testing. The two signals are 
summed to become the output waveform. For SMPTE/
DIN, the ratio of F1:F2 is set by the IMD Type selected.

Split
Select Split for microphone distortion testing, or other 
IMD testing that mixed the signals in the DUT or 
acoustic environment. 

Split is useful for microphone distortion testing 
because a loudspeaker is typically used as a sound 
source for microphone testing, and loudspeakers have 
high THD levels compared to the microphone under 
test, making THD testing impossible. The alternative is 
to perform IMD testing on the microphone, using two 
loudspeakers, each outputting a different component 
of the IMD signal. The mixing of the signals occurs in 
the microphone.

For SMPTE/DIN, the ratio of F1:F2 is set by the IMD 
Type selected.

Channel Assignments
For Split, use the Channel Assignments menu to map 
frequencies 1 and 2 to output channels. By default, 
frequency 1 is mapped to odd-numbered channels, 
and frequency 2 is mapped to even-numbered chan-
nels. For assignments across multiple channels not 
available in the Menu, select Custom.

More About Noise Signals
The Noise signals in APx500 are generated in DSP. 
They have the following characteristics:

White noise
White noise has a power spectrum ideally constant 
per unit bandwidth from just above DC to half the 
sampling rate. The crest factor is between 3 and 5, 
and the probability distribution is close to Gaussian. 
The generation period (before the waveform repeats) 
is 232-1 samples long, which is about a day at 48 kHz.

Pink noise
Pink noise is generated from white noise using a filter, 
and inherits the statistics of the white noise. Pink 
noise has a power spectrum ideally constant per frac-
tional bandwidth from just above DC to half the sam-
pling rate. The signal power drops off below 10 Hz. 
The ideal pink power spectrum is maintained ±1.0 dB 
in the range 2x10-4 SR to 0.45 SR.

IEC 60268-1 noise
Noise according to the IEC 60268-1 standard is gener-
ated from pink noise passed through a weighting fil-
ter. IEC 60268-1 has a spectrum that mimics program 
material, including voice and music.

BS EN 50332-1 noise
BS EN 50332-1 is IEC 60268-1 noise with a reduced 
crest factor, accomplished by applying soft clipping. 

The crest factor is between 1.8 and 2.2. 
BS EN 50332-1 noise supports headphone testing.

Setting Generator levels when using noise sig-
nals
The RMS units assume a sine wave, which has a crest 
factor of the square root of 2 (approximately 1.414). 
None of the noise signals have this crest factor, so 
actual noise values will not be equal to the generator 
level in RMS-based units.

White noise is generated using a method that guaran-
tees that the peak value is equal to the generator level 
in peak units; Vp and Vpp will accurately specify the 
noise level. Note that for digital outputs there is no 
generator level peak unit.

The filters used in pink noise, IEC 60268-1 noise and 
BS EN 50332-1 noise alter the signal so that the maxi-
mum output cannot be guaranteed in the same way 
that the white noise can. Signal levels for these noise 
types will not be equal to the generator level setting 
for any units, but will be bounded by the Vp setting.

Generator Waveform Files (arbitrary 
waveforms)
Test signal generation from a waveform file
In addition to the DSP-generated waveforms, APx500 
also has the capability to use custom or arbitrary 
waveforms, loaded into the generator from waveform 
files available to the computer running APx500. This is 
particularly useful when coded audio files (dts, Dolby 
or others) are required to stimulate a decoder in your 
DUT.

The loaded waveform is “looped” for generator out-
put, so that the end of the waveform is immediately 
followed by the beginning, providing continuous play-
back without a jump discontinuity.

Generator waveform files are not restricted to sine 
waveforms; other waveforms can be used. The Wave-
form Generator Utility (APxWfmGenerator.exe) allows 
you to generate .wav files for a wide range of test sig-
nals, with selectable sample rates, bit depths and 
channel counts. It is available from the Audio Preci-
sion Web site at www.ap.com (search for “waveform 
generator utility”). You are free to copy this utility to 
other computers or media, where you can generate 
the audio files you may need as generator waveforms 
or for external source testing.

You can also create your own generator waveform 
files. To be useful for measurement, user-created files 
must be designed with the requirements of the mea-
surement context in mind. Not all audio signals are 
compatible with certain analyzer measurements nor 
are useful for measurement. APx500 supports a num-
ber of file formats, sample rates and multichannel file 
formats for Generator Waveform files. See Chapter 
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101 for a detailed list of supported audio waveform 
file formats.

Using a generator waveform file

A measurement that supports generator waveform 
files displays a Waveform selection list in the Genera-
tor section of the Measurement Settings panel. Click 
the Waveform menu in the Generator and choose 
Browse for file... to select an audio file for the genera-
tor to use. You can select multiple files.

A selected file becomes the source for that measure-
ment's generator output and is attached to the proj-
ect file. Once attached to the project, an audio file is 
available to all other supported measurements as a 
selection on the Waveform menu. Files attached to 
the project but not currently used by any measure-
ment can be removed by navigating to the dialog at 
File > Manage Attached Project Items...

Signal Output

Bit Exact
When a digital output is selected, the Bit Exact option 
is available when a linear generator waveform is in 
use. Checking Bit Exact forces the APx generator to 
output the waveform with no changes whatsoever, 
with every audio bit exactly as it is in the disk file. 
Level adjustment is unavailable and dither is off. 
Coded audio waveforms are always output as Bit 
Exact.

File Playback
When a Generator Waveform file is selected, the File 
Playback controls appear on the panel.

•Length displays the file duration, in seconds or 
samples.

•Start Position allows you to select the point in the 
file where playback will begin.

•Channel Assignments allows you to specify the 
output channels to which the file channels are 
assigned.

Analog output: linear audio only
Coded waveforms cannot be decoded to analog audio 
within the APx500 system.

Linear mono or stereo audio files can be sent to the 
analog outputs. Mono waveforms are sent to all avail-
able output channels. By default, stereo waveforms 
map channel A audio to odd output channels, chan-
nel B audio to even output channels. These assign-
ments can be remapped in the Advanced Settings 
dialog.

Analog output: level adjustment
The level of linear audio files sent to the analog out-
puts can be adjusted.

Consider that the signal level of the embedded audio 
in any file is unknown: the file may contain a sine 
wave at 0 dBFS, or it may contain pink noise at 
–42 dBFS. This being the case, the signal level at the 
generator output is also indeterminate. Level adjust-
ments for generator waveform files are calibrated 
assuming the maximum possible level in the file.

For analog output, a 1 Vrms level setting would output 
a 0 dBFS sine wave at 1 Vrms; lower signal levels in 
the file would be output at correspondingly lower volt-
ages.

Digital output: linear or coded audio
Linear mono or stereo audio files and coded audio 
files can be sent to the digital outputs. Whenever a 
generator waveform file is selected, the APx500 out-
put sample rate is set to the rate of the file.

Mono waveforms are sent to all available output chan-
nels. By default, stereo waveforms map channel A 
audio to odd output channels, channel B audio to 
even output channels. These assignments can be 
remapped in the Advanced Settings dialog. Coded 
waveforms are not decoded in the APx500 system, but 
are sent bit exact.

Digital output: level adjustment
When Bit Exact is not set, the level of linear audio files 
sent to the digital outputs can be adjusted. Level 
adjustments are not available for coded waveforms, 
which are sent bit exact.

Consider that the signal level of the embedded audio 
in any file is unknown: the file may contain a sine 
wave at 0 dBFS, or it may contain pink noise at 
–42 dBFS. This being the case, the signal level at the 
generator output is also indeterminate. Level adjust-
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ments for generator waveform files are calibrated 
assuming the maximum possible level in the file.

For digital output, a 0 dBFS level setting would output 
a 0 dBFS sine wave at 0 dBFS; lower signal levels in 
the file would be output at correspondingly lower digi-
tal levels. A –15 dBFS signal in the file with a 
–12 dBFS level setting would be output at –27 dBFS.

Dither
For digital output (when Bit Exact is not set), a genera-
tor waveform file signal is always redithered.

Generator waveform length constraints
File Truncation
Generator waveforms are limited in file length by APx 
instrument memory resources. A waveform file that 
exceeds the maximum length will be truncated as it is 
loaded. A truncated waveform is marked with a warn-
ing icon when selected as a generator source.

A generator waveform file is downloaded from the PC 
into the APx analyzer hardware as needed for a mea-
surement. The hardware memory has a capacity of 
128 MB, and audio waveforms that exceed 128 MB 
will be truncated.

Since APx500 converts 8- and 16-bit PCM waveforms 
to 32-bit for generator output, and expands coded 
audio for playback, generator waveform files may use 
considerably more memory than indicated by their file 
size on disk.

Truncated waveforms should be avoided, as a jump 
discontinuity will be introduced on playback at the 
point of truncation. Best practice is to use the short-
est generator waveform file consistent with your mea-
surement requirements.

Maximum File Length table
File formats and sample rates affect the amount of 
memory used. This table is provided as a guide, indi-
cating the running times that represent the maximum 
memory available for various formats.

DTS transmit rates
When a legacy dts file (*.dts or *.cpt) with an embed-
ded sample rate of 44.1 kHz is transmitted via HDMI 
or DSIO, it can sent using an interface transmit rate of 
44.1 kHz or 176.4 kHz (4x). If the dts file has an 
embedded sample rate of 48 kHz, it can be sent using 
an interface transmit rate of 48 kHz or 192 kHz.

These settings do not convert the sample rate of the 
embedded audio but only affect how the audio is car-
ried on the interface signal. For DSIO, the Digital Serial 
Output Sample Rate setting must agree with setting 
made here.

Select

•Auto (the default)
For a 44.1 kHz sample rate file, Auto sets the inter-

face transmit rate to 44.1 kHz.
For a 48 kHz sample rate file, Auto sets the inter-
face transmit rate to 48 kHz.

•4x
For a 44.1 kHz sample rate file, 4x sets the inter-
face transmit rate to 176.4 kHz.
For a 48 kHz sample rate file, 4x sets the interface 
transmit rate to 192 kHz.

DTSX:X files
DTS:X files are only supported when the generator out-
put is HDMI or Digital Serial. When a *.dtsx file is 
loaded and a supported output is selected, a Trans-
mit Rate control is available on the Generator panel, 
with the following choices:

Transmit Rate:
•4x, 24 Mbps Max

•4x, 6 Mbps Max

•1x, 1.5 Mbps Max

Chirp-based methods
The APx500 Continuous Sweep, Acoustic Response, 
Frequency Response, Impedance/Thiele Small and 
Loudspeaker Production Test measurements use a 
Farina log-swept sine, often called a chirp or log chirp, 
as a stimulus. 

A Farina chirp is quite fast and can provide many high-
resolution results from a single acquisition. A typical 
APx continuous sweep chirp measurement currently 
returns 17 results, each made up of many thousands 
of data points across multiple channels, across a 
range that, depending upon configuration, could be as 
wide as 4 Hz to 96 kHz, in about 2 seconds. Read 
more about chirp-based measurements beginning on 
page 315.

Multitone method
The multitone method uses a stimulus signal made up 
of many sine waves (a multitone) and analyzes the 
DUT output with FFT techniques to measure the ampli-
tude and phase of each component sine wave in the 
result. These values can provide frequency response, 
phase response, crosstalk response, distortion 
response, noise response and other results.

Multitones are useful for fast testing applications, and 
since a multitone stimulus can be brief and unobtru-
sive, multitone can be considered for in-service test-
ing. Read more about multitone beginning on page 
495.

Square wave
The square wave has been used in audio test for many 
years as a diagnostic tool. A glance at a square wave 
passed through a DUT and displayed in the time 
domain (scope) view can reveal a lot about the DUT’s 
coupling, frequency response, slew rate, power supply 



Chapter 6: Generator Waveforms and Controls

82 APx500 User’s Manual

sag and other characteristics to the experienced eye. 
In some APx instruments, a square wave is used as a 
component of the DIM/TIM waveform.

Digitally generated square waves (DSP/DAC) exhibit 
Gibbs phenomenon ringing artifacts, an unavoidable 
consequence of the mathematics of the DSP genera-
tion. In APx instruments, digitally generated square 
waves are not available for analog output.

The APx555 and APx582 and an AG52-equipped 
APx525 or 526 have an analog square wave genera-
tor that produces fast rise time square waves with lit-
tle ringing or overshoot. This waveform is only 
available to the analog outputs, and also serves as a 
component of the DIM/TIM waveform.

Controls Specific to Square Waves
DC Offset

Set the DC Offset here. This control is only available 
for digitally generated square waves.

Frequency
Set the generator frequency here. For digital square 
waves, the range is 100 mHz to SR/6. For analog 
square waves, the range is 100 mHz to 30 kHz.

Comparison, digitally generated square waves 
and analog generated square wave

1 kHz digital square wave, 48 kHz SR 

1 kHz digital square wave, 96 kHz SR 

1 kHz digital square wave, 192 kHz SR 

1 kHz square wave, analog generator 

Special waveforms for Digital 
Diagnostics
Walking Bits patterns
The walking bit waveforms are used in diagnosing digi-
tal problems in the Verify Connections feature of Sig-
nal Path Setup. The walking pattern makes it easy to 
observe “stuck” bits in digital hardware. The walking 
bits waveforms will also show no errors when passed 
through a bit-accurate system.

Bit test
Bit Test is a pseudo-random waveform with values uni-
formly distributed between plus and minus full scale. 
Algorithms in the generator and analyzer determine 
sample values.

Bit test exercises a wide range of levels and frequen-
cies and is the most thorough of the bit-accurate 
waveforms. 

Walking Zeros
In the Walking Zeros waveform, all bits are set to 1 
except one bit, which is set to 0. This single low bit is 
continuously incremented from the least significant bit 
(LSB) to the most significant bit (MSB). When it 
reaches the MSB it wraps around to the LSB of the 
selected word length. 

Walking Ones
In the Walking Ones waveform, all bits are set to 0 
except one bit, which is set to 1. Like Walking Zeros, 
this single high bit is continuously incremented from 
LSB to MSB and wrapped back to LSB.
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Samples/Step
The time required for one complete cycle of the walk-
ing pattern depends upon the output sample rate and 
the generator Samples/Step value. For example, with 
Samples/Step set to 48000 and sample rate set to 
48 kHz, each step will last for 1 second.

Constant Value waveform
The Constant Value waveform is a continuous stream 
of data samples at the same fixed value (digital dc). 
Constant Value mode aids in the investigation of data-
dependent errors in digital systems.

Value
Enter the value for the digital data here, in either hexa-
decimal (base 16) or D units. Specifying the value in 
hex is often easier, especially if the output bit depth is 
configured for less than 32 bits. For instance, if the 
output is configured for 16 bits, the lowest positive 
constant value is 00010000 hex; this is easier to 
specify than 30.52 µD.

Note: Constant Value signals of all ones (1s)
or all zeros (0s) are treated as invalid Con-
stant Value signals, and will return errors.
This implementation serves to flag digital
connection errors, which can incorrectly
produce a stream of constant ones or zeros.
When using Constant Value signals, set the
signal to any value except ones or zeros.

Notes on hex values in APx500 Constant Value
1. Truncation of hex numbers at lower bit 

depths.
The output bit depth selected in Signal Path Setup 
defines the range of valid hex values for digital levels. 
For example, a bit depth of 24 requires 6 hex digits (1 
hex digit = 4 binary digits). If the bit depth is reduced 
to 16, only 4 hex digits are required, so the 2 least sig-
nificant hex digits are not used. If, while bit depth is 
set to 16, you enter 6 digit hex value (12345600), APx 
will return the truncated value 12340000.

2. Conversion of hex values to two’s comple-
ment. 
As is almost universal in digital audio systems, 
APx500 uses two’s complement notation for digital 
audio sample values. Two’s complement simplifies 
digital processing by expressing bipolar signals as pos-
itive-only numbers. In APx, hex values are always 
shown in their two’s complement form.

For example, entering ‘-12345600’ with the output 
configuration in 24-bit mode results in the display 
‘EDCBAA00 hex’, which is the two’s complement rep-
resentation of -12345600 hex.

Units available for Constant Value are

•hex

•D

See Chapter 109 for more information about units of 
measurement.

Active Bits
When Active Bits is set, any bit that changes state 
during the diagnostic period (about 1/4 second) is 
shown as highlighted with color. Inactive bits are 
shown as white.

Data Bits
When Data Bits is set, the logical state (binary 1 or 
binary 0) of each bit in the audio word is shown. This 
is updated at the end of each diagnostic period (about 
1/4 second). Binary 1 is shown in highlighted color; 
binary 0 is shown as white.

Note: The audio word may be any length
between 24 bits and 8 bits, depending upon
the Bit Depth setting in Signal Path Setup.

Error Rate (digital only)
Read more about bit-accurate (also called bit-exact) 
measurements beginning on page 349.

The Error Rate display recognizes Audio Precision bit-
accurate waveforms, including

•Bit test (usually the best choice for digital error 
rate measurements.)

•Walking Zeros

•Walking Ones

•Constant Value

When one of these waveforms is received with every 
sample at precisely the same value as was gener-
ated, zero errors are reported and an error rate of 
0.000% is displayed. When one of these waveforms is 
received with sample values different from the values 
in the original waveform, each differing sample is 
reported as one error.

Analog High Performance Sine 
Generator (APx555)
The APx555 has a low-distortion RC oscillator which 
can be selected for analog sine generation. It is con-
siderably lower in residual harmonic distortion and 
noise than the DSP/DAC generator, and in combina-
tion with the APx555’s High Performance Sine Ana-
lyzer enables the 555’s signature low system 
residuals.

Enhanced Analog Generator (EAG)
The B Series APx555 includes the Enhanced Analog 
Generator (EAG) hardware, which brings an improved 
THD+N system specification, the ability to generate a 
sine with under precision frequency control, and a low-
distortion sine burst waveform that uses the RC oscil-
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lator as the sine source. The EAG is also available as 
an upgrade to legacy APx555 analyzers

Signals available
•Sine (frequency range 5 Hz to 204 kHz). Very low 

distortion and extended frequency range.

•Sine, Burst. (Sine frequency range 5 Hz to 
100 kHz.) Much lower distortion than the DSP/
DAC generated sine burst.

Sine
The analog sine waveform has a frequency range of 
5 Hz to 204.475 kHz. The purity of the waveform is 
indicated in the system residual THD+N, to which the 
generator sine signal is a contributor. Please check 
the APx555 B Series Installation Instructions and 
Specifications booklet for detailed specifications.

Controls Specific to HPSG/EAG
High Performance Sine Generator

Select this to use the High Performance Sine Genera-
tor (HPSG).

Precision Tune
Set a check in this checkbox to precision tune the 
High Performance Sine Generator.

DAC Generator
Select this to use the DSP/DAC sine generator.

Frequency
Set the generator frequency here. Range for the HPSG 
is 5 Hz to 204.475 kHz. 

Comparison of the High Performance Sine Gen-
erator to the DAC sine generator

Advantages
•Very low THD+N residuals.

•Extended high-frequency range (up to 204 kHz).

Disadvantages
•Split modes, summed modes, offset and other 

modifications or impairments are not available.

•Frequency accuracy is less precise. The DAC gen-
erator is typically 3 ppm. The High Performance 
Sine Generator is typically ±0.35% with Precision 
Tune off; 30 ppm with Precision Tune on.

•The High Performance Sine Generator cannot be 
synchronized to a reference.

Sine, Burst
The APx555 provides a general purpose sine burst 
waveform, which can have an arbitrary sine fre-
quency, an arbitrary High Time and Interval time, and 
an arbitrary ratio between On and Off levels. Sine, 
Burst is only available in the APx555, and only for ana-
log outputs.

For the APx555 equipped with EAG, You can choose to 
have the sine sourced from the DSP/DAC generator, or 

from the High Performance Sine Generator. When 
sourced from the HPSG, you can also select Precision 
Tune. Read more about burst signals beginning on 
page 460.

Controls Specific to Sine, Burst
Level

Set the generator level for the On portion of the burst 
here.

Frequency
Set the generator frequency here. The Sine, Burst gen-
erator frequency range is 1 mHz to 80.1 kHz for a 
DSP/DAC generated sine; 5 Hz to 100 kHz for the High 
Performance Sine Generator.

Cycles/Seconds
Choose whether to set the burst High Time and Inter-
val in cycles (at the current sine frequency) or sec-
onds.

High Time
For Cycles, set the number of cycles of the sine wave-
form for the On portion of the burst. Minimum is 1; 
maximum is 16,777,214.

For Seconds, set the duration in time for the On por-
tion of the burst.

Interval
For Cycles, set the number of cycles of the sine wave-
form for the total interval between burst onsets. Mini-
mum is 2; maximum is 16,777,215.

For Seconds, set the duration in time for the total 
interval between burst onsets.

Low/High Ratio
Set the ratio of the level of the Off portion of the burst 
to the On portion of the burst. The level of the On por-
tion of the burst is set in the Level control.

The Off portion can be set as high as unity (0 dB), to 
as low as –80 dB. The low level can also be set to 
–∞ dB (completely off). To set –∞ dB, enter a value of
–10000 dB or smaller.

Channels
Toggle output channels ON or OFF.

Analog square wave generator 
(APx555 and AG52)
Digitally synthesized square waves (DSP/DAC) exhibit 
Gibbs phenomenon ringing artifacts. The APx555 and 
an AG52-equipped APx525/526 have an analog 
square wave generator that produces fast rise time 
square waves with little ringing or overshoot.

Signals available
•Square

A fast rise time analog square wave.
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•DIM
The APx555 and AG52 use the analog square 
wave generator in combination with the sine gen-
erator to produce a DIM IMD waveform.
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7

Signal Path Setup

Overview: Signal Path Setup

See Chapter 3, Introduction to the APx Software to 
read more about Signal Paths.

For both Sequence Mode and Bench Mode, Signal 
Path Setup provides a series of collapsible menu-
selected panels, with access to a collection of tools to 
select and configure the physical connections 
between the analyzer and the Device Under Test 
(DUT) for the current Signal Path. This is where you 
choose your input/output (I/O): digital or analog, bal-
anced or unbalanced, specify impedances or commu-
nications protocols, set the number of channels in 
use, name your inputs and so on. You can also config-
ure references, switchers, DCX, clock sync, triggers 
and jitter.

Individual Signal Path Setup panels can be undocked 
 and placed anywhere on the screen. Closing an 

undocked panel returns it to a docked state.

In Sequence Mode, Signal Path Setup is in the center 
of the workspace, along with the control panel for Ver-
ify Connections. See Chapter 8 for more information 
about Verify Connections.

In Bench Mode, Signal Path Setup is on the left side of 
the workspace.

The Signal Path Setup panels include:

•Input/Output, page 88.
Input and Output configuration, acoustic mode 
selectors, labels and colors, global input filters, 
device delay.

•References, page 91.
Output and input level references, mic calibration, 
frequency reference.

•Output Switchers, page 101.
Output switcher configuration. Available if an out-
put switcher is connected.

•Input Switchers, page 101.
Input switcher configuration. Available if an input 
switcher is connected.

•DCX, page 102.
Settings for DCX-127 module. Available if a DCX-
127 is connected.

•Clocks, page 103.
Configuration for external reference and synchro-
nization signals, and jitter generation. Available if 
the Advanced Master Clock is installed.

•Triggers, page 105.
Configuration for trigger output and external trig-
ger input. Available if the Advanced Master Clock 
is installed.
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The Back button
In Sequence Mode, if you have jumped to Signal Path 
Setup from a measurement, the back  button will 
return you to the measurement.

Signal Path Setup: Input/Output

Dependency upon Analyzer Hardware
APx500 software works with all APx analyzer hard-
ware models and options, as well as with APx500 Flex 
using the APx500 Flex Key. The differences in using 
APx500 with different analyzer hardware models are 
most apparent in Signal Path Setup, where input and 
output format, configuration and channel count are 
dependent upon the analyzer hardware model and 
options.

APx500, for example, will not show HDMI connection 
selections when connected to an analyzer that has no 
HDMI interface installed, and when an APx500 Flex 
Key is installed, only supported connector types (like 
ASIO) are shown.

This chapter provides an overview of Signal Path 
Setup and discusses features common to all analyzer 
hardware configurations.

I/O Configurations
The Signal Path Setup I/O Configuration panels are 
where you select the generator output and analyzer 
input connectors and formats. For each selection, a 
Settings dialog provides complete control over output 
settings.

Multiple simultaneous input types can be configured 
on all analyzers except the APx511 and APx500 Flex. 
The second input must be on a different hardware 
module on the analyzer, and the inputs must be differ-
ent signal types: if the primary input is analog, the sec-
ond input must be digital. Tabbed sections on the I/O 
Configuration panel have selection options for multi-
ple inputs. See Multiple Simultaneous Input Types on 
page 89 for more information.

Each of these I/O configurations are discussed in 
detail in the following chapters:

•Analog I/O (input/output) configurations for the 
APx515 analyzer, Chapter 9.

•Analog I/O configurations for the APx525 family of 
analyzers, Chapter 11. APx582 output configura-
tion is also covered in Chapter 11.

•Analog I/O configurations for the APx555 analyzer, 
Chapter 12.

•Analog I/O configurations for the APx585 family of 
analyzers, Chapter 13. APx582 input configuration 
is also covered in Chapter 11.

•DIO (digital I/O) configurations for all analyzers, 
Chapter 14.

•ADIO (advanced digital I/O) configurations, Chap-
ter 15.

•DSIO (digital serial I/O) configurations for the 
APx525, 582 and 585 families, Chapter 16.

•HDMI (high definition multimedia interface) and 
HDMI ARC I/O configuration for some models in 
the APx525, 582 and 585 families, Chapter 17.

•Bluetooth wireless technology configurations for 
APx525, 582 and 585 families, Chapter 18.

•PDM (pulse density modulation) configuration for 
APx525, 582 and 585 families, Chapter 21.

•PDM 16 (pulse density modulation, input only) 
configuration for APx525, 582, and 585 families, 
Chapter 20.

•Transducer Interface, which inserts the optional 
APx1701 Transducer Test Interface accessory 
between the DUT and the analyzer inputs and out-
puts, providing power amplification, impedance 
measurements and microphone interface and 
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powering for electro-acoustic testing. See Chapter 
22.

•ASIO (audio stream input/output) configuration for 
all analyzers, Chapter 23. APx515 requires a soft-
ware option to enable this interface.

For Output Configuration, there is this additional 
selection:

•External Source (open-loop, no generator output) 
configuration for all analyzers, Chapter 6.

For Input Configuration, there are these additional 
selections:

•Loopback,

•File (Analog Units) and File (Digital Units), Chapter 
24.

Multiple Simultaneous Input Types
Starting with version 6.0, most APx analyzers support 
multiple simultaneous input types. Each input is con-
figured through a tab on the input configuration panel 
of Signal Path Setup. The first input tab (Input 1) can 
be configured for any input type supported by the ana-
lyzer. Configuration options for the second input tab 
(Input 2) vary depending on the input type selected on 
the first input tab. For example, one input tab must be 
configured for analog and the other for digital, and 
some selections on Input 1, like ASIO and File (Analog 
Units or Digital Units), only support a single input. 
Input configurations that are not supported are not 
included as options in the Input 2 menu. When no 
input types are valid on Input 2, the menu option is 
limited to None. For measurements that do not sup-
port simultaneous results, Input 2 can be configured, 
but the measurements are run only on Input 1.

The use of multiple simultaneous input types allow a 
reference input to be measured at the same time as 
the DUT input and compared directly or using derived 
results.

When a measurement is added to a Signal
Path, results are added for all configured
inputs. If an input is configured after a mea-
surement is added, results for that input
must be added manually.

Measurements that support Simultaneous Measure-
ment on multiple input types are:

The APx511 analyzer and the APx500 Flex
Key do not support multiple simultaneous

input types. Only a single input option is
provided in APx500 when connected to
these analyzers.

Output EQ
For analog outputs, Output EQ allows you to insert an 
equalization filter in the output signal path, after the 
APx generator. This enables compensation for a non-
flat response in the device under test. Read more 
about Output EQ on page 246.

Acoustic Output Configuration
For convenience when performing acoustic tests, 
APx500 analog outputs can be set to Acoustic output 
configuration. Acoustic output configures all genera-
tor level setting fields and generator level graph dis-
plays to units of pascals or dBSPL. Read more about 
Acoustic output configuration on page 244.

Acoustic Input Configuration
For convenience when performing acoustic tests, 
APx500 analog inputs can be set to Acoustic input 
configuration. Acoustic input configures all APx500 
measurements in the signal path to display levels rela-
tive to channel-specific acoustic reference levels. This 
is useful for making acoustic measurements with mul-
tiple microphones. Read more about Acoustic input 
configuration on page 244.

Input Range (Bench Mode only)

For analog inputs in Bench Mode, the Input Range... 
dialog is available to set input ranging. This feature is 
available in Sequence Mode in the Advanced Settings 
dialogs for individual measurements. See Chapter 
103, Ranging and Settling.

Signal Path Setup Level and Gain

THD+N Continuous Sweep

Frequency Response Signal Acquisition

Acoustic Response Signal Analyzer

Transfer Function Measurement Recorder

Bandpass Level Frequency
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File List (Bench Mode only)

For File Input configuration in Bench Mode, the File 
List... browser is available. This feature is available in 
Sequence Mode in the Analyzer settings for individual 
measurements. See Chapter 24, Open Loop measure-
ments.

Filters
Signal Path Filters (high-pass, low-pass, weighting and 
input EQ) can be set, which affect the input signal for 
the entire Signal Path. Filters in Signal Path Setup are 
applied on a per-input basis. Each input tab has its 
own filter controls.

Note: AC/DC coupling is set by the high-
pass filter control.

Read more about Signal Path Filters and input EQ in 
Chapter 102.

Note:  for  d igi ta l  inputs when j i t ter  is
selected as the measurement source, the
Signal Path filters provide different filtering
options.

Device Under Test: DUT Delay
Overview
This feature helps enable problem-free measure-
ments on high-delay devices or systems (such as Blue-
tooth links or acoustic propagation) by waiting a 
specified time before analysis begins.

For devices with short delays (<10 ms), APx will per-
form correctly without any need to add delay in this 
field.

In a high-delay system, the signal from the APx genera-
tor takes some time to propagate through the system 
to the APx analyzer input. 

In some cases, APx may attempt to make a measure-
ment before the generator signal has arrived. In oth-
ers, the stimulus signal may be truncated.

For the continuous sweep chirp-based measure-
ments, such delay problems may be solved by adjust-
ing the “Extend Acquisition By” control, but this must 
be adjusted for each measurement. DUT Delay, how-
ever, operates on all measurements for all input types 
configured in the signal path. 

Entering a DUT Delay value
There are three ways to enter a value into the DUT 
Delay field. Note that values entered into DUT Delay, 
from any source, are overwritten by any subsequent 
values, from any source, and the DUT delay entered 
applies to all configured input types.

Manual Entry
If you know the amount of delay the DUT provides, you 
can type that value directly in the DUT Delay field on 
the Signal Path Setup panel. You may know the delay 
value from a device specification, from a previous 
measurement, or, for acoustic paths, from a measure-
ment of the distance between the transducers.

Using the Measure and Set DUT Delay step
In a sequence, this step is available in Sequence 
Steps folder under the Signal Path Setup node. This 
step measures the DUT delay using a cross correla-
tion method, and enters the result in the DUT Delay 
field. Read more about the Measure and Set DUT 
Delay step beginning on page 643.

Using the A/V Sync Delay Bluetooth feature
If you have the Bluetooth Duo option and are using 
Bluetooth as an A2DP Source, the AVRCP A/V Sync 
Delay feature is supported. A/V Sync Delay enables a 
Bluetooth rendering device (a loudspeaker, for 
instance) to report its internal delay to the Source 
device for A/V Sync correction. If the Bluetooth device 
to which you are connected supports A/V Sync Delay, 
and you have enabled Enter A/V Sync Delay into DUT 
Delay in your Bluetooth settings, the device delay 
value will be entered into the DUT Delay field.

The value is reported from the sink device periodically 
and may vary.

Making other delay measurements with DUT 
Delay set
The DUT Delay measurement (Chapter 47) temporar-
ily sets the Signal Path Setup DUT Delay value to zero 
while the measurement is running.

However other methods of measuring delay using APx, 
such as Impulse Response in Continuous Sweep, do 
not take the DUT Delay setting into account. For 
instance, if the DUT Delay field is set to 50 ms, and 
the measured delay of the device is 22 ms according 
to the Impulse Response result in Continuous Sweep, 
then the actual device delay is 72 ms.
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Input Labels
In Signal Path Setup, click the Labels button  to 
open the Channel Labels dialog.

Here you can rename the input channels with names 
of your choice. When you change a channel name, the 
changes apply to the specific input being configured. 
Channel names can be set independently through 
each input tab. These settings are project-wide, but 
can be overridden for any measurement result.

For local bar graph (meter) label overrides, see page 
757. For local XY graph label overrides, see page 765.

To set project colors and line styles, click the Project 
Colors button in the Labels dialog, This opens the Proj-
ect Properties Colors tab, where you can set graph col-
ors for each channel, or set a color cycle for multiple 
Data Sets. Read about setting colors on page 62.

Signal Path Setup: References
The References dialogs and options are quite differ-
ent in a normal I/O mode, when compared to an 
Acoustic I/O mode. Tabbed panels allow for Analog, 
Digital, and Acoustic settings to be reviewed and con-
figured. References in normal mode are discussed 
first.

The References in acoustic mode (when an Acoustic 
checkbox  is checked in Signal Path Setup > 
Input/Output) are discussed beginning on page 97.

 References: (Normal Mode)

A signal path through a DUT will have an optimal oper-
ating level for each measurement. This level may be 
specified in a device's specifications, required for a 
standard measurement method, or may be deter-
mined on the bench by a monitoring a parameter such 
as distortion.

If, for example, you select a non-referenced unit such 
as dBV as the unit in a meter display, you will see deci-
bels relative to 1 volt; but if you select the reference 
unit dBrA, you will see decibels relative to the refer-
ence value you have entered.

Output References
The dialog for Auto Gen Level is available on the Ana-
log or Digital tab when an analog output type (without 
Acoustic selected) or digital input type is configured as 
the output in Signal Path Setup. Acoustic Output Level 
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is available on the Acoustic tab when the Acoustic 
checkbox is selected in Signal Path Setup for an ana-
log output type.

If you would like to force all generator set-
tings to acoustic units referenced to an
acoustic level, see Acoustic Output configu-
ration on page 97.

dBrG:
You can save a generator output reference level in 
each domain for a signal path. The saved generator 
level is called dBrG, and can be referenced through-
out the signal path when making generator settings by 
selecting dBrG from the units menu.

You can enter a known value as dBrG here, or you can 
use the Auto Gen Level feature (see below) to find the 
optimal generator level setting for your test.

Alternatively, you can determine dBrG manually by 
adjusting the generator level in Verify Connections 
while observing the measured level or measured dis-
tortion on the graph, until you achieve your desired 
results. Once you have found your optimal level, you 
can copy the value and paste it in the dBrG field. 

Default values are

•analog generator: 0 dBrG = 100.0 mVrms

•digital generator: 0 dBrG = –20 dBFS

Note: When using dBrG as a unit in a mea-
surement, a setting greater than 0 dBrG is
not allowed.

dBm: (Analog tab only)
Enter a dBm output reference impedance here. dBm 
is available as a level unit throughout APx. dBm is a 
power unit, and as such must be referenced to a nom-
inal circuit impedance to be meaningful. dBm is typi-
cally referenced to 600 Ω. You can enter a different 
value here.

W (watts): (Analog tab only)
Enter a W (watts) output reference impedance here. 
W (watts) is available as a level unit throughout APx. 
W (watts) is a power unit, and as such must be refer-
enced to a nominal circuit impedance to be meaning-
ful. By default, W (watts) is referenced to 8.000 Ω. You 
can enter a different value here.

Auto Gen Level
The Auto Gen Level... button is active on the analog or 
digital tab when an analog or digital input type is 
selected in I/O configuration settings and the acous-
tic checkbox is not checked. Clicking the button opens 
a dialog where you can automatically set the dBrG by 
regulating to a target level or distortion. You can read 
more about the Automatically Set Generator Level 
beginning on the next page.

Input References
A tabbed interface provides access to controls for ana-
log, digital, and acoustic input references. Dialogs for 
Set dBr and Set dBSPL are available on the Analog or 
Digital tab when an analog or digital input type (with-
out Acoustic selected) is configured on an input tab in 
Signal Path Setup. The dialog for Mic Cal is available 
on the Acoustic tab when the Acoustic checkbox is 
selected in Signal Path Setup for an analog input type.

If you would like to force all results to acous-
tic units referenced to an acoustic level, see
Acoustic Input configuration on page 97.

dBrA and dBrB:
You can save two analog input reference levels and 
two digital input reference levels for a signal path, so 
that results can be evaluated relative to references. 
These saved input level references are called dBrA 
and dBrB, and are independently set for analog and 
digital inputs. These can be referenced throughout the 
signal path when making result settings by selecting 
dBrA or dBrB from the units menu. You can set dBrA 
and dBrB arbitrarily, or you can set them interactively 
with your DUT, while observing measured level or dis-
tortion.

Reference Offset
Once a reference has been entered or set, you can off-
set the level by some arbitrary amount.

Set dBr
This button is active on the analog or digital tab when 
an analog or digital input type is selected in the signal 
path and the acoustic checkbox is not checked. Click-
ing the button opens the Set dBrA, B dialog, where you 
can interactively set dBrA or dBrB from input levels. 
You can read more about the Set dBrA, B dialog begin-
ning on the next page.

dBSPL1 and dBSPL2
If you are making acoustic measurements, you may 
want to use dBSPL references instead of dBr refer-
ences. 

You can save two analog input reference levels and 
two digital input reference levels for a signal path 
using sound pressure level (SPL) units, so that results 
can be evaluated relative to acoustic levels. 

These saved input acoustic level references are called 
dBSPL1 and dBSPL2, and are independently set for 
analog and digital inputs. These can be referenced 
throughout the signal path when making result set-
tings by selecting dBSPL1 or dBSPL2 from the units 
menu. You can set dBSPL1 and dBSPL2 arbitrarily, or 
you can set them interactively with your DUT, while 
observing measured level. 
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Typically, dBSPL is referenced to a measurement 
microphone and a microphone calibrator, in APx Exter-
nal Source configuration. 

Calibrator Level
Microphone calibrators operate at one or more spe-
cific acoustic levels, typically 94 dBSPL or 114 dBSPL. 
Enter the calibrator level here.

Set dBSPL
This button is active on the analog or digital tab when 
an analog or digital input type is selected in I/O config-
uration settings and the acoustic checkbox is not 
checked. Clicking the button opens the Microphone 
Calibration / Set dBSPL1, dBSPL2 dialog, where you 
can interactively set dBSPL1 or 2 from input levels. 
You can read more about this dialog beginning on 
page 95.

dBm: (Analog tab only)
Enter a dBm input reference impedance here. The 
default is 600.0 Ω.

W (watts): (Analog tab only)
Enter a watts input reference impedance here. The 
default is 8.000 Ω.

Frequency Reference
Frequency:
Enter a global reference frequency here. The default is 
1.0000 kHz.

Automatically Set Generator Level (Auto 
Gen Level)

Also see Set Acoustic Output Level on page 97 for a 
similar feature in Acoustic Output configuration.

Auto Gen Level uses generator regulation to automati-
cally determine the APx generator level that results in 
a specified RMS Level or THD+N Ratio in the DUT out-
put to satisfy your test requirement. The result is 
entered in the References panel as the dBrG value. 
Read more about regulation on page 567.

Operation
Your DUT should be connected and set up for testing.

From Signal Path Setup/References, click Auto Gen 
Level... to open the Automatically Set Generator Level 
dialog. In APx500 4.4, this dialog has been refac-
tored. The regulation functions remain essentially the 
same, but controls have been clarified and new con-
trols added.

Regulate:
This control selects the parameter in the DUT output 
you want to regulate. Choose

•RMS Level or

•THD+N Ratio

Input:
This control is available if there are multiple simulta-
neous input types configured. It selects the input with 
the DUT channel to be regulated.

To:
This control selects the value you want to attain in the 
regulated parameter. Choose

•Target Value
Find a specific Target Value, set in the following 
field.

•Maximum Value
Find the Maximum Value

•Minimum Value
Find the Minimum Value

Target Value:
If Target Value is selected in the previous control, 
enter the value you want to attain here.

On:
This control selects the DUT channel to be regulated. 
Choose

•Channel with the highest value
All available analyzer input channels are moni-
tored, and the channel with the highest value of 
the regulation parameter chosen in Regulate (see 
above) is selected for regulation purposes. 

•Channel with the lowest value
All available analyzer input channels are moni-
tored, and the channel with the lowest value of the 
regulation parameter chosen in Regulate (see 
above) is selected for regulation purposes. 
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•Specific channel
Choose one of the available analyzer input chan-
nels.

Channel
If On is set to Specific Channel, select the input chan-
nel here.

Adjust:
The Adjust control selects the APx controlled parame-
ter that will be adjusted to find the regulated DUT 
parameter. For Auto Gen Level the only choice is Gen-
erator Level.

Start Value:
The Start Value is the first generator setting where a 
measurement is made. If it is lower than the Stop 
Value, then it is also the lowest generator setting 
where a measurement is made. If it is higher than the 
Stop Value, then it is the highest generator setting 
where a measurement is made.

The regulation search proceeds from Start
Value to Stop Value; your choices for these
values determine the direction (up or down)
of the search.

Stop Value:
If the Stop Value is higher than the Start Value, then 
the Stop Value is the highest generator setting where 
a measurement is made. If the Stop Value is lower 
than the Start Value, then the Stop Value is the low-
est generator setting where a measurement is made. 
The Stop Value is also the last generator setting where 
a measurement is made in the initial search for an 
interval containing a measured value of the type that 
is sought.

The higher of Start Value or Stop Value also
serves to limit the maximum APx generator
output, protecting your DUT.

Initial Steps:
Initial Steps sets the number of intervals dividing the 
generator level range between Start Value and Stop 
Value. The default setting is 2. Depending upon the 
parameter to be regulated and characteristics of the 
DUT, greater values may provide better performance.

Frequency:
The Frequency control sets the APx generator fre-
quency for regulation.

For more about Start Value, Stop Value, and Initial 
Steps, read more about regulation on page 567.

Note: Distortion measurements such as
THD+N benefit from filtering. When regulat-
ing THD+N, consider using the Input Filters
in Signal Path Setup > Input/Output to filter
the signal used for regulation. Suggested fil-

ters are High-pass: 20 Hz, Low-pass: 22
kHz. Remember to reset the filters when
you continue to other measurements. See
Chapter 102, Bandwidth, Weighting and EQ
Filters for more information.

Set dBrA, B dialog
The Set dBr A, B dialog allows you to interactively set 
dBrA or B from input levels.

You can save two analog input reference levels and 
two digital input reference levels for each signal path. 
These saved input level references are called dBrA 
and dBrB, and are independently set for analog and 
digital inputs. They can be referenced throughout the 
signal path so that results can be evaluated relative to 
references. You can set dBrA and dBrB arbitrarily, or 
you can set them in interaction with your DUT, while 
observing measured level or distortion.

If you are making acoustic measurements, you may 
want to use dBSPL references (see page 95). For 
acoustic measurements using multiple microphones, 
it may be more useful to set sound pressure level ref-
erences specific to each microphone and input chan-
nel. See Microphone Calibration / Set dBSPL1, 
dBSPL2 on page 99.

Setting dBrA and dBrB
If you have not yet set up your test, first go to Signal 
Path Setup to configure your inputs and outputs. See 
page 88.

Using the generator
In Sequence Mode, use the generator in Verify Con-
nections and the RMS Level or THD+N ratio graphs 
attached to Signal Path Setup. In Bench Mode, use 
the Generator and the RMS Level or THD+N Ratio 
monitor meters.

With your DUT connected and adjusted for testing,

•Click the Set dBr... button in the References panel. 
This opens the Set dBrA, dBrB dialog, shown here.

•Turn the Generator ON, using a sine waveform.
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•Set the Generator and the DUT level controls to 
produce a DUT output level appropriate to your 
test. This may involve first using Auto Gen Level 
(see page 93) to set an optimal generator output 
level, or it may be that you need to make your mea-
surements relative to some standard DUT output 
level, such as 1 volt rms.

•Use RMS Level or THD+N Ratio as the graph dis-
play (Bench Mode: monitor meter), depending 
upon which result you want to observe. If you are 
setting input levels in relation to a specific distor-
tion figure, see the Distortion Target paragraph 
below.

•Choose a channel that exhibits the level or distor-
tion you want as a reference, and click Set A or Set 
B to enter that value as a reference level.

•By default, the level you select will be referenced 
to the value of 0.000 dBrA (or dBrB). You can rede-
fine how you reference the selected level by enter-
ing a value other than 0.000 in the Offset field. 
The display shows the result of your choices.

Using External Source
Setting input reference levels from an external source 
is slightly different from the operation described 
above, which uses the internal generator. First, be 
sure you are configured for External Source. Go to Sig-
nal Path Setup and select None (External) for the out-
put connector in Output Configuration.

When using an external source, instead of using the 
generator you will play an audio signal from the DUT.

For setting references, you can use any mid-band 
audio sine wave signal.

Once the external signal is ON, setting an input refer-
ence is the same as using the generator: the RMS 
Level is shown on the meter bar display, and you can 
click the Set A or Set B buttons in the Set dBrA, dBrB 
dialog when your target level or THD+N reading is 
reached.

Read more about External Source in Chapter 24.

Using a Distortion Target to help set a reference 
level
If you would like to define your level reference by spec-
ifying a maximum acceptable distortion rather than a 
particular level, select the THD+N Ratio graph (Bench 
Mode: meter) to read the measured THD+N for the 
chosen channel. 

To help you determine if the distortion exceeds your 
specification, you can set a limit on the THD+N dis-
play. In Bench Mode, set a limit in the usual way. In 
Sequence Mode, you can enter a value in the Target 
THD+N: field on the graph. 

When the measured distortion for a channel exceeds 
this value the result is flagged in red. The distortion 

measurements can be filtered using the filters avail-
able in the Signal Path Setup > Input / Output. See 
Signal Path Setup > Filters on page 731 for more 
information.

Microphone Calibration /Set dBSPL1, 
dBSPL2 dialog

Microphone Calibration / Set dBSPL dialog (normal mode).

You can save two analog input reference levels and 
two digital input reference levels for a signal path 
using sound pressure level (SPL) units, so that results 
can be evaluated relative to acoustic levels. These 
saved input acoustic level references are called 
dBSPL1 and dBSPL2, and are independently set for 
analog and digital inputs. These can be referenced 
throughout the signal path when making result set-
tings by selecting dBSPL1 or dBSPL2 from the units 
menu. You can set dBSPL1 and dBSPL2 arbitrarily 
(typically using information from a microphone data 
sheet), or set them from TEDS data, or you can set 
them interactively with your DUT, while observing mea-
sured level.

Note: TEDS data are only available when
using a TEDS-enabled microphone con-
nected to an APx517, an APx1701 Trans-
ducer Interface, or a supported GRAS
Microphone Power Module.

If you would like to force all results to acoustic units 
referenced to an acoustic level, see Input References 
(Acoustic) on page 97.

Typically, dBSPL is referenced to a measurement 
microphone and a microphone calibrator, in APx Exter-
nal Source configuration, without using the APx gener-
ator.

Setting dBSPL with a calibrator
With your measurement microphone (and preampli-
fier, if required) connected and adjusted for testing,

1. Set up the measurement microphone and micro-
phone calibrator following the directions included 
with the microphone and calibrator. Turn on the 
microphone and connect it to the analyzer input.
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2. Note the calibrator acoustic output level. Depend-
ing upon the calibrator, this might be fixed at one 
level, or switchable. 94 dBSPL and 114 dBSPL are 
two common calibrator acoustic output levels.

3. Navigate to the References panel.

4. Click the Set dBSPL... button on the References 
panel. This opens the Set dBSPL1, dBSPL2 / 
Microphone Calibration dialog.

5. Enter the nominal calibrator acoustic output level 
into the Calibrator Level field. By default, this is 
94 dBSPL. 

6. Mount the calibrator on the microphone con-
nected to Channel 1 and turn it on.

7. The calibrator frequency is measured and dis-
played in the Frequency field. The mic signal is 
bandpass filtered at the measured calibrator fre-
quency to reduce extraneous low-frequency noise.

8. Click the Set 1 or Set 2 button for Channel 1. You 
can set either reference, dBSPL1 or dBSPL2 from 
this value.

9. If you have a second measurement microphone 
you would like to reference, move the calibrator to 
the second microphone.

10. Click the Set 1 or Set 2 button for Channel 1. You 
can set either reference, dBSPL1 or dBSPL2 from 
this value.

Setting dBSPL without a calibrator
If a calibrator is not available, you can enter nominal 
references in the dBSPL1 and dBSPL2 fields.

If you are using an APx517, an APx1701, or a sup-
ported GRAS Microphone Power Module, you can use 
the Calibrate from TEDS button that is available in Sig-
nal Path Setup and on the Microphone Calibration dia-
log to calibrate a TEDS-enabled measurement 
microphone. 

Microphone Calibration / Set dBSPL dialog (normal mode, 
with Calibrate from TEDS button).

To calibrate a microphone using TEDS data:

1. Open the Calibrate from TEDS dialog to use TEDS 
data to set dBSPL1 and dBSPL2 references (or to 
assign the reference value to an available channel 
in acoustic mode).

2. Select your TEDS Interface. Choices are:

•Auto, which selects the interface based on the 
current configuration. 

•APx517, selects the analyzer unbalanced 
microphone inputs. On an APx517, this is the 
same as selecting Auto.

•APx1701, selects the Transducer interface 
unbalanced microphone inputs. When Trans-
ducer Interface is configured as the input in 
the signal path, this is the same as selecting 
Auto.

•Mic Power Module, selects the external Micro-
phone Power Module. When configuring an 
APx analyzer that is not an APx517 and the 
Transducer Interface is not configured as an 
input, this is the same as Auto. A supported 
microphone power module is required to 
acquire TEDS data. See page 43.

3. Select the TEDS Data Source (APx517 and 
APx1701) or Microphone ID (Mic Power Module) 
that is connected to the TEDS microphone. The 
Microphone ID is the number between 1-99 that is 
displayed on the LED panel above the microphone 
connector on the Microphone Power Module.
Choices for TEDS Data Source are:

•Mic1 Unbalanced

•Mic2 Unbalanced

4. Click Read TEDS. 
The Serial #, Sensitivity and Frequency fields in 
the dialog will be populated with the microphone’s 
TEDS data. 
When in input “normal” mode, you can assign the 



Chapter 7: Signal Path Setup

APx500 User’s Manual 97

reference value to either or both dBSPL1 and 
dBSPL2 using the Set dBSPL1 / Set dBSPL2 
checkbox(es).
When in input Acoustic mode, you can assign the 
reference value to any available analyzer input 
channel. Choose the channel from the Apply To 
menu. The TEDS data is used to populate the 
fields for the selected channel in the Microphone 
Calibration dialog. The TEDS Sensitivity value is 
assigned to the Sensitivity and Expected Sensitiv-
ity fields, and Serial # value is assigned to the 
Serial # field.

5. Click Set Sensitivity.

Signal Path Setup: References 
(Acoustic Modes)

Output References (Acoustic)
When the Acoustic checkbox in Signal Path Setup: 
Output Configuration is checked, the Acoustic Output 
selections are available in the Acoustic tab. Checking 
Acoustic expresses the generator levels in acoustic 
units throughout the signal path.

Voltage Ratio
Voltage Ratio displays the ratio of acoustic level in Pa 
to electrical level in V, which is established in the Set 
Acoustic Output Level dialog. 

Alternatively, you can enter a known voltage ratio 
directly in the Voltage Ratio field.

Reference Freq
Reference Freq displays the frequency at which the 
voltage ratio was established, which is established in 
the Set Acoustic Output Level dialog. 

Alternatively, you can enter a known reference fre-
quency directly in the Reference Freq field.

Acoustic Output Level...
Click this button to open the Set Acoustic Output Level 
dialog. You can read more about this dialog in the next 
topic.

Input References (Acoustic)
When the Acoustic checkbox in Signal Path Setup: 
Input Configuration is checked, the Mic Cal button is 
available in the Acoustic tab which opens the Micro-
phone Calibration dialog. Checking Acoustic expresses 
the analyzer levels in acoustic units throughout the 
signal path.

Mic Cal...
Click this button to open the Microphone Calibration / 
Set dBSPL Per-channel dialog. You can read more 
about this dialog beginning on the next page.

Frequency Reference
Frequency:
Enter a global reference frequency here. The default is 
1.0000 kHz.

Set Acoustic Output Level
This topic discusses setting acoustic output refer-
ences when in Acoustic Output configuration. See pre-
vious topics in this chapter for more information about 
Acoustic Output and References.

Auto Gen Level (page 93) is a similar feature used 
when not in Acoustic Output configuration.

Set Acoustic Output Level uses generator regulation to 
automatically determine the APx generator level that 
results in a specified acoustic level (the Target Value) 
in the acoustic test space. Since the analyzer outputs 
are voltage outputs and acoustic levels are measured 
in Pa or dBSPL, an acoustic output signal path must 
have scaling factor associated with it. This is called 
the Voltage Ratio, and it is expressed in Pa/V. The 
Voltage Ratio is set interactively here in the Set Acous-
tic Output Level dialog by regulating the generator out-
put to the desired acoustic Target Value, and is 
entered in the References panel as the Voltage Ratio 
value. Read more about regulation on page 567.

Operation
Your acoustic devices should be placed in the acous-
tic test space and set up for testing. 

Typically, these include a loudspeaker and a measure-
ment microphone placed in an acoustic testing space, 
properly oriented and placed at a standard distance 
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from each other. The loudspeaker is connected to the 
APx generator output via a power amplifier (such as 
the APx1701), and the microphone is connected to an 
APx analyzer input.

Before using Set Acoustic Output Level, a microphone 
calibration must be performed to establish the micro-
phone sensitivity.

Once you have set up your acoustic devices, proceed 
to Signal Path Setup > Input/Output and check the 
Acoustic Output and Acoustic Input checkboxes in Out-
put and Input Configuration. The Acoustic checkboxes 
are only available for analog configurations.

In Signal Path Setup > Input/Output > Output Configu-
ration, or on the References panel, click Acoustic Out-
put Level... to open the Set Acoustic Output Level 
dialog. In APx500 4.4, this dialog has been refac-
tored. The regulation functions remain essentially the 
same, but controls have been clarified and new con-
trols added

.

Regulate:
This control selects the parameter in the DUT output 
you want to regulate. For Set Acoustic Output Level, 
there is only this choice:

•RMS Level

Input:
This control is available if there are multiple simulta-
neous inputs configured. It selects the input to moni-
tor when attempting to find the target value.

To:
This control selects the value you want to attain in the 
regulated parameter. For Set Acoustic Output Level, 
there is only this choice:

•Target Value
Find a specific Target Value, set in the following 
field.

Target Value:
Enter the Target Value you want to attain here. The 
Target Value is the sound pressure level you would like 
to attain. Be sure that the APx Input Configuration is 
set to Acoustic, and that your microphone is cali-
brated and set as an APx Acoustic input reference.

On:
This control selects the DUT channel to be regulated. 
For Set Acoustic Output Level, there is only this 
choice:

•Specific channel
Set the channel to which the measurement micro-
phone is connected in the Channel  field.

Channel
Select the measurement microphone input channel 
here.

Adjust:
The Adjust control selects the APx controlled parame-
ter that will be adjusted to find the regulated DUT 
parameter. For Set Acoustic Output Level, there is only 
this choice:

•Gen Level 

Start Value:
The Start Value is the first generator setting where a 
measurement is made. If it is lower than the Stop 
Value, then it is also the lowest generator setting 
where a measurement is made. If it is higher than the 
Stop Value, then it is the highest generator setting 
where a measurement is made.

The regulation search proceeds from Start
Value to Stop Value; your choices for these
values determine the direction (up or down)
of the search.

Stop Value:
If the Stop Value is higher than the Start Value, then 
the Stop Value is the highest generator setting where 
a measurement is made. If the Stop Value is lower 
than the Start Value, then the Stop Value is the low-
est generator setting where a measurement is made. 
The Stop Value is also the last generator setting where 
a measurement is made in the initial search for an 
interval containing a measured value of the type that 
is sought.
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The higher of Start Value or Stop Value also
serves to limit the maximum APx generator
output, protecting your amplifier and loud-
speaker.

Initial Steps:
Initial Steps sets the number of intervals dividing the 
generator level range between Start Value and Stop 
Value. The default setting is 2. Depending upon the 
characteristics of the DUT, greater values may provide 
better performance.

Frequency:
The Frequency control sets the frequency of the stimu-
lus signal for regulation. By default, it is 1 kHz. Lower 
or higher frequencies might be more appropriate for 
various driver or loudspeaker types, or when Output 
Equalization is applied.

For more about Start Value, Stop Value, and Initial 
Steps, read more about regulation on page 567.

Units
Units available for Acoustic Output and Acoustic Input 
configuration are

•Pa

•dBSPL

Read more about units in chapter 109.

Microphone Calibration / Set dBSPL 
Per-channel dialog

This topic discusses microphone calibration and set-
ting dBSPL input references when in Acoustic Input 
configuration.

Since the analyzer inputs are voltage inputs, an acous-
tic input signal path must have scaling factor associ-
ated with it. This is the Sensitivity input reference, 
expressed in V/Pa. Sensitivity is set interactively (or 
entered as a known value from the microphone speci-
fication) here in the Mic Cal / dBSPL dialog, and is dis-
played in the References (acoustics) dialog.

Microphone Calibration / Set dBSPL Per-chan-
nel
For this topic to be relevant, you must go to Signal 
Path Setup > Input Configuration and set a check in 
the Acoustic checkbox to enter Acoustic Input configu-
ration. 

In Acoustic Input configuration, you can set input refer-
ence levels in acoustic units (dBSPL or Pa) inde-
pendently for each input channel. This allows you to 
use multiple microphones in an acoustic measure-
ment, where each microphone has been inde-
pendently referenced to a microphone calibrator.

Setting dBSPL with a microphone calibrator
Calibration of a measurement microphone in an 
acoustic signal path requires a measurement micro-
phone and a microphone calibrator.

The calibrator frequency is measured and displayed in 
the Frequency field. The mic signal is tightly bandpass 
filtered at the measured calibrator frequency to 
reduce extraneous noise.

1 Set up the measurement microphone(s), preampli-
fiers and acoustic calibrator following the direc-
tions included with the microphones and the 
calibrator. Turn on the microphones and preamps. 
Connect the preamp outputs to APx inputs.

2. Note the calibrator acoustic output level. Depend-
ing upon the calibrator hardware, this might be 
fixed at one level, or switchable. 94 dBSPL and 
114 dBSPL are two common calibrator acoustic 
output levels.

3. In APx, go to Signal Path Setup > Input/Output and 
check the Acoustic checkbox in Input Configura-
tion. You must be set to an analog input to see the 
Acoustic checkbox.

4. Go to Signal Path Setup > References and click 
the Mic Cal / dBSPL... button in Input References. 
This opens the Microphone Calibration / Set 
dBSPL Per-channel dialog.

5. Enter the nominal calibrator acoustic output level 
(check the calibrator instructions) into the Calibra-
tor Level field. By default, this is 94 dBSPL. 

6. Optional: Enter the nominal calibrator output fre-
quency into the Calibrator Frequency field. Typical 
calibrator frequencies are 250 Hz or 1 kHz.

7. Optional: Set an acceptable tolerance for fre-
quency in the Tolerance field.

8. Optional: Set the nominal microphone sensitivity 
in the Expected Sensitivity field.

9. Optional: Set an acceptable tolerance for sensitiv-
ity in the Sensitivity Tolerance field.

10. Optional: Enter a serial number or other identifying 
information in the Serial Number field.

11. Mount the calibrator on the first microphone and 
turn it on.

12. Click the Calibrate button for Channel 1.

13. Move the calibrator to the second microphone.

14. Click the Calibrate button for Channel 2.
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15. Repeat this procedure until a reference level has 
been set for each microphone.

If you have entered nominal frequency and expected 
sensitivity values, calibration results that fall within 
the tolerances you have set will be accepted without 
comment. Values outside those ranges will be marked 
in red.

Reset to Default
This button sets the Calibrator Frequency, Calibrator 
Tolerance, Expected Sensitivity and Sensitivity Toler-
ance fields to their default settings.

Units
Units available for setting Reference Levels in Acous-
tic input are

•dBSPL

•Pa

Setting dBSPL without a calibrator
If performing an acoustic calibration of the measure-
ment microphone is not possible, you can enter the 
microphone’s known sensitivity (from a specification 
or from a previous calibration) in the Sensitivity field 
for a reference setting.

If you are using a TEDS-enabled microphone with an 
APx517, an APx1701 or a supported GRAS Micro-
phone Power Module, a Calibrate from TEDS button 
will be available in Signal Path Setup and from the 
Microphone Calibration / Set DBSPL Per-channel dia-
log.
 

Microphone Calibration / Set dBSPL dialog (acoustic mode, 
with Calibrate from TEDS button).

To calibrate a microphone using TEDS data:

1. Open the Calibrate from TEDS dialog to use TEDS 
data to set dBSPL.

2. Select your TEDS Interface. Choices are:

•Auto, which selects the interface based on the 
current configuration. 

•APx517, selects the analyzer unbalanced 
microphone inputs. On an APx517, this is the 
same as selecting Auto.

•APx1701, selects the Transducer interface 
unbalanced microphone inputs. When Trans-
ducer Interface is configured as the input in 
the signal path, this is the same as selecting 
Auto.

•Mic Power Module, selects the external Micro-
phone Power Module. When configuring an 
APx analyzer that is not an APx517 and the 
Transducer Interface is not configured as an 
input, this is the same as Auto. A supported 
microphone power module is required to 
acquire TEDS data. See page 43.

3. Select the TEDS Data Source (APx517 and 
APx1701) or Microphone ID (Mic Power Module) 
that is connected to the TEDS microphone. 
The Microphone ID is the number between 1-99 
that is displayed on the LED panel above the 
microphone connector on the Microphone Power 
Module.
Choices for TEDS Data Source are:

•Mic1 Unbalanced

•Mic2 Unbalanced

4. Click Read TEDS. 
The Serial #, Sensitivity and Frequency fields in 
the dialog will be populated with the microphone’s 
TEDS data. 
Choose the channel from the Apply To menu. The 
TEDS data is used to populate the appropriate 
fields for the selected channel in the Microphone 
Calibration dialog. 
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5. Click Set Sensitivity. 
The TEDS Sensitivity value is assigned to the Sen-
sitivity and Expected Sensitivity fields, and the 
Serial # value is assigned to the Serial # field.

Signal Path Setup: Output and 
Input Switchers

Audio Precision manufactures optional switchers that 
can be used to connect or disconnect many signal 
channels (up to 192 input and 192 output channels) 
to or from the instrument, under software control. See 
general switcher operating information beginning with 
the Switchers topic.

To configure a switcher, go to Signal Path Setup and 
choose Switchers. Settings are available from the 
Input and Output tabs in the Switcher panel.

Name
You can apply a custom name to a switcher setup in 
the Name field. This name becomes the default name 

in the Export  dialog. When importing a file, the name 
of the file opened file appears in the Name field.

Switcher Address
The switcher address is the binary address that 
enables communication from the APx500 software to 
a particular switcher hardware unit. On the rear panel 
of each switcher is a DIP switch with 6 switches; the 
four switches to the left set the binary address for that 
unit. To address a switcher unit from the APx500 soft-
ware, the binary address must match on the switcher 
hardware and the switcher address controls in the 
software.

Note that the DIP switch orientation on the
hardware is such that switch order is
reversed from the digit order in ordinary
b inary  notat ion ,  an d  that  0=UP and
1=DOWN: binary number 0111 corre-
sponds to switch settings of DOWN-DOWN-
DOWN-UP. For clarity, both DIP switch posi-
tion and binary number are shown in the
control panel.
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Switcher Channels A and B
Each switcher has 2 channels called Channel A and 
Channel B, that are used to connect to 2 APx outputs 
(for an output switcher) or inputs (for an input 
switcher). These are connected to the switcher ports 
by internal relays, under the APx500 software control.

Switcher Ports
Each switcher has 12 ports that are used to connect 
to DUT channels according to your test requirements. 
An input switcher's ports are designed to connect to a 
DUT's output channels, and an output switcher's ports 
are designed to connect to a DUT's input channels. For 
each APx500 signal path, you can make a port selec-
tion for Channel A and Channel B for each addressed 
switcher.

All But ChA
The Output Switcher Channel B port selection list 
includes All But ChA as a choice. This selection con-
nects switcher Channel B to all ports except the cur-
rent port connected to Channel A.

Audio Precision manufactures optional switchers that 
can be used to connect or disconnect many signal 
channels (up to 192 input and 192 output channels) 
to the instrument inputs or outputs, under software 
control.

See Chapter 108 for information about using switch-
ers with APx500 and the APx family of instruments.

Signal Path Setup: DCX

The DCX-127 Multifunction Module is an Audio Preci-
sion accessory that provides interface and control fea-
tures not otherwise available in Audio Precision 

analyzers. Download the DCX-127 Multifunction Mod-
ule User’s Guide from the Audio Precision Web site at 
ap.com for complete operational information for the 
DCX-127.

•In Bench Mode, you can configure the DCX DMM 
(digital multimeter), the DCX DC Outputs and Auxil-
iary Outputs from the Signal Path Setup > DCX 
panel.

•In Sequence Mode, you can only configure the 
DCX DC Outputs and Auxiliary Outputs from the 
Signal Path Setup > DCX panel. However, DMM 
functions are available in DC Level (DCX) and 
Resistance (DCX) Sequence Mode measurements. 

DMM (Bench Mode only)
The DCX has a digital multimeter (DMM) that can be 
configured as DC voltmeter or an ohmmeter. 

Mode
The Mode control allows you to select the DCX meter 
mode.

•Off
The DCX meter is not enabled.

•Resistance
The DCX meter is configured to measure resis-
tance.

•DC Level
The DCX meter is configured to measure DC Level.

Range
The Range control allows you to select one of 5 fixed 
maximum meter input ranges, or Auto. The ranges are:

Rate
The Rate control allows you to select one of two meter 
reading rates.

•6/sec
Approximately 6 meter readings are taken per sec-
ond.

•25/sec
Approximately 25 meter readings are taken per 
second.

At 6/sec, DCX meter resolution is a full 4 1/2 digits. At 
25/sec, the resolution is reduced. The number of dig-
its displayed is the same but the least significant digit 
is always 5 or 0.

Resistance DC Level

2 MOhm 500 V
200 kOhm 200 V
20 kOhm 20 V
2 kOhm 2 V
200 Ohm 200 mV
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DC Outputs (Sequence Mode and Bench 
Mode)
The DCX has two DC outputs, which you can configure 
here.

•Output 1
Set the DC Output 1 voltage and ON/OFF status 
here.

•Output 2
Set the DC Output 2 voltage and ON/OFF status 
here.

The voltage range for both outputs is ±10.50 V. These 
outputs have relatively low current capability (20 mA) 
and should be used as control or signal voltages, not 
as supply voltages.

Auxiliary Outputs (Sequence Mode and 
Bench Mode)
The DCX has four auxiliary (GPIO) output ports, similar 
in function, capability and user interface to the APx 
Aux Control Out port.

Configure the output ports here.

Ports A, B, and C are general-purpose 8-bit digital 
ports, available on 9-pin D-Sub connectors on the 
DCX-127 rear panel. Pin 9 is the common (ground) 
connection; pins 1–8 are numbered to correspond 
with bits 1–8.

Port D is a general-purpose 8-bit digital port, available 
on a 15-pin D-Sub connector labeled J141 on the DCX-
127 rear panel. Pins 1, 14, and 15 are the common 
(ground) connection; pins 10 and 11 are +5 V dc; pin 
12 is +15 V dc; pin 13 is –15 V dc, and pins 2–9 cor-
respond with bits 1–8 respectively.

Signal Path Setup: Clocks

The features and controls described here require the 
Advanced Master Clock, a standard feature on the 
APx555 and an option on modular APx analyzers. 
When the Advanced Master Clock is present, these 
inputs and outputs are available on connectors on the 
APx rear panel.

Overview
Signal Path Setup: Clocks is the control panel for 
selecting the reference for the APx master clock time 
base, for making clock reference input and output set-
tings, and for applying an internally generated jitter 
signal to APx digital outputs.

Reference/Sync Output
Output Rate:

•Track Output SR
When Track Output SR is set, the Reference and 
Sync outputs track the current APx output sample 
rate.
When the APx output is digital, the Reference and 
Sync output rates are set to the current output 
sample rate, as set in Signal Path Setup: Output 
Configuration. 
When the APx generator is playing a waveform, the 
Reference and Sync output rates are set to the 
sample rate of the waveform. 
When the APx output is the DAC generator, the 
Reference and Sync output rates are fixed at 
192 kHz, unless an arbitrary Generator Waveform 
of a different rate is loaded. When the APx output 
is the High Performance Sine Generator, the Refer-
ence and Sync outputs are muted.



Chapter 7: Signal Path Setup

104 APx500 User’s Manual

•Custom
When Custom is set, the Custom Rate field is avail-
able. The rate set in this field will be the DARS Ref-
erence and Sync Output Rates, which track 
together from 8 kHz to 216 kHz. If you enter a rate 
between 216 kHz and 50 MHz, the Sync Output 
will use that rate, but the DARS Reference Output 
will mute.

The Reference/Sync Output is unavailable
in certain configurations when Output Rate
is set to Custom, due to limited resources.
See Clock Availability on page 105.

•Custom Rate
Enter the Custom Rate here. The acceptable range 
is 8 kHz to 50 MHz. The DARS Reference Output 
range is restricted to a maximum frequency of 
216 kHz.

Sync Out Level
Set the Sync Out level here. Minimum is 0.8 V; maxi-
mum is 3.6 V; default is 3.3 V.

Sync Out Polarity
Select Normal or Inverted.

Reference/Sync Input
Timebase Reference:

•Internal
The APx timebase is referenced to an internal crys-
tal oscillator. Signals at the Reference In and Sync 
In connectors are ignored.

•Ext. AES11 DARS (XLR)
The APx timebase is referenced to the digital sig-
nal at the AES11 DARS In XLR jack on the rear 
panel.

•Ext. Sync (BNC)
The APx timebase is referenced to the square 
wave sync signal at the Sync In BNC jack on the 
rear panel.

Ext. Reference Rate:
When using an external Timebase Reference, you 
must specify the nominal rate of the external signal. 

For the DARS input, the range is 8 kHz to 216 kHz. For 
the Sync input, the range is 4 kHz to 49.1520 MHz.

DARS Termination:
The DARS signal is a special version of an AES3 
(IEC60958-4) signal. AES3 signals should be termi-
nated in an impedance of 110 ohms, or bridged by a 
high impedance.

•High Impedance
This setting is useful when bridging a digital con-
nection (as with a “Y” cable). A balanced digital 
connection should be properly terminated in 
110 ohms at the end of its run. 

•110 ohms
With this set, the DARS Reference input is termi-
nated in a resistance of 110 ohms. This is the cor-
rect setting for terminating a balanced digital 
audio connection for AES3 / AES-EBU / IEC60958-
4 professional formats. 

Jitter Generator
Read more about jitter on page 106.

Jitter is the variation in time of an event, such as a 
clock signal, from nominal. In APx analyzers, jitter gen-
eration is only available for I/O modules that support 
jitter, and only when the Advanced Master Clock is 
installed. An APx digital or sync output signal that is 
impaired by jitter can be used to evaluated jitter toler-
ance in downstream or synchronized external devices. 

A “jitter clock” is provided as a component of the 
Advanced Master Clock system. This clock can be 
modulated in time (jittered), and applied as a refer-
ence to either a digital output or to the signals pro-
vided to the Reference Out and Sync Out connections. 
The modulating signal can be one of three wave-
forms, across a range of frequencies and levels.

Apply To
Select the signal to be impaired by jitter.

•Digital Output
This selection will apply jitter to the output of a dig-
ital module that supports output jitter, such as the 
Advanced Digital I/O module.

•Ref/Sync
This selection will apply jitter to the Reference Out 
and Sync Out signals available on the APx rear 
panel.

On/Off
Turn the jitter On or Off.

Waveform
Select a waveform for the jitter generator.

•Sine

•Square

•Noise

Frequency
For the sine and square waveforms, select a fre-
quency. The range is 2 Hz to 200 kHz.

Peak Level
Set the peak level of the jitter here. Since jitter is a 
time modulation, the level units are seconds or Unit 
Intervals (UI). 

For the sine signal, the maximum peak level varies 
with frequency, providing 1.591 µs (9.775 UI at 
48 kHz) peak level up to 20 kHz. Above 20 kHz, the 
maximum level derates at 20 dB/decade, falling to 
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159.1 ns by 200 kHz. When the jittered interface is 
PDM, sine peak level is limited to 3.5 UI. 

For the square wave or noise signals, the maximum 
peak level is 40 ns.

Units
Since jitter is a time modulation, the level units are 
seconds.

•(sec)
Choose this to show jitter in seconds.

•(UI)
Choose this to show jitter in Unit Intervals (UI), a 
unit that scales to the sample rate.

UI definition for Reference/Sync output
As discussed in Unit Intervals (UI) on page 810, the UI 
is defined differently for AES/SPDIF signals and for 
clock signals. When Apply To: is set to Reference/
Sync, and UI is selected for Units, a Define UI control 
is available for you to choose the UI definition.

Choose
•Reference Output to define the UI according to 

AES31,

or 

•Sync Output to define the UI by the telecommuni-
cations industry practice.

A jitter peak level setting field is available that uses 
the selected definition, and a reading field displays 
the jitter peak level in the alternative definition.

EQ
When the jitter waveform is sine, an EQ curve can be 
applied to the jitter generator. You can use this func-
tion to apply an EQ curve that reflects the AES3 jitter 
tolerance template for the current sample rate, or for 
any other EQ curve. The EQ curve affects the jitter gen-
erator level for both sweep and static measurements.

•None

•Create New
You can create or edit the generator EQ curve in 
Editing the Generator EQ table.

•Browse for File
Open an existing jitter generator EQ table (*.csv or 
*.xlsx file).

Clock Availability
There are rare cases where APx system resource lim-
itations affect the availability of clock outputs. If the 
configuration requires too many different clock rates, 
clock outputs such as the Digital Serial Reference 
Clock, the PDM Input Bit Clock or Reference/Sync Out 
may be unavailable and muted.

These cases often arise in configurations where the 
measurement involved has strict requirements for 

input/output sample rate relationships, such as Con-
tinuous Sweep-based measurements (Continuous 
Sweep, Frequency Response, Acoustic Response, 
Loudspeaker Production Test) and the POLQA and 
PESQ measurements, or when Custom Reference/
Sync Out rates are specified.

For detailed information, please contact Audio Preci-
sion Technical Support at techsupport@ap.com.

Signal Path Setup: Triggers

Overview
External trigger inputs and outputs are available when 
the Advanced Master Clock (AMC) is installed, and are 
available on connectors on the APx rear panel.

Trigger Output
Trigger Output sends a logic-level pulse when a cer-
tain condition is satisfied in APx. You can choose one 
of two trigger sources.

Source
Choose Audio Generator, Jitter Generator or Off. If the 
Analog Sine Generator (see page 71) is enabled in an 
APx555, it is also available as a choice.
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Output triggering points by trigger source:

Logic Level
When a Source is selected, the Logic Level field is 
available. Set the trigger out level here. Minimum is 
0.8 V; maximum is 3.6 V; default is 3.3 V.

Trigger Input
The Sequence Mode Signal Acquisition and Signal 
Analyzer measurements and the Bench Mode FFT 
measurement each have a Trigger choice called Exter-
nal Input. When this is selected, an external pulse at 
the rear-panel Trigger In connector satisfying the 
Threshold and Edge requirements (below) will start 
the measurement.

Threshold
Set voltage level threshold that will start the measure-
ment. Minimum is 0.8 V; maximum is 3.6 V; default is 
3.3 V.

Edge
Choose Rising edge or Falling edge for trigger input 
sensitivity.

More About Jitter
An excellent discussion of jitter in digital audio is 
found in the first chapter of Measurement Techniques 
for Digital Audio by the late Julian Dunn, published by 
Audio Precision. This book can be downloaded or pur-
chased in hard copy from our Web site at ap.com.

Here is an excerpt:

Jitter is the variation in the time of an event—such as 
a regular clock signal—from nominal.

For example, the jitter on a regular clock signal is the 
difference between the actual pulse transition times 
of the real clock and the transition times that would 

have occurred had the clock been ideal, that is to 
say, perfectly regular.

Against this nominal reference, the zero-crossing 
transitions of many of the pulses in a jittered data 
stream are seen to vary in time from the ideal clock 
timing. Expressed another way, jitter is phase modu-
lation of the digital interface signal.

The jitter component can be extracted from the clock 
or digital interface signal to be analyzed as a signal in 
its own right. Among the more useful ways of charac-
terizing jitter is by examining its frequency spectrum 
and identifying the significant frequency components 
of the jitter itself.

Measuring Jitter

When very little jitter is present, the pulse transitions 
are moved back or forth by only small measures of 
time. When the jitter is increased, the transitions 
move across a larger range of times.

Jitter amplitude, then, is a measure of time displace-
ment and is expressed in units of time, either as frac-
tions of a second or unit intervals. For those new to 
jitter measurement, this can lead to some discon-
certing graph labels, with time on the vertical axis 
versus time on the horizontal axis, for example.

Jitter frequency is the rate at which this phase-shift-
ing is taking place. Like other noise or interference 
signals, the jitter modulation signal can be a pure 
and regular sine wave, a complex waveform or have a 
completely random character.

The Unit Interval

The unit interval (UI) is a measure of time that scales 
with the interface data rate, and is often a conve-
nient term for interface jitter discussions. The UI is 
defined as the shortest nominal time interval in the 
coding scheme. For an AES3 signal at a 48 kHz 
frame rate, there are 32 bits per subframe and 

Trigger Source Trigger goes high at Trigger goes low at

High Performance Sine Generator (HPSG) positive sine peak negative sine peak
Enhanced Analog Generator (EAG) positive-going zero crossing negative-going zero crossing
Burst sine At start of high-level burst At end of high-level burst
Jitter Generator (sine, square) positive-going zero crossing negative-going zero crossing
Jitter Generator (noise) --- ---
Sine (DAC) positive-going zero crossing negative-going zero crossing
Sine plus offset (DAC) positive-going zero crossing of sine negative-going zero crossing of sine
Sine split frequency (DAC) positive-going zero crossing of freq A negative-going zero crossing of freq A
Sine split phase (DAC) positive-going zero crossing of freq A negative-going zero crossing of freq A
Square positive-going zero crossing negative-going zero crossing
IMD (DAC) positive-going zero crossing of freq 1 negative-going zero crossing of freq 1
DIM positive-going zero crossing of square negative-going zero crossing of square
Arbitrary/coded waveform First sample Second sample
Noise, all types --- ---
Bit test First sample of sequence Second sample of sequence
Constant value --- ---
Walking ones/zeros --- ---
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64 bits per frame, giving a nominal 128 pulses per 
frame in the channel after bi-phase mark encoding is 
applied. So, in this case:

     1 UI / (128x48000)=163 ns

The UI is used for several of the jitter specifications in 
AES31 (the Audio Engineering Society’s standard for 
interfacing two-channel linear digital audio), with the 
result that the specifications scale appropriately with 
the data and frame rate. As an example, the dimen-
sions in UI for 96 kHz frame rates are exactly half the 
size, in seconds, as the dimensions in UI for frame 
rates of 48 kHz. This scaling matches the scaling of 
the capabilities and requirements of the receivers 
and transmitters on the interface.

Read more about time units and the Unit Interval on 
page 810.

Jitter Support in APx
Jitter generation
Normally, we strive to keep our internal master clocks 
as stable and accurate as possible. However, the 
Advanced Master Clock provides an additional clock 
that can be jittered. This clock can be applied to a jit-
ter-enabled I/O module to impair the output signal to 
test the jitter tolerance of a device under test. The 
clock can be jittered with a noise, sine, or square 
waveform.

Jitter can be applied to a jitter-enabled digital audio 
output or clock output, or to the Reference Out and 
Sync Out signals.

Note that the jitter generator can be equalized in the 
same way as other APx generators.

Jitter measurement
When a jitter-enabled digital input is selected, the 
Measure selector allows you to chose whether the 
attached meters read the embedded audio signal or 
the jitter signal. The jitter signal can be displayed in 
seconds or in UI.

Jitter measurements are only available on Input 1, and 
must be the only input type configured in the signal 
path; Input 2 must be configured as None. If Input 2 is 
changed from None to any other connector type when 
a jitter option is selected, an error message is dis-
played. When a jitter measurement is selected and a 
connector is already configured on Input 2, the option 
is given to change the Input 2 connector to None. 

Note that when jitter is selected as the measurement 
source, the Signal Path filters provide different filter-
ing options. High-pass provides a 700 Hz filter (the 
AES3 recommendation for intrinsic jitter measure-
ment) and 50 Hz.

In APx, (as in earlier Audio Precision analyzers) jitter is 
always expressed in peak units. Three detector types 
are available for jitter measurements: a peak detec-
tor, an average detector, and an rms detector. Jitter 

results from any of these detectors are scaled in peak 
units for display. Consequently, a sinusoidal signal will 
show about the same (peak) value in the display no 
matter which detector is selected, and signals with 
higher crest factors will show differing display values. 

Hardware support for jitter
An APx analyzer fitted with the Advanced Master Clock 
(AMC) and a jitter-enabled input/output module can 
measure jitter on the incoming digital stream, and can 
impair the outgoing digital stream by imposing jitter 
upon it or upon the associated clock output.

The Advanced Master Clock (AMC)
Any jitter generation or measurement capability 
requires the presence of the Advanced Master Clock 
(AMC) module. The AMC is standard on all APx555 
instruments, and can be ordered as an option for 
APx52x/58x instruments. The AMC can also be added 
to existing APx52x/58x instruments in a upgrade 
package.

The Advanced Digital Input/Output (ADIO) mod-
ule
The ADIO module supports application of generated 
jitter to the output data stream. The ADIO also sup-
ports measurement of jitter on the input data stream. 

The AMC is required for jitter.

The Digital Serial Input/Output (DSIO) module
DSIO modules require a modification to enable jitter. 
When an instrument is ordered with or upgraded to 
the AMC, an associated DSIO module will be modified 
to enable jitter. 

For a jitter-enabled DSIO module, the DSIO transmit-
ter or receiver supports application of generated jitter 
to the master clock, and to the bit and frame clocks, 
when these are derived from the APx master clock.

A jitter-enabled DSIO module also supports measure-
ment of jitter on the receiver bit clock, when receiver 
Bit and Frame Dir are set to In.

The AMC is required for jitter.

The PDM module
PDM modules shipped after early October, 2015 are 
jitter enabled. These modules carry the model nomen-
clature “228” on the front panel,  and operate under a 
firmware release of revision 4.00 or greater, indicated 
in the Help > About > Product Components field by 
FW: V4.0 in the PDM Module section. Contact your 
Audio Precision representative to upgrade your PDM 
Option module.

A jitter-enabled PDM module supports application of 
generated jitter to the clock for PDM output, when Bit 
Clk Dir is set to Out in PDM Output Settings; or appli-
cation of generated jitter to the clock for PDM input, 
when Bit Clk Dir is set to Out in PDM Input Settings. 
The PDM module also supports measurement of jitter 
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on the clock for PDM input, when the Bit Clk Dir is set 
to In in PDM Input Settings.

The AMC is required for jitter.

More About Frequency Scaling in 
APx
In sampled systems (such as digital audio systems), a 
signal is sampled at a sampling rate for conversion to 
the digital domain. When such a digital signal is recon-
verted, any change in the sampling rate will bring a 
corresponding change in the frequency of the recov-
ered signal (for very small changes, this effect 
appears as a change in phase).

Of course, nothing is perfect, and there is always a 
very small frequency error in sample rate and recov-
ered signal, but this is typically well within the toler-
ance of both engineered systems and listeners.

In some cases, however, a shift in sampling rate is 
great enough, or the tolerance of a downstream sys-
tem is small enough, that a frequency shift in the 
embedded signal must be avoided. This is the pur-
pose of the Scale Freq by: feature in APx analyzer sys-
tems.

Normally, the frequency of the embedded signal is 
related to the output sample rate or the measured 
input sample rate. Scale Freq by: allows you to relate 
the embedded audio frequency to a fixed rate that you 
define. This can be the nominal rate (the assumed 
output or input sample rate, without error), or some 
other, arbitrary rate.

Application
The sample rate of an APx clock or digital output is 
quite stable; however, applied jitter or a testing config-
uration that may allow sample rate stability to be 
degraded can affect the phase and frequency of the 
embedded audio signal, even if that sample rate is 
derived from an APx clock.

In many cases, this is of little consequence, but test-
ing that requires precise frequency accuracy (such as 
multitone or POLQA testing) may not tolerate much 
error. Also, APx digital filters frequencies are related to 
sample rate, and high jitter levels can cause poor fil-
ter tracking and instability. This is most apparent 
when making THD+N measurements. If the input sig-
nal has high levels of jitter, measurements of

THD+N levels can be in error, reading too high. Set-
ting Scale Freq by: to Fixed and entering the nominal 
sample rate will stabilize the notch filter and provide 
correct THD+N readings.

Frequency Scaling for digital outputs
ADIO outputs (and DSIO and PDM outputs, when con-
figured in a system that supports jitter generation) 

have a Scale Freq. by: control. Normally, this should be 
set to Output SR (the default). If high levels of genera-
tor jitter are applied, you may want to set Scale Freq. 
by: to Fixed and enter the nominal sample rate.

Frequency Scaling for digital inputs
DIO, ADIO, DSIO, PDM, PDM 16, and HDMI ARC inputs 
have a Scale Freq. by: control. Normally, this should be 
set to Input SR (the default). If high levels of input jit-
ter are present, you may want to set Scale Freq. by: to 
Fixed and enter the nominal input sample rate.

If you are making a sample rate sweep (available in 
Bench Mode) while measuring a digital input, you 
should set the input Scale Freq. by: to Output SR to 
track the swept sample rate.

Note: clock transport in APx supported digi-
tal formats.
The AES3/SPDIF/optical/IEC60958 digital
interfaces supported in the APx515 and in
the DIO (Digital Input/Output) and ADIO
(Advanced Digital Input/Output) modules
use one transport stream, in which audio,
metadata and sample rate  c lock are
embedded.
The DSIO (Digital Serial Input/Output), PDM
and PDM 16 modules use two or more elec-
trical connections, with a clock signal on
one line and audio data on one or more
separate lines.
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Verify Connections
(Sequence Mode)

Verify Connections
It’s easy to accidentally cross cables when preparing a 
test setup. Verify Connections allows you to check your 
connections by sending and receiving tones on the 
channels you are using.

The Verify Connections panel is at the bottom of the 
Signal Path Setup column, providing diagnosis fea-
tures for signal interconnection and format in the 
associated displays at the right side of the Work-
space. The Verify Connections panel can be hidden.

Verify Connections is not available when Output Con-
figuration is set to None (External).

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator Off/On
With all your connections made, click Generator On. 
APx500 will apply the waveform to the selected Test 
Channel (by default, all channels are selected).

Waveform
See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

Test Channel
From the dropdown menu, use All Channels or select 
an individual channel to check for cross-connection.

High Performance Sine Generator / DAC Genera-
tor
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Channels
Assign the generator to output channels. By default, 
all active output channels are selected.

Verifying your Connections
With all your connections made, click Generator On. 
APx500 will apply the waveform to the selected chan-
nel (by default, All Channels are selected).

Use the Monitors
The Monitors are always available, giving you a simul-
taneous view of Scope, Spectrum, Meter or Metadata 
displays of the input signal(s).

Check RMS Level
View the RMS Level results. From the dropdown menu, 
use All Channels or select an individual channel to 
check for cross-connection.

Check Gain
View the Gain result to evaluate the DUT gain.
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Check THD+N Ratio
Click the THD+N Ratio result to view the signal distor-
tion.

Bits and Error Rate: Diagnostics for Digital Sig-
nal Paths
For signal paths with both a digital output and input, 
you can apply special waveforms and measurements 
as diagnostic tests for digital signal paths. These tools 
can be helpful in diagnosing digital connection prob-
lems such as “stuck bits.” When the Output Configura-
tion is digital, the Verify Connections Generator will 
show:

•Bit test

•Walking Zeros 

•Walking Ones 

        and

•Constant Value 

as generator waveform choices. (You could also use a 
properly formed digital file using these signals as a 
generator waveform or external source). 

Read more about these special waveforms beginning 
on page 82.

Choose the Bits or Error Rate results.

Bits Result (digital only)
This view shows a real-time display of the audio bit-
stream. The bits are numbered from the MSB (most 
significant bit, bit 24) to the LSB (least significant bit, 
bit 1). It can be used with any waveform, but is most 
useful with these special waveforms:

•Walking Zeros

•Walking Ones

•Constant Value

Active Bits
When Active Bits is set, any bit that changes state 
during the diagnostic period (about 1/4 second) is 
shown as highlighted with color. Inactive bits are 
shown as white.

Data Bits
When Data Bits is set, the logical state (binary 1 or 
binary 0) of each bit in the audio word is shown. This 
is updated at the end of each diagnostic period (about 
1/4 second). Binary 1 is shown in highlighted color; 
binary 0 is shown as white.

Note: The audio word may be any length
between 32 bits and 8 bits, depending
upon the Bit Depth setting in Signal Path
Setup. 

Error Rate Result (digital only)
This view recognizes Audio Precision bit-accurate 
waveforms, including

•Bit Test
(This is usually the best choice for digital error rate 
measurements.)

•Walking Zeros

•Walking Ones

•Constant Value

When one of these bit-accurate waveforms is received 
with every sample at precisely the same value as was 
generated, zero errors are reported and an error rate 
of 0.000% is displayed. 

When one of these waveforms is received with sam-
ple values different from the values in the original 
waveform, each differing sample is reported as one 
error, and the rate is calculated.

Read more about bit-accurate measurements begin-
ning on page 349.



APx500 User’s Manual 111

9

SPS: APx515 Analog I/O

Introduction
This chapter discusses the Signal Path Setup analog 
I/O configurations for the APx515 analyzer. For other 
APx515 I/O configurations, go to 

•DIO (digital I/O) configurations, Chapter 14.

•ASIO configurations, Chapter 23. (This is a soft-
ware option for some APx analyzers. See Software 
Options on page 241.)

•External Source configuration (open-loop, using no 
generator output), Chapter 6.

•File Input configurations, Chapter 24.

Common Signal Path Setup I/O Settings
•Acoustic (output) mode and output EQ are com-

mon to all analyzer analog output configurations,

•Acoustic (input) mode is common to all analyzer 
analog input configurations.

•Loopback, Channel Labels, Filters and Device 
Under Test: Delay settings are common to all ana-
lyzer input configurations.

Each of these common features is discussed in the 
Input/Output topics in Chapter 7, Signal Path Setup.

Bench Mode
Bench Mode is an alternative operating interface for 
APx500, and is available as a software option some 
APx analyzers. See Software Options on page 241.

Output Configuration
The Output Configuration panel allows you to select 
the number of output channels operating for your test, 
and to choose the output format and connectors you 
will be using.

The Settings  button opens an output Settings dia-
log for each configuration, offering more detailed con-
trol.

Output: Analog Unbalanced

This selects the unbalanced analog outputs available 
on BNC connectors on the instrument front panel.

Channels
The Channels setting allows you to set the number of 
output channels (1–2) to be tested for this signal 
path.

Acoustic
Read more about output Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

EQ
Read more about output EQ in the Input/Output top-
ics in Chapter 7, Signal Path Setup.

Settings for Analog Unbalanced Out-
puts

Channels
The Channels setting appears in both Signal Path 
Setup and here in the Settings dialog.
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Source Impedance
Select the output Source Impedance here. For unbal-
anced outputs, the choices are:

•50  (default)

•600 

Output Range
Normally, APx generator outputs are automatically 
switched to an optimal gain range for a given output 
level. This provides the best generator output perfor-
mance, in terms of noise and distortion residuals.

However, the automatic range-switching can produce 
minor transients which can be annoying when ampli-
fied and played through a loudspeaker. You have the 
option of disabling the auto-ranging, and instead set-
ting a fixed output range to eliminate audible tran-
sients. 

For acoustic testing, where environmental noise and 
DUT distortion are often orders of magnitude above 
APx generator performance, setting a fixed range 
should not affect results.

Auto Range
When this box is  checked (the default for most ana-
log output configurations), the APx generator output 
will automatically switch output gain ranges for best 
performance. 

When this box is unchecked , the APx generator 
minimum output range is fixed at the value set in Mini-
mum Range. This can eliminate audible range-switch-
ing transients. 

Ranges Track Ch1
When this box is  checked, the Minimum Range set 
for channel 1 will be used as the Minimum Range for 
all channels. Uncheck  the box to enter different 
ranges for different channels.

What is Minimum Range?
When setting a fixed range, first determine what the 
maximum level will be for your test. Then set Mini-
mum Range to a value somewhat above your expected 
maximum level. For example, if your required output 
voltage is 0.8 V, you might set Minimum Range to 
1.0 V.

The generator range will not be automatically switched 
as long as project generator levels do not exceed this 
value. If, at run time, a generator level exceeds the 
value in Minimum Range, the generator output range 
will be switched to the next higher range to accommo-
date the generator level.

Since, as mentioned above, generator noise and dis-
tortion residuals are typically far below real test condi-
tions, in the vast majority of cases we recommend 
that you set a fixed level Minimum Range to the high-
est value possible for your APx analyzer.

Range Maximum
Range Maximum is an informative field that displays 
the actual maximum voltage available in your ana-
lyzer, for the range chosen by your entry in Minimum 
Range.

Output: Analog Balanced

This selection enables the balanced analog outputs 
available on XLR3 male connectors.

Channels
The Channels setting allows you to set the number of 
output channels (1–2) to be tested for this signal 
path.

Acoustic
Read more about output Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

EQ
Read more about output EQ in the Input/Output top-
ics in Chapter 7, Signal Path Setup.

Settings for Analog Balanced Outputs

Channels
The Channels setting appears in both Signal Path 
Setup and here in the Settings dialog.

Source Impedance
Select the output source impedance here. For bal-
anced outputs, the choices are:

•100 

•600 
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Configuration
The Configuration control sets the Normal Mode / 
Common Mode Test (CMTST) configuration for the bal-
anced analog outputs, for all measurements.

Configuration choices are:

•Normal
The default, differentially balanced output configu-
ration. Signal plus (+) is connected to pin 2; signal 
minus (–) is connected to pin 3. This is the recom-
mended setting for all measurements.

•CMTST
A fixed common-mode output configuration. Signal 
plus (+) is connected to both pin 2 and pin 3, sig-
nal minus (–) is connected to pin 1 (ground). This 
configuration is recommended only for common-
mode testing.

Setting a common mode configuration for all measure-
ments can produce unexpected results. For Sequence 
Mode common mode rejection ratio tests, use the 
CMRR measurement instead.

Output Range
Normally, APx generator outputs are automatically 
switched to an optimal gain range for a given output 
level. This provides the best generator output perfor-
mance, in terms of noise and distortion residuals.

However, the automatic range-switching can produce 
minor transients which can be annoying when ampli-
fied and played through a loudspeaker. You have the 
option of disabling the auto-ranging, and instead set-
ting a fixed output range to eliminate audible tran-
sients. 

For acoustic testing, where environmental noise and 
DUT distortion are often orders of magnitude above 
APx generator performance, setting a fixed range 
should not affect results.

Auto Range
When this box is  checked (the default for most ana-
log output configurations), the APx generator output 
will automatically switch output gain ranges for best 
performance. 

When this box is unchecked , the APx generator 
minimum output range is fixed at the value set in Mini-
mum Range. This can eliminate audible range-switch-
ing transients. 

Ranges Track Ch1
When this box is  checked, the Minimum Range set 
for channel 1 will be used as the Minimum Range for 
all channels. Uncheck  the box to enter different 
ranges for different channels.

What is Minimum Range?
When setting a fixed range, first determine what the 
maximum level will be for your test. Then set Mini-
mum Range to a value somewhat above your expected 

maximum level. For example, if your required output 
voltage is 0.8 V, you might set Minimum Range to 
1.0 V.

The generator range will not be automatically switched 
as long as project generator levels do not exceed this 
value. If, at run time, a generator level exceeds the 
value in Minimum Range, the generator output range 
will be switched to the next higher range to accommo-
date the generator level.

Since, as mentioned above, generator noise and dis-
tortion residuals are typically far below real test condi-
tions, in the vast majority of cases we recommend 
that you set a fixed level Minimum Range to the high-
est value possible for your APx analyzer.

Range Maximum
Range Maximum is an informative field that displays 
the actual maximum voltage available in your ana-
lyzer, for the range chosen by your entry in Minimum 
Range.

Input Configuration
The Input Configuration panel allows you to select the 
number of input channels operating for your test, and 
to choose the input format and connectors you will be 
using. Multiple connectors can be configured for 
simultaneous input using the Input 1 and Input 2 tabs.

The Settings  button is unavailable for analog 
inputs.

Input: Analog Unbalanced

Connector
Analog Unbalanced sets both channels to the unbal-
anced analog inputs, available on BNC connectors on 
the instrument front panel.

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
If you select 1 analog input channel, a Channel menu 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.
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Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.

Termination
This control sets the input termination for both unbal-
anced input channels. Choices are:

•100 k or

•600 

Input: Analog Balanced

Connector
Analog Balanced sets both channels to the balanced 
analog inputs, available on XLR female connectors on 
the instrument front panel.

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
If you select 1 analog input channel, a Channel menu 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.

Termination
This control sets the input termination for both bal-
anced input channels. Choices are:

•200 k or

•600 

Input: Analog Custom
Connector
Analog Custom allows you to set Connector, Termina-
tion and Coupling settings independently for each 
input channel. A channel set to Unbalanced is con-
nected to a front panel BNC connector; a channel set 

to Balanced is connected to a front panel XLR female 
connector.

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
If you select 1 analog input channel, a Channel menu 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.

The Custom configuration grid
Channel

Each channel has a row for custom selections.

Connector
Select the Connector (Balanced or Unbalanced) for a 
particular channel here.

Termination
Select the Termination for a particular channel here. 
The Termination options will depend upon the Connec-
tor selection.

DC
Select the AC or DC coupling for a particular channel 
here. Note that when Input Configuration is set to Cus-
tom, the High-pass Filter selections are only AC-cou-
pled. Selecting DC in the Custom grid overrides the 
High-pass Filter selection for the channel, and sets it 
to DC-coupled. See page 90 and also Chapter 102 for 
a detailed discussion of Signal Path Setup Filters.

Filters and Device Under Test: Delay
Filters
See page 90 and also Chapter 102 for a detailed dis-
cussion of Signal Path Setup Filters. Note that analog 
system bandwidth (DAC sample rate) is set using the 
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Low-Pass Filter menu, and that AC/DC coupling is set 
using the High-pass Filter menu.

Device Under Test
Delay

See the Input/Output topics in Chapter 7, Signal Path 
Setup, for a detailed discussions of DUT Delay.
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SPS: APx517 I/O

Introduction
The APx517 analyzer has a single-channel amplified 
speaker output, 2 headphone output channels, two 
microphone inputs, and an I/O option bay. The 
speaker output can be routed through a primary or 
secondary SpeakON connector. The headphone out-
put channels can be routed through one of three user-
swappable headphone connector panels (with 1/4 
inch, 3.5 mm, or BNC connectors). The fixed micro-
phone inputs have BNC and XLR connectors. 

The APx517 is designed to drive loudspeakers and 
headphones in acoustic testing, to measure loud-
speaker impedance curves, and to power and accom-
modate both measurement microphones and 
microphones under test.

This chapter discusses the Signal Path Setup I/O con-
figurations specific to the fixed channels in the 
APx517 analyzer. For APx517 option module I/O con-
figurations, go to 

•BT DUO (Bluetooth I/O) configurations

•HDMI (HDMI+ARC) configurations

•PDM I/O configurations

•PDM 16 Input configurations

•DIO (digital I/O) configurations, Chapter 14.

•DSIO (digital serial I/O) configurations, Chapter 
16.

•ASIO configurations, Chapter 23. (This is a soft-
ware option for the APx517. See Software Options 
on page 241.)

•External Source configuration (open-loop, using no 
generator output), Chapter 6.

•File Input configurations, Chapter 24.

The APx517 does not support jitter mea-
surements. 

Common Signal Path Setup I/O Settings
•Acoustic (output) mode and output EQ are com-

mon to all analyzer analog output configurations,

•Acoustic (input) mode is common to all analyzer 
analog input configurations.

Loopback, Channel Labels, Filters and Device Under 
Test: Delay settings are common to all analyzer input 
configurations. 

Loopback is only available when Output Configuration 
is set to a digital output. When the Loopback check-
box is set, the digital input is disconnected from the 
front panel input connector and is instead connected 
internally to the digital output circuits. Loopback 
allows you to view the signal present at the digital out-
put on the analyzer meters or graphs. Uncheck the 
box to disable loopback.

Each of these common features is discussed in the 
Input/Output topics in Chapter 7, Signal Path Setup.

Bench Mode
Bench Mode is an alternative operating interface for 
APx500, and is available as a software option for the 
APx517. See Software Options on page 241.

Output Configuration
The Output Configuration panel allows you to select 
the number of output channels operating for your test, 
and to choose the output format and connectors you 
will be using.

The Settings  button opens an output Settings dia-
log for each configuration, offering more detailed con-
trol.

Output: Power Amplifier

Output
The power amplifier output can be routed through 
either of two SpeakON connectors on the instrument 
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front panel. The Output setting allows you to select the  
SpeakON connector. Choices are A or B.

EQ
Read more about output EQ in the Input/Output top-
ics in Chapter 7, Signal Path Setup.

Output: Headphone Amplifier

This selection enables the headphone outputs. The 
headphone connector panels can be changed or 
replaced, and are available with one of three connec-
tor types:

•BNC connectors

•1/4 inch jack

•3.5 mm jack

Outputs
The Outputs setting allows you to select the head-
phone amplifier output channels (Right, Left, or Both). 
The default selection is Both.

Impedance
Select the channel to use for current and voltage 
sense when measuring impedance. If only one chan-
nel is selected as an output, the selected channel is 
automatically set as the impedance channel.

EQ
Read more about output EQ in the Input/Output top-
ics in Chapter 7, Signal Path Setup.

Input Configuration
The Input Configuration panel allows you to select the 
number of input channels operating for your test, and 
to choose the input format and connectors you will be 
using. Input configurations other than mic inputs and 
file inputs are available when a corresponding mod-
ule is installed in the APx517 chassis and are docu-
mented in their respective sections.

The Settings  button is unavailable for analog 
inputs.

Input: Mic Input

Connector
Mic Input sets both channels to the microphone 
inputs, available on balanced (XLR) and unbalanced 
(BNC) connectors on the instrument front panel. The 
microphones can be set to balanced or unbalanced 
independently using the Ch1 and Ch2 microphone 
connector options. 

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for the signal path. 
If you set the input channel to 1, a Channel setting 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Microphone Ch1 & Microphone Ch2
Sets connector, AC/DC coupling, and power delivery 
for each microphone independently. 

Connector options include:

•Balanced

•Unbalanced

•CCP Self-test (see page 120)

When CCP Self-test is selected, CCP is auto-
matically turned on and the connector is set
to DC coupled. These settings are retained
until the Balanced or Unbalanced connec-
tor is selected.
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Power options for unbalanced connectors include:

•DCV 
Provides a constant DC voltage from 100 mV to 
12 V. Default is 100 mV. Power coupling is auto-
matically set to AC.

•CCP 
Provides a constant current of 4 mA or 10 mA. 
Default is 4 mA. Power coupling is automatically 
set to AC.

•None 
The APx517 does not supply power to the micro-
phone. Power coupling can be set to AC or DC.

Power options for balanced connections include:

•Phantom
+48 V phantom power can be provided to the 
APx517 balanced microphone inputs. Power cou-
pling is automatically set to AC.

•None 
The APx517 does not supply power to the micro-
phone. Power coupling can be set to AC or DC.

Mic Cal... or Set dBSPL...
Opens one of two microphone calibration dialogs, 
depending on whether the Acoustic checkbox is 
checked or unchecked. When Acoustic Mode is 
checked, it is labeled Mic Cal and opens the Micro-
phone Calibration / Set dBSPL Per-channel dialog. 
When Acoustic Mode is not checked, the button is 
labeled Set dBSPL and opens the Microphone Calibra-
tion / Set dBSPL1, dBSPL2 dialog.

Calibrate from TEDS...
Opens the Calibrate from TEDS dialog. You can cali-
brate a TEDS-enabled measurement microphone from 
its TEDS data. TEDS data can be read when a micro-
phone is attached to an APx517, an APx1701, or a 
supported GRAS Microphone Power Module (See page 
43). See also “Setting dBSPL without a calibrator” on 
page 96.

Input: Impedance Monitor

Connector
Impedance Monitor acquires voltage and current 
sense data using the VDRVR and VSENSE channels. 

The VDRVR channel measures the voltage drop across 
speaker terminals, using leads connected through the 
SpeakON connector (pins 2+ and 2-). For both the 
power amplifier and the headphone amplifier, the 
VDRVR measurement is made internally. 

The internal VSENSE channel determines the voltage 
across an internal resistor for use in impedance mea-
surements. Since VSENSE is measured internally, no 
physical connections need to be made for the VSENSE 
channel.

Impedance Test Configuration: Power Amplifier

Impedance Test Configuration: Headphone Amplifier

Input: Current Monitor

Connector
Current Monitor measures the current of the amplifier 
output using a 0.1 Ohm sense resistor connected in 
series on the output circuit of each amplifier (power 
amp and headphone amp), as shown in the imped-
ance test configuration examples. The voltage across 
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this resistor is used by the APx517 to calculate the 
current flowing through the amplifier output circuit.

Filters and Device Under Test: Delay
Filters
When the Input Connector is set to Mic, filter and EQ 
settings are applied only to the microphone channels 
(Ch1 and Ch2), and are not applied to the VSENSE or 
VDRVR channels. 

When the Input Connector is set to Impedance Moni-
tor or Current Monitor, filter settings are applied for 
VSENSE and VDRVR channels. Making changes to filter 
settings will affect measurement results. Using the 
default filter settings is recommended. Filter defaults 
for Impedance Monitor and Current Monitor are:

•High -pass: DC

•Low-pass: ADC passband

See page 90 and also Chapter 102 for a detailed dis-
cussion of Signal Path Setup Filters. Note that analog 
system bandwidth (ADC sample rate) is set using the 
Low-Pass Filter menu, and that AC/DC coupling is set 
using the High-pass Filter menu.

Device Under Test
Delay

See the Input/Output topics in Chapter 7, Signal Path 
Setup, for a detailed discussions of DUT Delay.

TEDS Support
The APx517 can read TEDS data from a TEDS compati-
ble microphone connected to an unbalanced input. 
Data can be read from a microphone from the Cali-
brate from TEDS dialog, using the TEDS Data mea-
surement (page 613), or as part of a sequence using 
the TEDS calibration sequence step (page 659).

APx517 CCP Self Test
You can view the RMS voltage applied by the CCP 
power feature for either of the APx517 unbalanced 
microphone inputs. When the CCP Self-test option is 
selected for a microphone input, the physical connec-
tor is disconnected internally from the input channel, a 
2.01k load resister is enabled, and the CCP power is 
turned on. 

The current can be monitored in the RMS Level (AC + 
DC) result in Signal Path Setup and can be measured 
and displayed in APx using the DC Level measure-
ment in Sequence Mode, or a DC Level meter in 
Bench Mode. No TEDS data can be read while in CCP 
Self-test mode.
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SPS: APx52x Analog I/O
and APx582 Analog Out

Introduction
This chapter discusses the Signal Path Setup analog 
I/O configurations for the APx520, 521, 525 and 526 
analyzers. Additionally, the Output Configuration dis-
cussed here applies to the analog outputs of the 
APx582. For other I/O configurations for these analyz-
ers, go to 

•DIO (digital I/O) configurations, Chapter 14.

•ADIO (advanced digital I/O) configurations, Chap-
ter 15. This an option that can replace the stan-
dard DIO.

•DSIO (digital serial I/O) configurations, Chapter 
16.

•HDMI+ARC I/O configuration, Chapter 17.

•Bluetooth configurations, Chapter 18.

•PDM configuration, Chapter 21.

•PDM 16 configuration, Chapter 20.

•ASIO configurations, Chapter 23.

•External Source configuration, Chapter 6.

•File Input configurations, Chapter 24.

Common Signal Path Setup I/O Settings
•Acoustic (output) mode and output EQ are com-

mon to all analyzer analog output configurations,

•Acoustic (input) mode is common to all analyzer 
analog input configurations.

•Loopback, Channel Labels, Filters and Device 
Under Test: Delay settings are common to all ana-
lyzer input configurations.

Each of these common features is discussed in the 
Input/Output topics in Chapter 7, Signal Path Setup.

Output Configuration
The Output Configuration panel allows you to select 
the number of output channels operating for your test, 

and to choose the output format and connectors you 
will be using.

The Settings  button opens an output Settings dia-
log for each configuration, offering more detailed con-
trol.

AG52 Analog Generator option
The AG52 Analog Generator option is available for 
APx525 family instruments. AG52 provides square 
wave and DIM waveforms and improved level and 
noise performance, but has no effect on the available 
analog output configuration selections.

The AG52 is a standard component for APx582 analyz-
ers.

Output: Analog Unbalanced

This selects the unbalanced analog outputs available 
on BNC connectors on the instrument front panel.

Channels
The Channels setting allows you to set the number of 
output channels (1–2) to be tested for this signal 
path.

Acoustic
Read more about output Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

EQ
Read more about output EQ in the Input/Output top-
ics in Chapter 7, Signal Path Setup.
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Settings for Analog Unbalanced Out-
puts

Channels
The Channels setting appears in both Signal Path 
Setup and here in the Settings dialog.

Source Impedance
Select the output Source Impedance here. For unbal-
anced outputs, the choices are:

•20  (default)

•50 

•75 

•100 

•600 

Output Range
Normally, APx generator outputs are automatically 
switched to an optimal gain range for a given output 
level. This provides the best generator output perfor-
mance, in terms of noise and distortion residuals.

However, the automatic range-switching can produce 
minor transients which can be annoying when ampli-
fied and played through a loudspeaker. You have the 
option of disabling the auto-ranging, and instead set-
ting a fixed output range to eliminate audible tran-
sients. 

For acoustic testing, where environmental noise and 
DUT distortion are often orders of magnitude above 
APx generator performance, setting a fixed range 
should not affect results.

Auto Range
When this box is  checked (the default for most ana-
log output configurations), the APx generator output 
will automatically switch output gain ranges for best 
performance. 

When this box is unchecked , the APx generator 
minimum output range is fixed at the value set in Mini-
mum Range. This can eliminate audible range-switch-
ing transients. 

Note: Fixed output ranging is disabled on
the APx525 or 526 with AG52 Option, when
Square Wave or  D IM waveforms  are
selected.

Ranges Track Ch1
When this box is  checked, the Minimum Range set 
for channel 1 will be used as the Minimum Range for 
all channels. Uncheck  the box to enter different 
ranges for different channels.

What is Minimum Range?
When setting a fixed range, first determine what the 
maximum level will be for your test. Then set Mini-
mum Range to a value somewhat above your expected 
maximum level. For example, if your required output 
voltage is 0.8 V, you might set Minimum Range to 
1.0 V.

The generator range will not be automatically switched 
as long as project generator levels do not exceed this 
value. If, at run time, a generator level exceeds the 
value in Minimum Range, the generator output range 
will be switched to the next higher range to accommo-
date the generator level.

Since, as mentioned above, generator noise and dis-
tortion residuals are typically far below real test condi-
tions, in the vast majority of cases we recommend 
that you set a fixed level Minimum Range to the high-
est value possible for your APx analyzer.

Range Maximum
Range Maximum is an informative field that displays 
the actual maximum voltage available in your ana-
lyzer, for the range chosen by your entry in Minimum 
Range.

Output: Analog Balanced

This selection enables the balanced analog outputs 
available on XLR3 male connectors and double 
banana connectors. The XLRs and the double 
bananas are wired in parallel.

Channels
The Channels setting allows you to set the number of 
output channels (1–2) to be tested for this signal 
path.
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Acoustic
Read more about output Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

EQ
Read more about output EQ in the Input/Output top-
ics in Chapter 7, Signal Path Setup.

Settings for Analog Balanced Outputs

Channels
The Channels setting appears in both Signal Path 
Setup and here in the Settings dialog.

Source Impedance
Select the output source impedance here. For bal-
anced outputs, the choices are:

•40 

•100 

•150 

•200 

•600 

Configuration
The Configuration control sets the Normal Mode / 
Common Mode Test (CMTST) configuration for the bal-
anced analog outputs, for all measurements.

Configuration choices are:

•Normal
The default, differentially balanced output configu-
ration. Signal plus (+) is connected to pin 2; signal 
minus (–) is connected to pin 3. This is the recom-
mended setting for all measurements.

•CMTST
A fixed common-mode output configuration. Signal 
plus (+) is connected to both pin 2 and pin 3, sig-
nal minus (–) is connected to pin 1 (ground). This 
configuration is recommended only for common-
mode testing.\CMTST (IEC pin 2)
A fixed common-mode output configuration, using 

the IEC unbalanced leg configuration. Source 
impedance is fixed at 40 . Signal plus (+) is con-
nect to pin 2 and pin 3, with an additional 10  
resistor inserted in the pin 2 leg. Signal minus (–) 
is connected to pin 1 (ground).

•CMTST (IEC pin 2)
A fixed common-mode output configuration, using 
the IEC unbalanced leg configuration. Source 
impedance is fixed at 40 . Signal plus (+) is con-
nect to pin 2 and pin 3, with an additional 10  
resistor inserted in the pin 2 leg. Signal minus (–) 
is connected to pin 1 (ground).

•CMTST (IEC pin 3)
A fixed common-mode output configuration, using 
the IEC unbalanced leg configuration. Source 
impedance is fixed at 40 . Signal plus (+) is con-
nect to pin 2 and pin 3, with an additional 10  
resistor inserted in the pin 3 leg. Signal minus (–) 
is connected to pin 1 (ground).

Setting a common mode configuration for all measure-
ments can produce unexpected results. For Sequence 
Mode common mode rejection ratio tests, use the 
CMRR measurement instead.

Output Range
Normally, APx generator outputs are automatically 
switched to an optimal gain range for a given output 
level. This provides the best generator output perfor-
mance, in terms of noise and distortion residuals.

However, the automatic range-switching can produce 
minor transients which can be annoying when ampli-
fied and played through a loudspeaker. You have the 
option of disabling the auto-ranging, and instead set-
ting a fixed output range to eliminate audible tran-
sients. 

For acoustic testing, where environmental noise and 
DUT distortion are often orders of magnitude above 
APx generator performance, setting a fixed range 
should not affect results.

Auto Range
When this box is  checked (the default for most ana-
log output configurations), the APx generator output 
will automatically switch output gain ranges for best 
performance. 

When this box is unchecked , the APx generator 
minimum output range is fixed at the value set in Mini-
mum Range. This can eliminate audible range-switch-
ing transients. 

Note: Fixed output ranging is disabled on
the APx525 or 526 with AG52 Option, when
Square Wave or  D IM waveforms  are
selected.
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Ranges Track Ch1
When this box is  checked, the Minimum Range set 
for channel 1 will be used as the Minimum Range for 
all channels. Uncheck  the box to enter different 
ranges for different channels.

What is Minimum Range?
When setting a fixed range, first determine what the 
maximum level will be for your test. Then set Mini-
mum Range to a value somewhat above your expected 
maximum level. For example, if your required output 
voltage is 0.8 V, you might set Minimum Range to 
1.0 V.

The generator range will not be automatically switched 
as long as project generator levels do not exceed this 
value. If, at run time, a generator level exceeds the 
value in Minimum Range, the generator output range 
will be switched to the next higher range to accommo-
date the generator level.

Since, as mentioned above, generator noise and dis-
tortion residuals are typically far below real test condi-
tions, in the vast majority of cases we recommend 
that you set a fixed level Minimum Range to the high-
est value possible for your APx analyzer.

Range Maximum
Range Maximum is an informative field that displays 
the actual maximum voltage available in your ana-
lyzer, for the range chosen by your entry in Minimum 
Range.

Input Configuration
The Input Configuration panel allows you to select the 
number of input channels operating for your test, and 
to choose the input format and connectors you will be 
using.

The Settings  button is unavailable for analog 
inputs.

Input: Analog Unbalanced

Connector
Analog Unbalanced sets both channels to the unbal-
anced analog inputs, available on BNC connectors on 
the instrument front panel.

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
If you select 1 analog input channel, a Channel menu 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.

Termination
This control sets the input termination for both unbal-
anced input channels. Choices are:

•100 k

•300 

•600 

Input: Analog Balanced

Connector
Analog Balanced sets both channels to the balanced 
analog inputs, available on XLR female connectors on 
the instrument front panel.

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
If you select 1 analog input channel, a Channel menu 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.
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Termination
This control sets the input termination for both bal-
anced input channels. Choices are:

•200 k

•300 

•600 

Input: Analog Custom
Connector
Analog Custom allows you to set Connector, Termina-
tion and Coupling settings independently for each 
input channel. A channel set to Unbalanced is con-
nected to a front panel BNC connector; a channel set 
to Balanced is connected to a front panel XLR female 
connector.

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
If you select 1 analog input channel, a Channel menu 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.

The Custom configuration grid
Channel

Each channel has a row for custom selections.

Connector
Select the Connector (Balanced or Unbalanced) for a 
particular channel here.

Termination
Select the Termination for a particular channel here. 
The Termination options will depend upon the Connec-
tor selection.

DC
Select the AC or DC coupling for a particular channel 
here. Note that when Input Configuration is set to Cus-
tom, the High-pass Filter selections are only AC-cou-
pled. Selecting DC in the Custom grid overrides the 
High-pass Filter selection for the channel, and sets it 
to DC-coupled. See page 90 and also Chapter 102 for 
a detailed discussion of Signal Path Setup Filters.

Filters and Device Under Test: Delay
See page 90 and also Chapter 102 for a detailed dis-
cussion of Signal Path Setup Filters. Note that analog 
system bandwidth (DAC sample rate) is set using the 
Low-Pass Filter menu, and that AC/DC coupling is set 
using the High-pass Filter menu.

Device Under Test
Delay

See the Input/Output topics in Chapter 7, Signal Path 
Setup, for a detailed discussions of DUT Delay.
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SPS: APx555 Analog I/O

Introduction
For analog sine generation in an APx555, you can 
select either DSP/DAC signal generation, or the High 
Performance Sine Generator, which uses an analog 
RC oscillator. See Chapter 6 for more information 
about these generation techniques.

On the analysis side, the APx555 has dedicated ana-
log notch filters and an additional pair of ADCs for use 
with the High Performance Sine Analyzer.

Enhanced Analog Generator
The B Series APx555 includes the Enhanced Analog 
Generator (EAG), which is also available as an upgrade 
to a legacy APx555. The additional controls associ-
ated with the EAG are not visible in the software if 
APx555 is not fitted with an EAG, and these differ-
ences are called out in the discussions in this chapter.

ADC Test
The Analog Balanced (ADC Test) output configuration 
is an option available to an EAG-equipped APx555. 
This option is designed to support design, testing and 
evaluation of analog-to-digital converter (ADC) chips.

Read about ADC Test settings beginning on page 131. 
Read more about ADC Test on page 133. Analog Bal-
anced (ADC Test) output configuration requires soft-
ware option SW-ADCTEST. See Software Options on 
page 241.

Other I/O Configurations
This chapter discusses the Signal Path Setup analog 
I/O configurations for the APx555 analyzer. For other 
I/O configurations for the APx555, go to 

•ADIO (advanced digital I/O) configurations, Chap-
ter 15.

•DSIO (digital serial I/O) configurations, Chapter 
16.

•HDMI+ARC I/O configuration, Chapter 17.

•Bluetooth configurations, Chapter 18.

•PDM configuration, Chapter 21.

•PDM 16 configuration, Chapter 20.

•ASIO configurations, Chapter 23.

•External Source configuration, Chapter 6.

•File Input configurations, Chapter 24.

Common Signal Path Setup I/O Settings
•Acoustic (output) mode and output EQ are com-

mon to all analyzer analog output configurations,

•Acoustic (input) mode is common to all analyzer 
analog input configurations.

•Loopback, Channel Labels, Filters and Device 
Under Test: Delay settings are common to all ana-
lyzer input configurations.

Each of these common features is discussed in the 
Input/Output topics in Chapter 7, Signal Path Setup.

Output Configuration
The Output Configuration panel allows you to select 
the number of output channels operating for your test, 
and to choose the output format and connectors you 
will be using.

The Settings  button opens an output Settings dia-
log for each configuration, offering more detailed con-
trol.

Output: Analog Unbalanced

This selects the unbalanced analog outputs available 
on BNC connectors on the instrument front panel.

Channels
The Channels setting allows you to set the number of 
output channels (1–2) to be tested for this signal 
path.
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Acoustic
Read more about output Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

EQ
Read more about output EQ in the Input/Output top-
ics in Chapter 7, Signal Path Setup.

Settings for Analog Unbalanced Out-
puts

Channels
The Channels setting appears in both Signal Path 
Setup and here in the Settings dialog.

Source Impedance
Select the output Source Impedance here. For unbal-
anced outputs, the choices are:

•20  (default)

•50 

•75 

•100 

•600 

Output Range
Normally, APx generator outputs are automatically 
switched to an optimal gain range for a given output 
level. This provides the best generator output perfor-
mance, in terms of noise and distortion residuals.

However, the automatic range-switching can produce 
minor transients which can be annoying when ampli-
fied and played through a loudspeaker. You have the 
option of disabling the auto-ranging, and instead set-
ting a fixed output range to eliminate audible tran-
sients. 

For acoustic testing, where environmental noise and 
DUT distortion are often orders of magnitude above 

APx generator performance, setting a fixed range 
should not affect results.

Auto Range
When this box is  checked (the default for most ana-
log output configurations), the APx generator output 
will automatically switch output gain ranges for best 
performance. 

When this box is unchecked , the APx generator 
minimum output range is fixed at the value set in Mini-
mum Range. This can eliminate audible range-switch-
ing transients. 

Note: Fixed output ranging is only enabled
for DAC generated signals. Fixed output
ranging is disabled on the APx555 when
the generator is set for High Performance
Sine or Burst Sine, or when Square Wave or
DIM waveforms are selected.

Ranges Track Ch1
When this box is  checked, the Minimum Range set 
for channel 1 will be used as the Minimum Range for 
all channels. Uncheck  the box to enter different 
ranges for different channels.

What is Minimum Range?
When setting a fixed range, first determine what the 
maximum level will be for your test. Then set Mini-
mum Range to a value somewhat above your expected 
maximum level. For example, if your required output 
voltage is 0.8 V, you might set Minimum Range to 
1.0 V.

The generator range will not be automatically switched 
as long as project generator levels do not exceed this 
value. If, at run time, a generator level exceeds the 
value in Minimum Range, the generator output range 
will be switched to the next higher range to accommo-
date the generator level.

Since, as mentioned above, generator noise and dis-
tortion residuals are typically far below real test condi-
tions, in the vast majority of cases we recommend 
that you set a fixed level Minimum Range to the high-
est value possible for your APx analyzer.

Range Maximum
Range Maximum is an informative field that displays 
the actual maximum voltage available in your ana-
lyzer, for the range chosen by your entry in Minimum 
Range.
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Output: Analog Balanced

This selection enables the balanced analog outputs 
available on XLR3 male connectors and double 
banana connectors. The XLRs and the double 
bananas are wired in parallel.

Channels
The Channels setting allows you to set the number of 
output channels (1–2) to be tested for this signal 
path.

Acoustic
Read more about output Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

EQ
Read more about output EQ in the Input/Output top-
ics in Chapter 7, Signal Path Setup.

Settings for Analog Balanced Outputs 
(EAG)

Channels
The Channels setting appears in both Signal Path 
Setup and here in the Settings dialog.

Source Impedance
Select the output source impedance here. For bal-
anced outputs, the choices are:

•40 

•100 

•150 

•200 

•600 

Config Track Ch 1
When Config Track Ch 1 is checked, the configuration 
settings for Channel 2 will be the same as the set-
tings for Channel 1. When it is unchecked, individual 
configuration settings menus will be available for each 
channel.

Ch 1 Configuration
Ch 2 Configuration (when available)

When Output Configuration is set to Analog Balanced 
the Ch 1 Configuration setting is available in the Out-
put Settings dialog (Ch 1 and Ch 2 Configuration, if 
Config Track Ch1 is unchecked. These controls set the 
normal mode / common mode / single-ended configu-
rations of the balanced analog outputs, for all mea-
surements.

Configuration choices are:

•Normal (Differential)
The default, differentially balanced output configu-
ration. Signal plus (+) is connected to pin 2; signal 
minus (–) is connected to pin 3. This is the recom-
mended setting for all measurements, with few 
exceptions.

•CMTST
A fixed common-mode output configuration. Signal 
plus (+) is connected to both pin 2 and pin 3, sig-
nal minus (–) is connected to pin 1 (ground). This 
configuration is recommended only for common-
mode testing.

•CMTST (IEC pin 2)
A fixed common-mode output configuration, using 
the IEC unbalanced leg configuration. Source 
impedance is fixed at 40 . Signal plus (+) is con-
nected to pin 2 and pin 3. The circuit is configured 
such that the pin 2 leg has a source resistance 
10 Ω greater than the pin 3 leg. Signal minus(–) is 
connected to pin 1 (ground).

•CMTST (IEC pin 3)
A fixed common-mode output configuration, using 
the IEC unbalanced leg configuration. Source 
impedance is fixed at 40 . Signal plus (+) is con-
nected to pin 2 and pin 3. The circuit is configured 
such that the pin 3 leg has a source resistance 
10 Ω greater than the pin 2 leg. Signal minus (–) is 
connected to pin 1 (ground).

Setting a fixed common mode configura-
tion (any of the CMTST choices) for all mea-
surements can produce unexpected results.
For most common mode testing, use the
CMRR or CMRR IEC measurements (Chap-
ters 31 and 32) in Normal configuration
instead. These measurement contexts auto-
matically switch in and out of a CMTST con-
figuration.
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•Single-Ended
The signal appears on pin 2, and pin 3 is 
grounded. In this condition, the maximum output 
voltage is 13.33 V rms, one-half of the maximum 
differential voltage of 26.66 V rms. Read more 
about Single-Ended configuration on page 133.

•Invert Channel 1
Invert Channel 2
When Invert Channel 1 or Invert Channel 2 is 
checked, the signal polarity between pins 2 and 3 
for that channels is inverted.
When Single-Ended is the channel's configuration 
and Invert is set, the signal appears on pin 3 and 
pin 2 is grounded.

Output Range
Normally, APx generator outputs are automatically 
switched to an optimal gain range for a given output 
level. This provides the best generator output perfor-
mance, in terms of noise and distortion residuals.

However, the automatic range-switching can produce 
minor transients which can be annoying when ampli-
fied and played through a loudspeaker. You have the 
option of disabling the auto-ranging, and instead set-
ting a fixed output range to eliminate audible tran-
sients. 

For acoustic testing, where environmental noise and 
DUT distortion are often orders of magnitude above 
APx generator performance, setting a fixed range 
should not affect results.

Auto Range
When this box is  checked (the default for most ana-
log output configurations), the APx generator output 
will automatically switch output gain ranges for best 
performance. 

When this box is unchecked , the APx generator 
minimum output range is fixed at the value set in Mini-
mum Range. This can eliminate audible range-switch-
ing transients. 

Note: Fixed output ranging is only enabled
for DAC generated signals. Fixed output
ranging is disabled on the APx555 when
the generator is set for High Performance
Sine or Burst Sine, or when Square Wave or
DIM waveforms are selected.

Ranges Track Ch1
When this box is  checked, the Minimum Range set 
for channel 1 will be used as the Minimum Range for 
all channels. Uncheck  the box to enter different 
ranges for different channels.

What is Minimum Range?
When setting a fixed range, first determine what the 
maximum level will be for your test. Then set Mini-
mum Range to a value somewhat above your expected 

maximum level. For example, if your required output 
voltage is 0.8 V, you might set Minimum Range to 
1.0 V.

The generator range will not be automatically switched 
as long as project generator levels do not exceed this 
value. If, at run time, a generator level exceeds the 
value in Minimum Range, the generator output range 
will be switched to the next higher range to accommo-
date the generator level.

Since, as mentioned above, generator noise and dis-
tortion residuals are typically far below real test condi-
tions, in the vast majority of cases we recommend 
that you set a fixed level Minimum Range to the high-
est value possible for your APx analyzer.

Range Maximum
Range Maximum is an informative field that displays 
the actual maximum voltage available in your ana-
lyzer, for the range chosen by your entry in Minimum 
Range.

Output: Analog Balanced (ADC Test)

This Output Configuration enables the balanced ana-
log outputs available on XLR3 male connectors and 
double banana connectors, and adds ADC Test fea-
tures. The XLRs and the double bananas are wired in 
parallel.

Channels
When Analog Balanced (ADC Test) is selected, the 
Channels selection field (duplicated in the Settings   
dialog) is available. The Channels setting allows you to 
set the number of output channel to be tested for the 
signal path

Acoustic
The Acoustic Output mode is not available for ADC 
Test.

ADC Test features
The ADC Test features are useful to chip manufactur-
ers testing analog to digital converter inputs, and to 
others interested in adding a common-mode DC bias 
to an analog stimulus.
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VBias
VBias is the term we have applied to a common-mode 
DC offset added to the analog stimulus signal, to 
avoid confusion with the “DC Offset” that can be 
applied to the signal in Generator panels. VBias, as 
has been said, is common-mode, an offset voltage 
that appears on both pin 2 and pin 3, referenced to 
ground. The Generator “DC Offset” appears at bal-
anced outputs as a differential DC offset, measured 
between pins 2 and 3. The range of values for VBias is 
constrained by Pin Voltage Max and Min settings and 
by the instantaneous maximum positive and negative 
voltage swings of the audio signal.

VBias On/Off
This switch enables VBias. When enabled, VBias 
remains on even when the signal generator (audio AC 
signal) is switched off.

VBias Auto On
When Auto On is enabled (checked), VBias is switched 
on when the signal generator is switched on. When 
Pin Voltage Protection is enabled, Auto On is enabled 
and cannot be switched off.

Pin Voltage Protection
Pin Voltage Protection and the associated Pin Voltage 
Max and Min settings are available to protect the con-
nected DUT from dangerous voltages referenced to 
ground. Pin Voltage is the sum of VBias and the 
instantaneous peak positive or negative voltage 
swings of the audio signal.

Pin Voltage Max
When Pin Voltage Protection is Off (unchecked), the 
range of the Pin Voltage Maximum setting is between 
the greater of the Pin Voltage Minimum setting or 
−0.4 V, and 5.7 V. When Pin Voltage Protection is on 
(checked), the range of the Pin Voltage Maximum set-
ting is between the VBias level and 5.7 V.

Pin Voltage Min
When Pin Voltage Protection is Off (unchecked), the 
range of the Pin Voltage Minimum setting is between 
−1.95 V and the lesser of the Pin Voltage Maximum 
setting or 4.2 V. When Pin Voltage Protection is On 
(checked), the range of the Pin Voltage Minimum set-
ting is between −1.95 V and the VBias level.

EQ
For analog outputs, Output Equalization allows you to 
insert a filter in the output signal path, after the APx 
generator. This enables compensation for a non-flat 
response in the device under test. Read more about 
output EQ in the Input/Output topics in Chapter 7, Sig-
nal Path Setup.

Settings for Analog Balanced Outputs 
(ADC Test)
All the settings on the Output Settings Analog Bal-
anced (ADC Test) panel are the same as the Output 

Settings Analog Balanced (EAG) settings described on 
page 129.

Input Configuration
The Input Configuration panel allows you to select the 
number of input channels operating for your test, and 
to choose the input format and connectors you will be 
using.

The Settings  button is unavailable for analog 
inputs.

Input: Analog Unbalanced

Connector
Analog Unbalanced sets both channels to the unbal-
anced analog inputs, available on BNC connectors on 
the instrument front panel.

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
If you select 1 analog input channel, a Channel menu 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.

Termination
This control sets the input termination for both unbal-
anced input channels. Choices are:

•100 k

•300 

•600 
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Input: Analog Balanced

Connector
Analog Balanced sets both channels to the balanced 
analog inputs, available on XLR female connectors on 
the instrument front panel.

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
If you select 1 analog input channel, a Channel menu 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.

Termination
This control sets the input termination for both bal-
anced input channels. Choices are:

•200 k

•300 

•600 

Input: Analog Custom
Connector
Analog Custom allows you to set Connector, Termina-
tion and Coupling settings independently for each 
input channel. A channel set to Unbalanced is con-
nected to a front panel BNC connector; a channel set 
to Balanced is connected to a front panel XLR female 
connector.

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
If you select 1 analog input channel, a Channel menu 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.

The Custom configuration grid
Channel

Each channel has a row for custom selections.

Connector
Select the Connector (Balanced or Unbalanced) for a 
particular channel here.

Termination
Select the Termination for a particular channel here. 
The Termination options will depend upon the Connec-
tor selection.

DC
Select the AC or DC coupling for a particular channel 
here. Note that when Input Configuration is set to Cus-
tom, the High-pass Filter selections are only AC-cou-
pled. Selecting DC in the Custom grid overrides the 
High-pass Filter selection for the channel, and sets it 
to DC-coupled. See page 90 and also Chapter 102 for 
a detailed discussion of Signal Path Setup Filters.

Filters and Device Under Test: Delay
Filters
See page 90 and also Chapter 102 for a detailed dis-
cussion of Signal Path Setup Filters. Note that analog 
system bandwidth (DAC sample rate) is set using the 
Low-Pass Filter menu, and that AC/DC coupling is set 
using the High-pass Filter menu.
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Device Under Test
Delay

See the Input/Output topics in Chapter 7, Signal Path 
Setup, for a detailed discussions of DUT Delay.

More About EAG Single Ended 
configuration
Single-Ended configuration is only available to the 
Analog Balanced Outputs in an APx555 with the 
Enhanced Analog Generator (EAG).

The Single-Ended configuration essentially converts 
the differential, balanced output to a single-ended, 
unbalanced output. This is a convenience in some test 
setups, especially when testing some ADC chip inputs 
that can be configured on-chip from balanced to 
unbalanced modes.

When in Normal (Differential) configuration, the sig-
nal appears differentially between pins 2 and 3 of the 
XLR connector. When in Single-Ended configuration, 
the signal appears between pin 2 and ground (when 
Invert is not set). Note that in this case the entire sig-
nal voltage is applied to pin 2; this is twice the voltage 
(referenced to ground) that is applied to pin 2 in differ-
ential mode.

This may appear identical (but more convenient) than 
switching to the Unbalanced Output using the BNC 
connector. However, there are two differences:

•The Invert switch functions with the Single-Ended 
configuration, such that the signal will appear on 
pin 2 (non-inverted) or on pin 3 (inverted).

•The low side (the shield) of the BNC connector is 
grounded through a 10 Ω resistor; the grounded 
side (whether pin 3 or pin 2) of the XLR is 
grounded through half the resistance of the cur-
rent output source impedance.

More about ADC Test
ADC Test requires a software option license key.

ADC Test is an optional balanced output configuration 
available for APx555s fitted with EAG hardware. EAG 
hardware is standard on B Series APx555s, and is 
available as an upgrade to legacy APx555s. EAG and 
ADC Test require APx500 software version 5.0 or later.

The primary feature of ADC Test is the ability to apply a 
common-mode dc offset (called VBias) to a very-low 
distortion ac audio signal for testing of high-perfor-
mance analog-to-digital converter (ADC) integrated cir-
cuits (chips) that require a common mode dc offset at 
½ VDD. Although a differential dc-biased audio signal 
is available on the XLR connector with APx DAC-based 
generators, it is not a common mode dc-bias signal.

Combined with EAG features, ADC Test can provide 
both balanced, differential output and single-ended 

output to address specific chip configurations. User-
settable protection features can limit peak voltage 
excursions applied to the chip under test. 

Use Cases for ADC Test
ADC Test is an output configuration that address a 
particular set of user needs; specifically: engineers 
involved in testing, verifying, and implementing Ana-
log-to-Digital Converter (ADC) audio-range integrated 
circuits that are powered by a unipolar supply with a 
maximum supply voltage of +5.00 Vdc, who are inter-
ested in ADC performance when a common-mode dc 
offset (called VBias) is applied (with or without the ac 
audio signal) to the ADC input(s). 

Since ADC Test is optionally available only with the 
Enhanced Analog Generator (EAG), note that all fea-
tures of the EAG are available when using the ADC 
Test output configuration.

Range Limits
The output voltages available when in ADC Test config-
uration are constrained by the sum of the dc offset 
plus the peak positive and/or negative values of the 
ac audio signal. Additionally, there are user settings 
Pin Voltage Maximum and Pin Voltage Minimum that 
constrain voltages to protect a connected device 
under test (DUT).

Limit Relationship to Generator Waveform Type 
and Frequency
Additionally, low-frequency audio signal content (below 
5 Hz) constrains the maximum output level. This is 
accomplished in one of two ways: for signals with 
known content (sines, IMD signals, APx-generated 
sweeps and chirps, etc.), the output level is con-
strained when the signal definition includes content 
below 5 Hz; for signals with unknown content that may 
contain low frequency information (noise, multitone, 
file-based arbitrary waveforms), the output level is 
always constrained.

Limit Relationship to Global Vmax
Global Vmax does not consider the Vbias, and con-
strains only the ac audio signal level.

ADC Test Limits Graph
The complex relationships between VBias, Pin Voltage 
maximum and minimum settings, and generator wave-
form type, level and frequency are discussed in detail 
in Audio Precision Technote 136. Presented here is a 
set graphs showing voltage limits for a typical exam-
ple of ADC testing, where Vdd and the Maximum Pin 
Voltage are 3.3 V, VBias is 1.65 Vdc, and the maxi-
mum ac audio differential peak voltage is 6.2 Vpp.
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SPS: APx58x Analog I/O
and APx582 Analog In

Introduction
This chapter discusses the Signal Path Setup analog 
I/O configurations for the APx585 and 586 analyzers. 
Additionally, the Input Configuration discussed here 
applies to the analog inputs of the APx582. For other 
APx585 or 586 I/O configurations, go to 

•DIO (digital I/O) configurations, Chapter 14.

•DSIO (digital serial I/O) configurations, Chapter 
16.

•HDMI+ARC I/O configuration, Chapter 17.

•Bluetooth configurations, Chapter 18.

•PDM configuration, Chapter 21.

•PDM 16 configuration, Chapter 20.

•External Source configuration, Chapter 6.

•File Input configurations, Chapter 24.

Output Configuration
The Output Configuration panel allows you to select 
the number of output channels operating for your test, 
and to choose the output format and connectors you 
will be using. 

The Settings  button opens an output Settings dia-
log for each configuration, offering more detailed con-
trol.

Output: Analog Unbalanced

This selects the unbalanced analog outputs available 
on BNC connectors on the instrument front panel. The 
source impedance for the unbalanced analog outputs 
is fixed at 50 .

Channels
The Channels setting allows you to set the number of 
output channels (1–8) to be tested for this signal 
path.

Acoustic
Read more about output Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

EQ
For the APx585 and 586, Output EQ is unavailable 
when output Channels is set to more than 2. Read 
more about output EQ in the Input/Output topics in 
Chapter 7, Signal Path Setup.

Settings for Analog Unbalanced Out-
puts

Channels
The Channels setting appears in both Signal Path 
Setup and here in the Settings dialog.
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Source Impedance
The source impedance for the unbalanced analog out-
puts is fixed at 50 .

Output Range
Normally, APx generator outputs are automatically 
switched to an optimal gain range for a given output 
level. This provides the best generator output perfor-
mance, in terms of noise and distortion residuals.

However, the automatic range-switching can produce 
minor transients which can be annoying when ampli-
fied and played through a loudspeaker. You have the 
option of disabling the auto-ranging, and instead set-
ting a fixed output range to eliminate audible tran-
sients. 

For acoustic testing, where environmental noise and 
DUT distortion are often orders of magnitude above 
APx generator performance, setting a fixed range 
should not affect results.

Auto Range
When this box is  checked (the default for most ana-
log output configurations), the APx generator output 
will automatically switch output gain ranges for best 
performance. 

When this box is unchecked , the APx generator 
minimum output range is fixed at the value set in Mini-
mum Range. This can eliminate audible range-switch-
ing transients. 

Ranges Track Ch1
When this box is  checked, the Minimum Range set 
for channel 1 will be used as the Minimum Range for 
all channels. Uncheck  the box to enter different 
ranges for different channels.

What is Minimum Range?
When setting a fixed range, first determine what the 
maximum level will be for your test. Then set Mini-
mum Range to a value somewhat above your expected 
maximum level. For example, if your required output 
voltage is 0.8 V, you might set Minimum Range to 
1.0 V.

The generator range will not be automatically switched 
as long as project generator levels do not exceed this 
value. If, at run time, a generator level exceeds the 
value in Minimum Range, the generator output range 
will be switched to the next higher range to accommo-
date the generator level.

Since, as mentioned above, generator noise and dis-
tortion residuals are typically far below real test condi-
tions, in the vast majority of cases we recommend 
that you set a fixed level Minimum Range to the high-
est value possible for your APx analyzer.

Range Maximum
Range Maximum is an informative field that displays 
the actual maximum voltage available in your ana-

lyzer, for the range chosen by your entry in Minimum 
Range.

Output: Analog Balanced

This selection enables the balanced analog outputs 
available on a 25-pin female D-Sub connector (see 
page 42) on the instrument front panel. The source 
impedance for the balanced analog outputs is fixed at 
100 . 

Channels
The Channels setting allows you to set the number of 
output channels (1–8) to be tested for this signal 
path.

Acoustic
Read more about output Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

EQ
For the APx585 and 586, Output EQ is unavailable 
when output Channels is set to more than 2. Read 
more about output EQ in the Input/Output topics in 
Chapter 7, Signal Path Setup.

Settings for Analog Balanced Outputs

Channels
The Channels setting appears in both Signal Path 
Setup and here in the Settings dialog.



Chapter 13: SPS: APx58x Analog I/O and APx582 Analog In

APx500 User’s Manual 137

Source Impedance
The source impedance for the balanced analog out-
puts is fixed at 100 .

Output Range
Normally, APx generator outputs are automatically 
switched to an optimal gain range for a given output 
level. This provides the best generator output perfor-
mance, in terms of noise and distortion residuals.

However, the automatic range-switching can produce 
minor transients which can be annoying when ampli-
fied and played through a loudspeaker. You have the 
option of disabling the auto-ranging, and instead set-
ting a fixed output range to eliminate audible tran-
sients. 

For acoustic testing, where environmental noise and 
DUT distortion are often orders of magnitude above 
APx generator performance, setting a fixed range 
should not affect results.

Auto Range
When this box is  checked (the default for most ana-
log output configurations), the APx generator output 
will automatically switch output gain ranges for best 
performance. 

When this box is unchecked , the APx generator 
minimum output range is fixed at the value set in Mini-
mum Range. This can eliminate audible range-switch-
ing transients. 

Ranges Track Ch1
When this box is  checked, the Minimum Range set 
for channel 1 will be used as the Minimum Range for 
all channels. Uncheck  the box to enter different 
ranges for different channels.

What is Minimum Range?
When setting a fixed range, first determine what the 
maximum level will be for your test. Then set Mini-
mum Range to a value somewhat above your expected 
maximum level. For example, if your required output 
voltage is 0.8 V, you might set Minimum Range to 
1.0 V.

The generator range will not be automatically switched 
as long as project generator levels do not exceed this 
value. If, at run time, a generator level exceeds the 
value in Minimum Range, the generator output range 
will be switched to the next higher range to accommo-
date the generator level.

Since, as mentioned above, generator noise and dis-
tortion residuals are typically far below real test condi-
tions, in the vast majority of cases we recommend 
that you set a fixed level Minimum Range to the high-
est value possible for your APx analyzer.

Range Maximum
Range Maximum is an informative field that displays 
the actual maximum voltage available in your ana-

lyzer, for the range chosen by your entry in Minimum 
Range.

Input Configuration
The Input Configuration panel allows you to select the 
number of input channels operating for your test, and 
to choose the input format and connectors you will be 
using. 

The Settings  button is unavailable for analog 
inputs.

Loopback
Loopback is not available for APx582, 585 or 586 
analog inputs.

Input: Analog Unbalanced

Connector
Analog Unbalanced sets all channels to the unbal-
anced analog inputs, available on BNC connectors on 
the instrument front panel. The APx586 is fitted with 8 
additional BNC connectors to provide 16 unbalanced 
inputs. 

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
If you select 1 analog input channel, a Channel menu 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.

Termination
The input termination for the unbalanced analog 
inputs is fixed at 100 k.



Chapter 13: SPS: APx58x Analog I/O and APx582 Analog In

138 APx500 User’s Manual

Input: Analog Balanced

Connector
Analog Balanced sets all channels to the balanced 
analog inputs, available on 25-pin D-Sub connectors 
on the instrument front panel. The APx586 is fitted 
with a second D-Sub connector to provide 16 unbal-
anced inputs. 

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
If you select 1 analog input channel, a Channel menu 
becomes available to allow you to choose a specific 
input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.

Termination
The input termination for the balanced analog inputs 
is fixed at 200 k.

Input: Analog Custom
Connector
Analog Custom allows you to choose Unbalanced or 
Balanced connections and Coupling settings inde-
pendently for each input channel. Channels set to 
Unbalanced are connected to the front panel BNC 
connectors, with a fixed input termination of 100 k; 
channels set to Balanced are connected to the front 

panel D-Sub connector, with a fixed input termination 
of 200 k;

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path. 
For the APx582 or 585, the maximum number of input 
channels is 8. For the APx586, the maximum number 
of input channels is 16. If you select 1 analog input 
channel, a Channel menu becomes available to allow 
you to choose a specific input channel.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Set dBSPL...
Opens the Set dBSPL dialog. You can save two analog 
input reference levels for a signal path using sound 
pressure level (SPL) units.

The Custom configuration grid
Channel

Each channel has a row for custom selections.

Connector
Select the Connector (Balanced or Unbalanced) for a 
particular channel here.

Termination
Select the Termination for a particular channel here. 
The Termination options will depend upon the Connec-
tor selection.

DC
Select the AC or DC coupling for a particular channel 
here. Note that when Input Configuration is set to Cus-
tom, the High-pass Filter selections are only AC-cou-
pled. Selecting DC in the Custom grid overrides the 
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High-pass Filter selection for the channel, and sets it 
to DC-coupled. See page 90 and also Chapter 102 for 
a detailed discussion of Signal Path Setup Filters.

Filters and Device Under Test: Delay
Filters
See page 90 and also Chapter 102 for a detailed dis-
cussion of Signal Path Setup Filters. Note that analog 
system bandwidth (DAC sample rate) is set using the 
Low-Pass Filter menu, and that AC/DC coupling is set 
using the High-pass Filter menu.

Device Under Test
Delay

See the Input/Output topics in Chapter 7, Signal Path 
Setup, for a detailed discussions of DUT Delay.



Chapter 13: SPS: APx58x Analog I/O and APx582 Analog In

140 APx500 User’s Manual



APx500 User’s Manual 141

14

SPS: Digital I/O

Introduction
Most APx Series audio analyzers have a digital input/
output interface (DIO). The software control for the 
DIO is the same for all APx Series analyzers. For infor-
mation on the other supported digital interfaces, see 
Chapter 16 (DSIO), Chapter 17 (HDMI), Chapter 18 
(Bluetooth), Chapter 21, (PDM), and Chapter 20, (PDM 
16).

An advanced digital input/output (ADIO) interface is 
also available, standard on an APx555 and an option 
for the APx525/585 family. See Chapter 15 for more 
information about the advanced digital input/output.

Output Configuration
Output: Digital Unbalanced

This selection enables the unbalanced digital electri-
cal output, available on a BNC connector on the instru-
ment front panel.

The Settings  button opens an output Settings dia-
log for each configuration, offering more detailed con-
trol.

Channels
Audio channels are fixed at two.

Sample Rate
To set the output sample rate (Fs), click the up/down 
arrows to select a standard rate, or enter an arbitrary 
value in the Sample Rate field. Minimum setting is 
8 kHz; maximum is 216 kHz. Default is 48 kHz. Sam-
ple Rate is also available in the Settings dialog.

The APx515 has a minimum output sample rate of 
22 kHz.

Settings for Digital Unbalanced Output

Embedded Audio
The Channels and Sample Rate fields in the Settings 
dialog duplicate the fields in the Output Configuration 
panel.

Bit Depth
The Bit Depth control allows you to set the output bit 
depth (also called word length). The default setting is 
24 bits, which is also the maximum setting. Minimum 
setting is 8 bits.

Enable Dither
When the Enable Dither checkbox is checked, dither is 
ON (the default). When ON, dither is set according to 
the bit depth, using TPDF (triangular probability den-
sity function) dither at ±1 LSB.

Uncheck the checkbox to turn dither OFF.

Interface
Application: Consumer

Consumer application (the default) sets two aspects 
of the unbalanced digital output signal:

1. It sets the nominal interface signal voltage at the 
unbalanced output connector to 0.5 Vpp. This is 
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the defined signal voltage for consumer applica-
tions such as SPDIF and IEC60958-3.

2. It sets the status bits for both subframes A and B 
to the consumer application. The status bits can 
be customized or even set to professional applica-
tion in the Set Status Bits / User Bits panel.

Application: Professional
Professional application sets two aspects of the unbal-
anced digital output signal:

1. It sets the nominal interface signal voltage at the 
unbalanced output connector to 1.0 Vpp. This is 
the defined signal voltage for unbalanced profes-
sional applications such as AES3id and SMPTE 
276M.

2. It sets the status bits for both subframes A and B 
to the professional application. The status bits can 
be customized or even set to consumer applica-
tion in the Set Status Bits / User Bits panel.

Metadata
Status/User Bits

This button opens the Set Status Bits / Set User Bits 
dialog. See page 725 for more information about set-
ting status bits and user bits.

Tx Valid
The last four time slots of each subframe contain a 
validity bit, a user data bit, a status bit, and a parity 
bit. By default, APx automatically transmits the bit as 
Valid for linear PCM embedded audio, and Invalid for 
coded audio.

•Auto
APx automatically transmits the validity bit as Valid 
for linear PCM embedded audio, and Invalid for 
coded audio.

•Valid
The validity bit is transmitted as Valid without 
regard to the nature of the embedded audio.

•Invalid
The validity bit is transmitted as Invalid without 
regard to the nature of the embedded audio.

Output: Digital Balanced

This selection enables the balanced digital electrical 
output, available on a male XLR connector on the 
instrument front panel.

Note: Earlier APx585/586 Series analyzers
may be fitted with a Model 109 Digital I/O
module, which does not support balanced
DIO.

Channels
Audio channels are fixed at two.

Sample Rate
To set the output sample rate (Fs), click the up/down 
arrows to select a standard rate, or enter an arbitrary 
value in the Sample Rate field. Minimum setting is 
8 kHz; maximum is 216 kHz. Default is 48 kHz. Sam-
ple Rate is also available in the Settings dialog.

The APx515 has a minimum output sample rate of 
22 kHz.

Settings for Digital Balanced Output

Embedded Audio
The Channels and Sample Rate fields in the Settings 
dialog duplicate the fields in the Output Configuration 
panel.

Bit Depth
The Bit Depth control allows you to set the output bit 
depth (also called digital word length). The default set-
ting is 24 bits, which is also the maximum setting. 
Minimum setting is 8 bits.

Enable Dither
When the Enable Dither checkbox is checked, dither is 
ON (the default). When ON, dither is set according to 
the bit depth, using TPDF (triangular probability den-
sity function) dither at ±1 LSB.

Uncheck the checkbox to turn dither OFF.

Interface
Application

The Application buttons are not available in Digital Bal-
anced output; instead, these aspects of the balanced 
digital output signal are set:

1. The nominal interface signal voltage at the bal-
anced output connector is always set to 5.0 Vpp. 
This is within the range of defined signal voltages 
for balanced professional applications such as 
AES3, AES/EBU and IEC60958-4.

2. By default, the status bits for both subframes A 
and B are set to the professional application. The 
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status bits can be customized or even set to con-
sumer application in the Set Status Bits / User 
Bits panel.

Metadata
Status/User Bits

This button opens the Set Status Bits / Set User Bits 
dialog. See page 725 for more information about set-
ting status bits and user bits.

Tx Valid
The last four time slots of each subframe contain a 
validity bit, a user data bit, a status bit, and a parity 
bit. By default, APx automatically transmits the bit as 
Valid for linear PCM embedded audio, and Invalid for 
coded audio.

•Auto
APx automatically transmits the validity bit as Valid 
for linear PCM embedded audio, and Invalid for 
coded audio.

•Valid
The validity bit is transmitted as Valid without 
regard to the nature of the embedded audio.

•Invalid
The validity bit is transmitted as Invalid without 
regard to the nature of the embedded audio.

Output: Digital Optical

This selection enables the digital optical output, avail-
able on a Toslink connector on the instrument front 
panel.

Channels
Audio channels are fixed at two.

Sample Rate
To set the output sample rate (Fs), click the up/down 
arrows to select a standard rate, or enter an arbitrary 
value in the Sample Rate field. Minimum setting is 
8 kHz; maximum is 216 kHz. Default is 48 kHz. Sam-
ple Rate is also available in the Settings dialog.

The APx515 has a minimum output sample rate of 
22 kHz.

Settings for Digital Optical Output

Embedded Audio
The Channels and Sample Rate fields in the Settings 
dialog duplicate the fields in the Output Configuration 
panel.

Bit Depth
The Bit Depth control allows you to set the output bit 
depth (also called digital word length). The default set-
ting is 24 bits, which is also the maximum setting. 
Minimum setting is 8 bits.

Enable Dither
When the Enable Dither checkbox is checked, dither is 
ON (the default). When ON, dither is set according to 
the bit depth, using TPDF (triangular probability den-
sity function) dither at ±1 LSB.

Uncheck the checkbox to turn dither OFF.

Interface
Application

The Application buttons are not available in Digital 
Optical output; instead, the status bits for both sub-
frames A and B are set to the consumer application. 
The status bits can be customized or even set to pro-
fessional application in the Set Status Bits / User Bits 
panel.

Metadata
Status/User Bits

This button opens the Set Status Bits / Set User Bits 
dialog. See page 725 for more information about set-
ting status bits and user bits.

Tx Valid
The last four time slots of each subframe contain a 
validity bit, a user data bit, a status bit, and a parity 
bit. By default, APx automatically transmits the bit as 
Valid for linear PCM embedded audio, and Invalid for 
coded audio.
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•Auto
APx automatically transmits the validity bit as Valid 
for linear PCM embedded audio, and Invalid for 
coded audio.

•Valid
The validity bit is transmitted as Valid without 
regard to the nature of the embedded audio.

•Invalid
The validity bit is transmitted as Invalid without 
regard to the nature of the embedded audio.

Input Configuration
Operation with absent or corrupt interface sig-
nal
When Input Configuration is set to a digital input and 
no signal is present, or if the signal is corrupt or out of 
range, the input receiver cannot lock (synchronize) to 
the interface signal, and no valid audio can be recov-
ered. The sample rate indicator in the Status Bar will 
display an “unlocked” warning, and any measurement 
result referencing audio from the unlocked input will 
display an “----” (invalid) result. See page 754 for more 
about invalid results.

The Settings  button is unavailable for DIO inputs.

Input: Digital Unbalanced

This selection enables the unbalanced digital electri-
cal input, available on a BNC connector on the instru-
ment front panel. 

Channels
Audio channels are fixed at two.

Bit Depth
The Bit Depth control allows you to set the input bit 
depth (digital word length). The default setting is 24 
bits, which is also the maximum setting. Minimum set-
ting is 8 bits. The input signal is truncated (not dith-
ered down) if Bit Depth is set to a lower value than Bit 
Depth of the signal. 

We recommend that you use the default setting of 24 
bits, unless you have a special application that 
requires that you mask out low-order bits.

75 ohm Termination checkbox
When Digital Unbalanced is selected, the 75 ohm Ter-
mination checkbox is available on the panel. When 
this checkbox is set (the default), the digital unbal-
anced input is terminated in a resistance of 75 . This 
is the correct setting for terminating an unbalanced 
digital audio connection for both the SPDIF / 
IEC60958-3 (consumer) and AES-3id / SMPTE276M 
(professional) formats. If you uncheck the checkbox, 
the digital unbalanced input is unterminated. An 
unterminated setting is useful when bridging a digital 
connection (as with a “T” connector). An unbalanced 
digital connection should be properly terminated in 
75  at the end of its run. 

Scale Freq By:
•Input SR

For most testing, use Input SR (the default).

•Output SR
If sample rate is being swept, you may want to use 
the output sampling rate as the scaling reference.

•Fixed
If jitter is present on the input signal, you may 
want to reference the sampled audio data to a 
fixed rate, rather than the jittered input rate. This 
may improve phase and frequency stability of the 
embedded audio. Set Scale Freq By: to Fixed, and 
enter the nominal input sample rate in the Fixed 
Rate field. 

See More About Frequency Scaling in APx on page 
108 for a detailed explanation.

Input: Digital Balanced

Note: Earlier APx585/586 Series analyzers
may be fitted with a Model 109 Digital I/O
module, which does not support balanced
DIO.

Digital Balanced enables the balanced digital electri-
cal input, available on an XLR female connector on the 
instrument front panel. This input is optimized to 
accept signal at the professional signal level for bal-
anced signals compatible with AES3 and IEC60958-4 
(5 Vpp).
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Channels
Audio channels are fixed at two.

Bit Depth
The Bit Depth control allows you to set the input bit 
depth (digital word length). The default setting is 24 
bits, which is also the maximum setting. Minimum set-
ting is 8 bits. The input signal is truncated (not dith-
ered down) if Bit Depth is set to a lower value than Bit 
Depth of the signal. 

We recommend that you use the default setting of 24 
bits, unless you have a special application that 
requires that you mask out low-order bits.

110 Ohm Termination checkbox
When Digital Balanced is selected, the 110 Ohm Ter-
mination checkbox is available on the panel. When 
this checkbox is set (the default), the digital balanced 
input is terminated in a resistance of 110 . This is 
the correct setting for terminating a balanced digital 
audio connection for AES3 / AES-EBU / IEC60958-4 
professional formats. If you uncheck the checkbox, the 
digital balanced input is unterminated. This setting is 
useful when bridging a digital connection (as with a 
“Y” cable). A balanced digital connection should be 
properly terminated in 110  at the end of its run. 
More settings are available in the Settings dialog.

Input: Digital Optical

Digital Optical enables the digital optical input, avail-
able on a Toslink connector on the instrument front 
panel. 

Channels
Audio channels are fixed at two.

Bit Depth
The Bit Depth control allows you to set the input bit 
depth (digital word length). The default setting is 24 
bits, which is also the maximum setting. Minimum set-
ting is 8 bits. The input signal is truncated (not dith-
ered down) if Bit Depth is set to a lower value than Bit 
Depth of the signal. 

We recommend that you use the default setting of 24 
bits, unless you have a special application that 
requires that you mask out low-order bits.
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SPS: Advanced Digital I/O

Introduction
The advanced digital input/output (ADIO) interface is 
the standard digital interface on an APx555, and an 
option for the rest of the APx52x/58x family. The ADIO 
is similar to the standard DIO described in Chapter 14, 
but differs in that it offers impairments to the trans-
mitted digital interface signal, and the ability to mea-
sure certain characteristics of the received interface 
signal.

The transmitted interface signal can be impaired with 
false metadata, validity and parity errors, jitter, noise, 
common mode and risetime impairments (including 
cable simulation), to test the tolerance of a down-
stream device.

The level and sample rate of the received interface 
signal can be measured, and the jitter can be ana-
lyzed in great detail.

For information on the other supported digital inter-
faces, see Chapter 16 (DSIO), Chapter 17 (HDMI), 
Chapter 18 (Bluetooth), Chapter 21, (PDM), and Chap-
ter 20, (PDM 16).

Output Configuration
Output: Digital Unbalanced

This selection enables the unbalanced digital electri-
cal output, available on a BNC connector on the instru-
ment front panel.

The Edit Connector Settings  button opens an out-
put Settings dialog for each configuration, offering 
more detailed control.

Channels
Audio channels are fixed at two.

Sample Rate
To set the output sample rate (Fs), click the up/down 
arrows to select a standard rate, or enter an arbitrary 
value in the Sample Rate field. Minimum setting is 
8 kHz; maximum is 216 kHz. Default is 48 kHz. Sam-
ple Rate is also available in the Settings dialog.

Settings for Digital Unbalanced Output

Embedded Audio
Channels

The Channels and Sample Rate fields in the Settings 
dialog duplicate the fields in the Output Configuration 
panel. 

Channels are fixed at 2.
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Sample Rate
The Channels and Sample Rate fields in the Settings 
dialog duplicate the fields in the Output Configuration 
panel. 

To set the output sample rate (Fs), click the up/down 
arrows to select a standard rate, or enter an arbitrary 
value in the Sample Rate field. Minimum setting is 
8 kHz; maximum is 216 kHz. Default is 48 kHz.

Scale Freq By:
•Output SR

For most testing, use Output SR (the default).

•Fixed
If you are applying jitter to the output signal at high 
levels, you may want to reference the embedded 
audio to a fixed rate, rather than the jittered out-
put rate. This may improve phase and frequency 
stability of the embedded audio. Set Scale Freq 
By: to Fixed, and enter the nominal output sample 
rate in the Fixed Rate field.

Bit Depth
The Bit Depth control allows you to set the output bit 
depth (also called word length). The default setting is 
24 bits, which is also the maximum setting. Minimum 
setting is 8 bits.

Enable Dither
When the Enable Dither checkbox is checked, dither is 
ON (the default). When ON, dither is set according to 
the bit depth, using TPDF (triangular probability den-
sity function) dither at ±1 LSB.

Uncheck the checkbox to turn dither OFF.

Interface
Application: Consumer

Consumer application (the default) sets two aspects 
of the unbalanced digital output signal:

1. It sets the nominal interface signal voltage at the 
unbalanced output connector to 0.5 Vpp. This is 
the defined signal voltage for consumer applica-
tions such as SPDIF and IEC60958-3.

2. It sets the status bits for both subframes A and B 
to the consumer application. The status bits can 
be customized or even set to professional applica-
tion in the Set Status Bits / User Bits panel.

Application: Professional
Professional application sets two aspects of the unbal-
anced digital output signal:

3. 1.It sets the nominal interface signal voltage at 
the unbalanced output connector to 1.0 Vpp. This 
is the defined signal voltage for unbalanced pro-
fessional applications such as AES3id and SMPTE 
276M.

4. 2.It sets the status bits for both subframes A and 
B to the professional application. The status bits 

can be customized or even set to consumer appli-
cation in the Set Status Bits / User Bits panel.

Level Mode
•Fixed

The standard voltage for the unbalanced con-
sumer application is 0.5 Vpp; for the unbalanced 
professional application it is 1.0 Vpp. The Fixed 
selection sets the interface voltage to the stan-
dard, according to the Application settings made 
above.

•Custom
You can enter a custom value for the interface 
voltage in the Level field, as an impairment to test 
a downstream receiver. The acceptable range is 0 
Vpp to 2.5 Vpp.

Invert
This checkbox inverts the interface signal waveform to 
test the tolerance of a downstream receiver.

Rise Time
The rise time of the pulses in the interface waveform 
should be short for error-free reception. However, 
cable capacitance and other environmental factors 
can degrade the signal by lengthening pulse rise time. 
Rise time impairments can be imposed on the inter-
face signal to test the tolerance of a downstream 
receiver.

•Minimum
The Minimum setting uses no artificial impair-
ments and is the fastest rise time available from 
the digital transmitter.

•Cable Simulation
The Cable Simulation setting lengthens the pulse 
rise time by simulating the capacitance of a long 
cable.

•Custom
Enter a custom rise time impairment in the field 
provided. The acceptable range is 12.00 ns to 
100.0 ns.

Noise Level
You can add noise to the interface signal as an impair-
ment to test the tolerance of a downstream receiver. 
Enter the Noise Level in the field provided, and click 
ON. The acceptable range is 0.0 Vpp to 625.0 mVpp.

Metadata
Status/User Bits

This button opens the Set Status Bits / Set User Bits 
dialog. See page 725 for more information about set-
ting status bits and user bits.

Validity Bit (A) / Validity Bit (B)
The last four time slots of each subframe contain a 
validity bit, a user data bit, a status bit, and a parity 
bit. By default, APx automatically transmits the bit as 
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Valid for linear PCM embedded audio, and Invalid for 
coded audio.

•Auto
APx automatically transmits the validity bit as Valid 
for linear PCM embedded audio, and Invalid for 
coded audio.

•Valid
The validity bit is transmitted as Valid without 
regard to the nature of the embedded audio.

•Invalid
The validity bit is transmitted as Invalid without 
regard to the nature of the embedded audio.

Parity Error
One of the administrative bits in the interface is the 
parity (P) bit. In normal operation, even parity is main-
tained in each subframe. By setting a checkmark in 
the Parity Error checkbox, the parity bit can be set to 
produce odd parity, as an impairment to test a down-
stream receiver.

Output: Digital Balanced

This selection enables the balanced digital electrical 
output, available on a male XLR connector on the 
instrument front panel.

Channels
Audio channels are fixed at two.

Sample Rate
To set the output sample rate (Fs), click the up/down 
arrows to select a standard rate, or enter an arbitrary 
value in the Sample Rate field. Minimum setting is 
8 kHz; maximum is 216 kHz. Default is 48 kHz. Sam-
ple Rate is also available in the Settings dialog.

Settings for Digital Balanced Output

Embedded Audio
The Channels and Sample Rate fields in the Settings 
dialog duplicate the fields in the Output Configuration 
panel.

Scale Freq By:
•Output SR

For most testing, use Output SR (the default).

•Fixed
If you are applying jitter to the output signal at high 
levels, you may want to reference the embedded 
audio to a fixed rate, rather than the jittered out-
put rate. This may improve phase and frequency 
stability of the embedded audio. Set Scale Freq 
By: to Fixed, and enter the nominal output sample 
rate in the Fixed Rate field.

Bit Depth
The Bit Depth control allows you to set the output bit 
depth (also called digital word length). The default set-
ting is 24 bits, which is also the maximum setting. 
Minimum setting is 8 bits.
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Enable Dither
When the Enable Dither checkbox is checked, dither is 
ON (the default). When ON, dither is set according to 
the bit depth, using TPDF (triangular probability den-
sity function) dither at ±1 LSB.

Uncheck the checkbox to turn dither OFF.

Interface
Application

The Application buttons are not available in Digital Bal-
anced output; instead, these aspects of the balanced 
digital output signal are set:

5. 1.The nominal interface signal voltage at the bal-
anced output connector is always set to 5.0 Vpp. 
This is within the range of defined signal voltages 
for balanced professional applications such as 
AES3, AES/EBU and IEC60958-4.

6. 2.By default, the status bits for both subframes A 
and B are set to the professional application. The 
status bits can be customized or even set to con-
sumer application in the Set Status Bits / User 
Bits panel.

Level Mode
•Fixed

The standard voltage for the unbalanced con-
sumer application is 0.5 Vpp; for the unbalanced 
professional application it is 1.0 Vpp. The Fixed 
selection sets the interface voltage to the stan-
dard, according to the Application settings made 
above.

•Custom
You can enter a custom value for the interface 
voltage in the Level field, as an impairment to test 
a downstream receiver. The acceptable range is 0 
Vpp to 2.5 Vpp.

Invert
This checkbox inverts the interface signal waveform to 
test the tolerance of a downstream receiver.

Rise Time
The rise time of the pulses in the interface waveform 
should be short for error-free reception. However, 
cable capacitance and other environmental factors 
can degrade the signal by lengthening pulse rise time. 
Rise time impairments can be imposed on the inter-
face signal to test the tolerance of a downstream 
receiver.

•Minimum
The Minimum setting uses no artificial impair-
ments and is the fastest rise time available from 
the digital transmitter.

•Cable Simulation
The Cable Simulation setting lengthens the pulse 
rise time by simulating the capacitance of a long 
cable.

•Custom
Enter a custom rise time impairment in the field 
provided. The acceptable range is 12.00 ns to 
100.0 ns.

Noise Level
You can add noise to the interface signal as an impair-
ment to test the tolerance of a downstream receiver. 
Enter the Noise Level in the field provided, and click 
ON. The acceptable range is 0.0 Vpp to 2.0.

Common Mode Sine
A sine signal can be imposed on the digital interface 
signal as a common mode impairment, to test the tol-
erance of a downstream receiver.

Level
Set the common mode sine level here. The accept-
able range is 0.0 Vpp to 20.0 Vpp.

Frequency
Set the common mode sine frequency here. The 
acceptable range is 20 Hz to 100 kHz.

Metadata
Status/User Bits

This button opens the Set Status Bits / Set User Bits 
dialog. See page 725 for more information about set-
ting status bits and user bits.

Validity Bit (A) / Validity Bit (B)
The last four time slots of each subframe contain a 
validity bit, a user data bit, a status bit, and a parity 
bit. By default, APx automatically transmits the bit as 
Valid for linear PCM embedded audio, and Invalid for 
coded audio.

•Auto
APx automatically transmits the validity bit as Valid 
for linear PCM embedded audio, and Invalid for 
coded audio.

•Valid
The validity bit is transmitted as Valid without 
regard to the nature of the embedded audio.

•Invalid
The validity bit is transmitted as Invalid without 
regard to the nature of the embedded audio.

Parity Error
One of the administrative bits in the interface is the 
parity (P) bit. In normal operation, even parity is main-
tained in each subframe. By setting a checkmark in 
the Parity Error checkbox, the parity bit can be set to 
produce odd parity, as an impairment to test a down-
stream receiver.
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Output: Digital Optical

This selection enables the digital optical output, avail-
able on a Toslink connector on the instrument front 
panel.

Channels
Audio channels are fixed at two.

Sample Rate
To set the output sample rate (Fs), click the up/down 
arrows to select a standard rate, or enter an arbitrary 
value in the Sample Rate field. Minimum setting is 
8 kHz; maximum is 216 kHz. Default is 48 kHz. Sam-
ple Rate is also available in the Settings dialog.

Settings for Digital Optical Output

Embedded Audio
The Channels and Sample Rate fields in the Settings 
dialog duplicate the fields in the Output Configuration 
panel.

Scale Freq By:
•Output SR

For most testing, use Output SR (the default).

•Fixed
If you are applying jitter to the output signal at high 
levels, you may want to reference the embedded 
audio to a fixed rate, rather than the jittered out-

put rate. This may improve phase and frequency 
stability of the embedded audio. Set Scale Freq 
By: to Fixed, and enter the nominal output sample 
rate in the Fixed Rate field.

Bit Depth
The Bit Depth control allows you to set the output bit 
depth (also called digital word length). The default set-
ting is 24 bits, which is also the maximum setting. 
Minimum setting is 8 bits.

Enable Dither
When the Enable Dither checkbox is checked, dither is 
ON (the default). When ON, dither is set according to 
the bit depth, using TPDF (triangular probability den-
sity function) dither at ±1 LSB.

Uncheck the checkbox to turn dither OFF.

Interface
Application

The Application buttons are not available in Digital 
Optical output; instead, the status bits for both sub-
frames A and B are set to the consumer application. 
The status bits can be customized or even set to pro-
fessional application in the Set Status Bits / User Bits 
panel.

Invert
This checkbox inverts the interface signal waveform to 
test the tolerance of a downstream receiver.

Metadata
Status/User Bits

This button opens the Set Status Bits / Set User Bits 
dialog. See page 725 for more information about set-
ting status bits and user bits.

Validity Bit (A) / Validity Bit (B)
The last four time slots of each subframe contain a 
validity bit, a user data bit, a status bit, and a parity 
bit. By default, APx automatically transmits the bit as 
Valid for linear PCM embedded audio, and Invalid for 
coded audio.

•Auto
APx automatically transmits the validity bit as Valid 
for linear PCM embedded audio, and Invalid for 
coded audio.

•Valid
The validity bit is transmitted as Valid without 
regard to the nature of the embedded audio.

•Invalid
The validity bit is transmitted as Invalid without 
regard to the nature of the embedded audio.

Parity Error
One of the administrative bits in the interface is the 
parity (P) bit. In normal operation, even parity is main-
tained in each subframe. By setting a checkmark in 
the Parity Error checkbox, the parity bit can be set to 
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produce odd parity, as an impairment to test a down-
stream receiver.

Input Configuration
Operation with absent or corrupt interface sig-
nal
When Input Configuration is set to a digital input and 
no signal is present, or if the signal is corrupt or out of 
range, the input receiver cannot lock (synchronize) to 
the interface signal, and no valid audio can be recov-
ered. The sample rate indicator in the Status Bar will 
display an “unlocked” warning, and any measurement 
result referencing audio from the unlocked input will 
display an “----” (invalid) result. See page 754 for more 
about invalid results.

The Settings  button is unavailable for ADIO inputs.

Input: Digital Unbalanced

This selection enables the unbalanced digital electri-
cal input, available on a BNC connector on the instru-
ment front panel.

Channels
Audio channels are fixed at two.

Bit Depth
The Bit Depth control allows you to set the input bit 
depth (digital word length). The default setting is 24 
bits, which is also the maximum setting. Minimum set-
ting is 8 bits. The input signal is truncated (not dith-
ered down) if Bit Depth is set to a lower value than Bit 
Depth of the signal. 

We recommend that you use the default setting of 24 
bits, unless you have a special application that 
requires that you mask out low-order bits.

75 ohm Termination checkbox
When Digital Unbalanced is selected, the 75 ohm Ter-
mination checkbox is available on the panel. When 
this checkbox is set (the default), the digital unbal-
anced input is terminated in a resistance of 75 . This 
is the correct setting for terminating an unbalanced 
digital audio connection for both the SPDIF / 

IEC60958-3 (consumer) and AES-3id / SMPTE276M 
(professional) formats. If you uncheck the checkbox, 
the digital unbalanced input is unterminated. An 
unterminated setting is useful when bridging a digital 
connection (as with a “T” connector). An unbalanced 
digital connection should be properly terminated in 
75  at the end of its run. 

Interface Level (Sequence Mode)
This field is only available in Sequence Mode when the 
Advanced Digital Input/Output module is fitted, and 
Input Configuration is set to Digital Unbalanced or Dig-
ital Balanced. It displays the peak-to-peak voltage 
level of the incoming digital interface waveform.

In Bench Mode, the same information is available 
from the Digital Interface Level meter.

Measure

The Measure menu is only available for a jit-
ter-enabled Input/Output module when the
Advanced Master Clock is installed in the
analyzer. 

The Measure menu allows you to select whether the 
audio signal or the jitter is routed to the analyzer 
input.

•Audio
This is the normal setting. The embedded audio is 
routed to all measurements and meter readings.

•Jitter (UI)
This is the jitter setting. The jitter signal is 
extracted from the carrier and routed to all mea-
surements and meter readings. Results are shown 
in Unit Interval (UI) units.

•Jitter (sec)
This is an alternative Jitter setting. The jitter is 
measured as above, but the results are shown in 
seconds (s) units.

Jitter measurements are only available on
Input 1, and must be the only input type
configured in the signal path; Input 2 must
be  conf igured  as  None .  I f  Input  2 i s
changed from None to any other connector
type when a jitter option is selected, an
error message is displayed.

Read more about jitter on page 104.

Scale Freq By:
•Input SR

For most testing, use Input SR (the default).

•Output SR
If sample rate is being swept, you may want to use 
the output sampling rate as the scaling reference.

•Fixed
If jitter is present on the input signal, you may 
want to reference the sampled audio data to a 
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fixed rate, rather than the jittered input rate. This 
may improve phase and frequency stability of the 
embedded audio. Set Scale Freq By: to Fixed, and 
enter the nominal input sample rate in the Fixed 
Rate field. 

See More About Frequency Scaling in APx on page 
108 for a detailed explanation.

Input: Digital Balanced

Digital Balanced enables the balanced digital electri-
cal input, available on an XLR female connector on the 
instrument front panel. This input is optimized to 
accept signal at the professional signal level for bal-
anced signals compatible with AES3 and IEC60958-4 
(5 Vpp).

Channels
Audio channels are fixed at two.

Bit Depth
The Bit Depth control allows you to set the input bit 
depth (digital word length). The default setting is 24 
bits, which is also the maximum setting. Minimum set-
ting is 8 bits. The input signal is truncated (not dith-
ered down) if Bit Depth is set to a lower value than Bit 
Depth of the signal. 

We recommend that you use the default setting of 24 
bits, unless you have a special application that 
requires that you mask out low-order bits.

110 Ohm Termination checkbox
When Digital Balanced is selected, the 110 Ohm Ter-
mination checkbox is available on the panel. When 
this checkbox is set (the default), the digital balanced 
input is terminated in a resistance of 110 . This is 
the correct setting for terminating a balanced digital 
audio connection for AES3 / AES-EBU / IEC60958-4 
professional formats. If you uncheck the checkbox, the 
digital balanced input is unterminated. This setting is 
useful when bridging a digital connection (as with a 
“Y” cable). A balanced digital connection should be 
properly terminated in 110  at the end of its run. 
More settings are available in the Settings dialog.

Interface Level (Sequence Mode)
This field is only available in Sequence Mode when the 
Advanced Digital Input/Output module is fitted, and 
Input Configuration is set to Digital Unbalanced or Dig-
ital Balanced. It displays the peak-to-peak voltage 
level of the incoming digital interface waveform.

In Bench Mode, the same information is available 
from the Digital Interface Level meter.

Measure

The Measure menu is only available for a jit-
ter-enabled Input/Output module when the
Advanced Master Clock is installed in the
analyzer. 

•Audio
This is the normal setting. The embedded audio is 
routed to all measurements and meter readings.

•Jitter (UI)
This is the jitter setting. The jitter signal is 
extracted from the carrier and routed to all mea-
surements and meter readings. Results are shown 
in Unit Interval (UI) units.

•Jitter (sec)
This is an alternative Jitter setting. The jitter is 
measured as above, but the results are shown in 
seconds (s) units.

Jitter measurements are only available on
the first input of the signal path (Input 1)
and cannot be configured with multiple
inputs active. If a jitter option is selected on
Input 1 and a connection option other than
None is selected on Input 2, an error will be
shown. 

Read more about jitter on page 104.

Scale Freq By:
•Input SR

For most testing, use Input SR (the default).

•Output SR
If sample rate is being swept, you may want to use 
the output sampling rate as the scaling reference.

•Fixed
If jitter is present on the input signal, you may 
want to reference the sampled audio data to a 
fixed rate, rather than the jittered input rate. This 
may improve phase and frequency stability of the 
embedded audio. Set Scale Freq By: to Fixed, and 
enter the nominal input sample rate in the Fixed 
Rate field. 

See More About Frequency Scaling in APx on page 
108 for a detailed explanation.
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Input: Digital Optical

Digital Optical enables the digital optical input, avail-
able on a Toslink connector on the instrument front 
panel. 

Channels
Audio channels are fixed at two.

Bit Depth
The Bit Depth control allows you to set the input bit 
depth (digital word length). The default setting is 24 
bits, which is also the maximum setting. Minimum set-
ting is 8 bits. The input signal is truncated (not dith-
ered down) if Bit Depth is set to a lower value than Bit 
Depth of the signal. 

We recommend that you use the default setting of 24 
bits, unless you have a special application that 
requires that you mask out low-order bits.

Measure

The Measure menu is only available for a jit-
ter-enabled Input/Output module when the
Advanced Master Clock is installed in the
analyzer. 

•Audio
This is the normal setting. The embedded audio is 
routed to all measurements and meter readings.

•Jitter (UI)
This is the jitter setting. The jitter signal is 
extracted from the carrier and routed to all mea-
surements and meter readings. Results are shown 
in Unit Interval (UI) units.

•Jitter (sec)
This is an alternative Jitter setting. The jitter is 
measured as above, but the results are shown in 
seconds (s) units.

Jitter measurements are only available on
the first input of the signal path (Input 1)
and cannot be configured with multiple
inputs active. If a jitter option is selected on
Input 1 and a connection option other than
None is selected on Input 2, an error will be
shown. 

Read more about jitter on page 104.

Scale Freq By:
•Input SR

For most testing, use Input SR (the default).

•Output SR
If sample rate is being swept, you may want to use 
the output sampling rate as the scaling reference.

•Fixed
If jitter is present on the input signal, you may 
want to reference the sampled audio data to a 
fixed rate, rather than the jittered input rate. This 
may improve phase and frequency stability of the 
embedded audio. Set Scale Freq By: to Fixed, and 
enter the nominal input sample rate in the Fixed 
Rate field. 

See More About Frequency Scaling in APx on page 
108 for a detailed explanation.
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SPS: Digital Serial I/O

Introduction
The Digital Serial Input/Output Interface (or DSIO) 
option provides a flexible chip- or board-level serial 
input and output interface. DSIO is a hardware option 
available for the APx52x, 555 and 58x families of ana-
lyzers.

The DSIO allows you to transmit or receive Digital 
Serial data in a number of different formats. The DSIO 
physical layer provides connections for Master Clock, 
Frame Clock, Bit Clock, Channel Clock and 4 Data 
lines.

The DSIO Receiver Frame Clock is available
for arbitrary use as a reference clock, when
Input Configuration is not DSIO. See page
70.

DSIO Jitter Testing
DSIO modules shipped after August 5th, 2015 are jit-
ter-enabled. Earlier DSIO modules can be upgraded to 
enable jitter. For more information see Jitter Support 
in APx beginning on page 107.

Output Configuration
Digital Serial (when installed)

This selection enables the Digital Serial output avail-
able on the Transmitter HD-15 connector on the 
instrument front panel; also, the transmitter Monitor 
output is enabled. See “HD-15 Connector” on page 42 
for pin out information.

Transmitter Outputs
When Output Configuration: Digital Serial is selected, 
the Transmitter Outputs ON/OFF switch (duplicated in 

the Settings dialog) is available. This is a “kill switch” 
that, when OFF, removes all output voltages from the 
DSIO transmitter output connector pins.

Settings
The Settings  button opens the DSIO output Set-
tings dialog. Settings for DSIO are quite extensive. See 
Settings for Digital Serial output on page 156.

Input Configuration
Digital Serial (when installed)

This Connector selection enables the Digital Serial 
input available on the Receiver HD-15 connector on 
the instrument front panel; also, the receiver Monitor 
output is enabled.

Loopback
When the Loopback checkbox is set, the digital input 
is disconnected from the front panel input connector 
and is instead routed to the digital output circuits. 
Loopback allows you to view the signal present at the 
digital output on the analyzer meters or graphs.

Channels
The Channels setting is a read-only display on the Sig-
nal Path Setup panel. Go to the Input Settings (Digital 
Serial Receiver) dialog to set channels.
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Settings
The Settings  button opens the DSIO input Set-
tings dialog. Settings for DSIO are quite extensive. See 
Settings for Digital Serial input on page 160.

Receiver Outputs
When Input Configuration: Digital Serial is selected, 
the Receiver Outputs ON/OFF switch (duplicated in 
the Settings dialog) is available. This is a “kill switch” 
that, when OFF, removes all output voltages from the 
DSIO receiver input connector pins.

Measure
The Measure menu is only available for a jit-
t e r -e n a b l ed  D S I O  m o d u le  w he n  t h e
Advanced Master Clock is installed in the
analyzer.

The Measure menu allows you to select whether the 
receiver audio signal or the bit clock jitter signal is 
routed to the analyzer.

•Audio
This is the normal setting. The audio signal is 
routed to all measurements and meter readings.

•Jitter (UI)
This is the jitter setting. The jitter signal is 
extracted from receiver bit clock line and routed to 
all measurements and meter readings. Results 
are shown in Unit Interval (UI) units.

•Jitter (sec)
This is an alternative Jitter setting. The jitter is 
measured as above, but the results are shown in 
seconds (s) units.

Jitter measurements are only available on
Input 1, and must be the only input type
configured in the signal path; Input 2 must
be conf igured as None.  I f  Input  2  is
changed from None to any other connector
type when a jitter option is selected, an
error message is displayed.

Read more about jitter on page 104.

Operation with absent or corrupt inter-
face signal
When Input Configuration is set to a digital input and 
no signal is present, or if the signal is corrupt or out of 
range, the input receiver cannot lock (synchronize) to 
the interface signal, and no valid audio can be recov-
ered. The sample rate indicator in the Status Bar will 
display an “unlocked” warning, and any measurement 
result referencing audio from the unlocked input will 
display an “----” (invalid) result. See page 754 for more 
about invalid results.

Output Settings for the Digital 
Serial Transmitter

This dialog allows you to set, save or load digital serial 
transmitter configurations. A dynamic timing diagram 
provides an on-screen display of your configuration 
settings. Transmitter connections are provided on an 
HD-15 connector, with four sets of Master Clock, Bit 
Clock, Channel Clock and Data connections. A moni-
tor connector provides these signals for oscilloscope 
monitoring.

The channel clock is provided as an aid for
users monitoring on an oscilloscope. The
channel clock signal is aligned with the
data and has a rising edge with each chan-
nel change.

See illustrations of typical Digital Serial Input/Output 
configurations beginning on page 163.

Common Settings for Digital Serial Out-
put
Most of the settings on this panel are common to all 
Digital Serial Output configurations, and are dis-
cussed first.

The settings in the transmitter Clocks area vary with 
clock configuration, and the four possible cases are 
discussed following these common settings.

Timing Diagram
The timing diagram at the bottom of the panel is 
dynamic, changing to illustrate your current settings. 
Use the zoom controls to contract or expand the hori-
zontal axis of the display, or click the Undock button to 
display a large view.

Configuration
Type a name for your input configuration here.
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Open
Click Open to view the Open Digital Serial Transmitter 
Settings dialog, where you can load saved *.stx config-
uration files.

Save
Click Save to view the Save Digital Serial Receiver Set-
tings dialog, where you can save the current configura-
tion as an *.stx file.

Audio
Data Lines

•Single (TDM) uses time division multiplexing to 
embed the audio data in a single data stream. 
Channels are embedded in the data stream 
sequentially, beginning with channel 1, followed by 
a channel 2 followed by channel 3, and so on. 
Although only a single, multichannel data stream 
can be configured, this stream can be sent on any 
combination (or none) of the four data line con-
ductors in the physical layer. Use the Data Line 
buttons to select the output data line(s).

•Multiple uses 1, 2 or 4 separate data lines, each 
outputted on individual data line conductors in the 
physical layer. Each of the data lines carries 2 
channels of audio data.

Channels
•When configured for a single data line (TDM), the 

Digital Serial Output can transmit 1, 2, 4, 6, 8 or 
16 audio data channels. Select the number of 
channels from the drop-down menu.

•When configured for multiple data lines, the Digi-
tal Serial Output can transmit 1, 2, 4, 6, or 8 audio 
data channels. Select the number of channels 
from the drop-down menu.

MSB First
The active audio data is a string of bits, whose num-
ber is set by Bit Depth. When MSB First is set, the 
MSB (Most Significant Bit) leads the string. When MSB 
First is not set, the LSB (Least Significant Bit) leads 
the string.

Format
Set the transmitter format here.

•I2S (spoken “I-squared-S”) is an acronym for the 

Philips “inter IC sound” bus. I2S is a common 
audio serial interface format. I2S sets the Frame 
Clock low for the first channel (left or “1”) and high 
for the second channel (right or “2”). If there are 
more channels, the Frame Clock stays high until 
the beginning of the next frame.

I2S data is offset by one bit clock period from the 
beginning of each word.

•DSP
In the DSP (digital signal processing) format, the 

frame clock pulse is the same length as one bit 
clock period.

Like I2S, DSP offsets the data by one bit clock 
period from the beginning of each word.

•Custom
The Custom selection allows you to set Justifica-
tion and Frame Pulse in configurations not defined 

by I2S or DSP formats.

Justification
•Left Justified

Left Justified sets the active bits fully to the left 
(leading) edge of the data word. Padding bits, if 
any, trail the data.

•Right Justified
Right Justified sets the active bits fully to the right 
(trailing) edge of the data word. Padding bits, if 
any, lead the data.

Frame Pulse
When Format is Custom, you can set the width of the 
Frame Clock Pulse here.

•One Bit Clock
The Frame Clock pulse is one Bit Clock bit wide.

•One Subframe
The Frame Clock pulse is one subframe wide. The 
subframe is the width of one data word. A sub-
frame is a frame divided by the number of chan-
nels on that data line.

•50% Duty Cycle
The Frame Clock pulse is set to a 50% duty cycle, 
which makes the width of the Frame Clock pulse 
1/2 the width of the frame.

Frame Clk: Invert
Check this box to invert the polarity of the Frame 
Clock.

Frame Clk: Shift Left
Check this box to shift the Frame Clock one Bit Clock 
pulse to the left, relative to the data.

Word Width
The word width is the width, in bits, of one data word, 
or subframe. A subframe is a frame divided by the 
number of channels. Set the word width here. Maxi-
mum is 128 bits; minimum is 8 bits. Word width can-
not be less than bit depth.

Bit Depth
Set the bit depth (audio data length) here. Maximum 
is 32 bits; minimum is 8 bits.

When the Bit Depth is set to the same value of the 
Word Width, the entire bit allocation for the channel 
carries audio data. When Bit Depth is less than Word 
Width, only some of the bits carry data. The remain-
ing bits are called pads or padding bits. The digital 
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serial transmitter sets the logic state of padding bits 
to logical low.

Dither
When the Dither checkbox is checked, dither is ON 
(the default). When ON, dither is set according to the 
bit depth, using TPDF (triangular probability density 
function) dither at ±1 LSB.

Uncheck the checkbox to turn dither OFF.

Clocks
The visibility and availability of controls and readings 
in the transmitter Clocks area depend upon the set-
tings of Master Clock Source and Bit & Frame Clock 
Direction. There are four possible configurations; see 
Cases 1, 2, 3 and 4, following.

A jitter-enabled DSIO module supports application of 
generated jitter to the transmitter master clock. When 
the bit clock and frame clock are derived from the APx 
master clock, these are jittered as well. In Signal Path 
Setup > Clocks > Jitter Generator, select Apply To: Dig-
ital Output and turn jitter ON. 

For more information see Jitter Support in APx begin-
ning on page 107.

Frequency
Note: in DSIO, sample rate (SR) is referred
to as Frame Clock Rate.

Scale Freq. By:
•Output SR

For most testing, use Output SR (the default).

•Fixed
If you are applying jitter to the output clock at high 
levels, you may want to reference the sampled 
audio data to a fixed rate, rather than the jittered 
output rate. This may improve phase and fre-
quency stability of the embedded audio. Set Scale 
Freq By: to Fixed, and enter the nominal output 
rate in the Fixed Rate field. 

See More About Frequency Scaling in APx on page 
108 for a detailed explanation.

Bit Clock Edge Sync
These choices select whether the leading edge of the 
frame (and data) are synchronized with the rising edge 
or the falling edge of the bit clock, for DSIO receiver 
inputs and outputs.

Outs
•Rising Edge

For clocks that are set to OUT, synchronization is 
at the rising edge of the clock signal.

•Falling Edge
For clocks that are set to OUT, synchronization is 
at the falling edge of the clock signal.

Ins
•Rising Edge

For clocks that are set to IN, synchronization is at 
the rising edge of the clock signal.

•Falling Edge
For clocks that are set to IN, synchronization is at 
the falling edge of the clock signal.

Logic: Level
This sets the nominal voltage level for the DSIO clock 
and data signals at the HD-15 receiver connections. 
Choose the level compatible with your DUT. Choices 
are 1.8 V, 2.5 V and 3.3 V. The logic level for the moni-
tor connections is fixed at 3.3 V.

Logic: Outputs
This is a “kill switch” that, when OFF, removes all out-
put voltages from the DSIO output connector pins. 
This switch is duplicated on the Signal Path Setup dia-
log.

Case 1: Master Clock Internal, Bit & 
Frame Out
This topic describes settings for Digital Serial Output 
Clocks controls when configured for Case 1.

The APx provides the master clock and the bit and 
frame clock dividers. The APx sends master clock, bit 
clock, frame clock and data. In some DUT configura-
tions, a master clock output is not required.

Transmitter Settings: Master Clk Internal, Bit & Frame Out

Master Clock Source: Internal
The bit and frame clocks are generated internally from 
the APx master clock. In this configuration, the APx 
DSIO transmitter is the master, and the DUT is slaved 
to the APx.
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Master Clk Rate
This field displays the rate of the Master Clock signal. 
Master Clock rate is the product of the Sample Rate 
multiplied by the Ratio value. Minimum is 4 kHz, maxi-
mum is 56 MHz.

MClk Output
When this box is checked, the master clock signal 
appears on the DSIO transmitter output HD-15 con-
nector, pin 1.

Invert
This checkbox is shown if MClk Output is checked. 
Checking the Invert checkbox inverts the master clock 
output signal. When not inverted, the rising edge of 
the bit clock is synchronized with the rising edge of 
the master clock. When inverted, the rising edge of 
the bit clock is synchronized with the falling edge of 
the master clock

Bit & Frame Clock Dir: Out
The bit and frame clocks are divided internally from 
the APx master clock. In this configuration, the DUT is 
slaved to the APx DSIO transmitter. 

Frame Clk Rate
Set the frame clock rate (audio data sample rate) 
here. Minimum is 4 kHz, maximum is 432 kHz. Frame 
Clock Rate is constrained by channel count and word 
width.

MClk/FClk Ratio
The Ratio is one of two factors that determine the 
Master Clock Rate, the other being the Frame Clock 
Rate (the sample rate). Your DUT will accept a speci-
fied range of Master Clock frequencies. Once you have 
chosen your Frame Clock Rate (sample rate), enter a 
Ratio here to set the Master Clock Rate to an accept-
able frequency.

Case 2: Master Clock Internal, Bit & 
Frame In
This topic describes settings for Digital Serial Output 
Clocks controls when configured for Case 2.

This is a hybrid configuration, where the data flows 
from the slaved device to the master device (as indi-
cated by bit and frame clock arrows in opposite direc-
tion from the data arrow in this diagram). Hybrid 
configurations are more likely to suffer from errors 
due to longer propagation delay.

Transmitter Settings: Master Clk Internal, Bit & Frame In

Master Clock Source: Internal
The Master Clock is generated within the APx and is 
output to the DUT.

Master Clk Rate
Set the Master Clock rate here. Minimum Master 
Clock Rate is 4 kHz; maximum Master Clock rate is 
56 MHz.

MClk Output
MClk Output is forced On in this configuration. The 
master clock signal appears on the DSIO transmitter 
output HD-15 connector, pin 1.

Bit & Frame Clock Dir: In
The bit and frame clocks are divided from the APx 
Master Clock externally in the DUT. In this configura-
tion, the APx transmitter is slaved to the DUT. 

Frame Clk Rate
This field displays the rate of the Frame Clock signal, 
as provided by the DUT.

MClk/FClk Ratio
This field displays the MClk/FClk Ratio. 
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Case 3: Master Clock External, Bit & 
Frame Out
This topic describes settings for Digital Serial Output 
Clocks controls when configured for Case 3.

Transmitter Settings: Master Clk External, Bit & Frame Out

Master Clock Source: External
The APx DSIO Master Clock is not used. The DUT pro-
vides a Master Clock signal.

Master Clk Rate
This field displays the Master Clock Rate as provided 
by the DUT

Bit & Frame Clock Dir: In
The bit and frame clocks are divided internally from 
the external master clock. In this configuration, the 
APx DSIO transmitter is slaved to the external master 
clock (typically the DUT). 

Frame Clk Rate
This field displays the rate of the Frame Clock signal.

MClk/FClk Ratio
The Ratio determines the Frame Clock Rate, dividing 
the Master Clock signal provided by the DUT, by the 
value entered here.

Case 4: Master Clock External, Bit & 
Frame In
This topic describes settings for Digital Serial Output 
Clocks controls when configured for Case 4.

Transmitter Settings: Master Clk External, Bit & Frame In

Master Clock Source: External
The APx DSIO Master Clock is not used. 

Bit & Frame Clock Dir: In
The bit and frame clocks are provided by the DUT. In 
this configuration, the APx transmitter is slaved to the 
DUT.

Frame Clk Rate
This field displays the rate of the Frame Clock signal 
received from the DUT

Input Settings for the Digital Serial 
Receiver

This dialog allows you to set, save or load digital serial 
receiver configurations. A dynamic timing diagram pro-
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vides an on-screen display of your configuration set-
tings. Receiver connections are provided on an HD-15 
connector, with Master Clock, Frame Clock, Bit Clock, 
Channel Clock and four Data line connections. A moni-
tor connector provides buffered outputs of these sig-
nals for oscilloscope monitoring.

The channel clock is provided as an aid for
users monitoring on an oscilloscope. The
channel clock signal is aligned with the
data and has a rising edge with each chan-
nel change.

The DSIO Receiver Frame Clock is available
for arbitrary use as a reference clock, when
Input Configuration is not DSIO. See page
70.

See illustrations of typical Digital Serial Input/Output 
configurations beginning on page 163.

Common Settings for Digital Serial Input
Most of the settings on this panel are common to all 
Digital Serial Input configurations, and are discussed 
first.

The settings in the receiver Clocks area vary with clock 
configuration, and the four possible cases are dis-
cussed following these common settings.

Timing Diagram
The timing diagram at the bottom of the panel is 
dynamic, changing to illustrate your current settings. 
Use the zoom controls to contract or expand the hori-
zontal axis of the display, or click the Undock button to 
display a large view.

Configuration
Type a name for your input configuration here.

Open
Click Open to view the Open Digital Serial Receiver 
Settings dialog, where you can load saved *.srx config-
uration files.

Save
Click Save to view the Save Digital Serial Receiver Set-
tings dialog, where you can save the current configura-
tion as an *.srx file.

Audio
Data Lines

•Single (TDM) uses time division multiplexing to 
read the audio data in a single data stream. Chan-
nels are read from the data stream sequentially, 
beginning with channel 1, followed by a channel 2 
followed by channel 3, and so on. Use the Data 
Line buttons to select the input data line.

•Multiple uses 1, 2 or 4 separate data lines, each 
received on individual data line conductors in the 
physical layer. Each of the multiple data lines car-
ries 2 channels of audio data.

Channels
•When configured for a single data line (TDM), the 

Digital Serial Input can receive 1, 2, 4, 6, 8 or 16 
audio data channels. Select the number of chan-
nels from the drop-down menu.

•When configured for multiple data lines, the Digi-
tal Serial Input can receive 1, 2, 4, 6, or 8 audio 
data channels. Select the number of channels 
from the drop-down menu.

MSB First
The active audio data is a string of bits, whose num-
ber is the Bit Depth. When MSB First is set in the 
receiver, the MSB (Most Significant Bit) is assumed to 
lead the string. When MSB First is not set, the LSB 
(Least Significant Bit) is assumed to lead the string.

Format
Set the receiver format here.

•I2S (spoken “I-squared-S”) is an acronym for the 

Philips “inter IC sound” bus. I2S is a common 
audio serial interface format. I2S sets the input to 

receive I2S formatted signals, where the Frame 
Clock low for the first channel (left or “1”) and high 
for the second channel (right or “2”). If there are 
more channels, the Frame Clock stays high until 
the beginning of the next frame.

I2S data is offset by one bit clock period from the 
beginning of each word.

•DSP
In the DSP (digital signal processing) format, the 
frame clock pulse is the same length as one bit 

clock period. Like I2S, DSP offsets the data by one 
bit clock period from the beginning of each word. 
Choose this setting to configure the receiver for 
the DSP format.

•Custom
The Custom selection allows you to configure the 
receiver for Justification and Frame Pulse in con-

figurations not defined by I2S or DSP formats.

Justification
•Left Justified

Left Justified configures the receiver for active bits 
fully to the left (leading) edge of the data word.

•Right Justified
Right Justified configures the receiver for active 
bits fully to the right (trailing) edge of the data 
word.
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Frame Pulse
When Format is Custom, you can set the receiver for 
the width of the Frame Clock Pulse here.

•One Bit Clock
The Frame Clock pulse is one Bit Clock bit wide.

•One Subframe
The Frame Clock pulse is one subframe wide. The 
subframe is the width of one data word. A sub-
frame is a frame divided by the number of chan-
nels on that data line.

•50% Duty Cycle
The Frame Clock pulse is set to a 50% duty cycle, 
which makes the width of the Frame Clock pulse 
1/2 the width of the frame.

Invert Frame Clk
Check this box to set the receiver for inverted polarity 
of the Frame Clock.

Word Width
The word width is the width, in bits, of one data word, 
or subframe. A subframe is a frame divided by the 
number of channels. Set the received word width 
here. Maximum is 128 bits; minimum is 8 bits. Word 
width cannot be less than bit depth.

Bit Depth
Set the received bit depth (audio data length) here. 
Maximum is 32 bits; minimum is 8 bits. When the Bit 
Depth is set to the same value of the Word Width, the 
entire bit allocation for the channel carries audio data. 
When Bit Depth is less than Word Width, only some of 
the bits carry data. The remaining bits are called pads 
or padding bits.

Scale Freq By:
Note: in DSIO, sample rate (SR) is referred
to as Frame Clock Rate.

•Input SR
For most testing, use Input SR (the default).

•Output SR
If sample rate is being swept, you may want to use 
the output sampling rate as the scaling reference.

•Fixed
If jitter is present on the input bit clock, you may 
want to reference the sampled audio data to a 
fixed rate, rather than the jittered input rate. This 
may improve phase and frequency stability of the 
embedded audio. Set Scale Freq By: to Fixed, and 
enter the nominal input sample rate in the Fixed 
Rate field. 

See More About Frequency Scaling in APx on page 
108 for a detailed explanation.

Bit Clock Edge Sync
These selects whether the leading edge of the frame 
(and data) are synchronized with the rising edge or the 
falling edge of the bit clock, for DSIO receiver inputs 
and outputs.

Outs
•Rising Edge

For clocks that are set to OUT, synchronization is 
at the rising edge of the clock signal.

•Falling Edge
For clocks that are set to OUT, synchronization is 
at the falling edge of the clock signal.

Ins
•Rising Edge

For clocks that are set to IN, synchronization is at 
the rising edge of the clock signal.

•Falling Edge
For clocks that are set to IN, synchronization is at 
the falling edge of the clock signal.

Logic: Level
This sets the nominal voltage level for the DSIO clock 
and data signals at the HD-15 receiver connections. 
Choose the level compatible with your DUT. Choices 
are 1.8 V, 2.5 V and 3.3 V. The logic level for the moni-
tor connections is fixed at 3.3 V.

Logic: Outputs
This is a “kill switch” that, when OFF, removes all out-
put voltages from the DSIO input connector pins. This 
switch is duplicated on the Signal Path Setup dialog.

Clocks
The visibility and availability of controls and readings 
in the receiver Clocks area depend upon the settings 
of Master Clock Source and Bit & Frame Clock Direc-
tion. The explanations here are segmented into the 
four possible combinations of these settings.

Jitter
A jitter-enabled DSIO module supports application of 
generated jitter to the receiver master clock. When the 
bit clock and frame clock are derived from the APx 
master clock, these are jittered as well. In Signal Path 
Setup > Clocks > Jitter Generator, select Apply To: Dig-
ital Input and turn jitter ON.

Alternatively, incoming jitter can be measured when 
the DSIO receiver Bit and Frame Clk Dir: is set to In. In 
Signal Path Setup > Input/Output and Input Connec-
tor is set to Digital Serial, select a Jitter choice from 
the Measure menu. 

For more information see Jitter Support in APx begin-
ning on page 107.
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Case 1: Master Clock Internal, Bit & 
Frame Out
The APx provides the master clock and the bit and 
frame clock dividers. The DUT sends data; the APx 
send master clock, bit clock and frame clock. In some 
DUT configurations, only the bit clock and the frame 
clock are required.

This is a hybrid configuration, where the data flows 
from the slaved device to the master device (as indi-
cated by bit and frame clock arrows in opposite direc-
tion from the data arrow in this diagram). Hybrid 
configurations are more likely to suffer from errors 
due to longer propagation delay.

Receiver Settings: Master Clk Internal, Bit & Frame Out

Master Clock Source: Internal
The Bit and Frame Clocks are generated internally 
from the APx Master Clock. In this configuration, the 
APx DSIO receiver is the master, and the DUT is slaved 
to the APx.

Master Clk Rate
This field displays the rate of the Master Clock signal. 
Master Clock rate is the product of the Sample Rate 
multiplied by the Ratio value. Minimum is 4 kHz; maxi-
mum is 56 MHz.

MClk Output
When this box is checked, the Master Clock signal 
appears on the DSIO receiver output HD-15 connec-
tor, pin 1. Since the DUT is receiving Bit Clock and 
Frame Clock, the Master Clock signal is often not 
required by the DUT.

Invert
This checkbox is shown if MClk Output is checked. 
Checking the Invert checkbox inverts the master clock 
output signal. When not inverted, the rising edge of 
the bit clock is synchronized with the rising edge of 

the master clock. When inverted, the rising edge of 
the bit clock is synchronized with the falling edge of 
the master clock. 

Bit & Frame Clock Dir: Out
The bit and frame clocks are divided internally from 
the APx master clock and provided to the DUT.

Frame Clk Rate
Set the Frame Clock Rate (audio data sample rate) 
here. Minimum is 4 kHz; maximum is 432 kHz. Frame 
Clock Rate is constrained by channel count and word 
width.

MClk/FClk Ratio
The Ratio is one of two factors that determine the 
Master Clock Rate, the other being the Frame Clock 
Rate (the sample rate). Your DUT will accept a speci-
fied range of Master Clock frequencies. Once you have 
chosen your Frame Clock Rate (sample rate), enter a 
Ratio here to set the Master Clock Rate to an accept-
able frequency.

Case 2: Master Clock Internal, Bit & 
Frame In
The DUT provides the bit and frame clock dividers, but 
has no master clock. APx sends master clock; the DUT 
sends bit clock, frame clock and data.

Receiver Settings: Master Clk Internal, Bit & Frame In

Master Clock Source: Internal
The Master Clock is generated within the APx and is 
output to the DUT.

Master Clk Rate
Set the Master Clock Rate here. Minimum Master 
Clock Rate is 4 kHz; maximum Master Clock Rate is 
56 MHz.
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MClk Output
MClk Output is forced On in this configuration. The 
Master Clock signal appears on the DSIO receiver HD-
15 connector, pin 1.

Bit & Frame Clock Dir: In
The bit and frame clocks are divided from the APx 
Master Clock externally in the DUT. In this configura-
tion, the APx receiver is slaved to the DUT. 

Frame Clk Rate
This field displays the rate of the Frame Clock signal, 
as provided from the DUT.

MClk/FClk Ratio
This field displays the MClk/FClk Ratio. 

Case 3: Master Clock External, Bit & 
Frame Out
The DUT provides the master clock, and uses the bit 
and frame clock dividers in the APx. The DUT may or 
may not use the master clock (indicated by “?”), which 
does not affect the APx configuration. The DUT sends 
master clock and data; the APx sends bit clock and 
frame clock.

This is a hybrid configuration, where the data flows 
from the slaved device to the master device (as indi-
cated by bit and frame clock arrows in opposite direc-
tion from the data arrow in this diagram). Hybrid 
configurations are more likely to suffer from errors 
due to longer propagation delay.

Receiver Settings: Master Clk External, Bit & Frame Out

Master Clock Source: External
The APx DSIO Master Clock is not used. 

Master Clk Rate
This field displays the rate of the Master Clock signal 
provided by the DUT.

Bit & Frame Clock Dir: Out
The bit and frame clocks are divided internally from 
the external master clock. In this configuration, the 
DUT is slaved to the APx DSIO receiver. 

Frame Clk Rate
This field displays the rate of the Frame Clock signal.

MClk/FClk Ratio
The ratio is a factor in determining the rate of the 
Frame Clock signal. Enter a Ratio here to divide the 
external master clock to an acceptable Frame Clock 
Rate.

Case 4: Master Clock External, Bit & 
Frame In
The DUT provides the master clock and the bit and 
frame clock dividers. The DUT sends bit clock, frame 
clock and data.

Receiver Settings: Master Clk External, Bit & Frame In

Master Clock Source: External
The APx DSIO Master Clock is not used. 

Bit & Frame Clock Dir: In
The bit and frame clocks are provided by the DUT. In 
this configuration, the APx transmitter is slaved to the 
DUT. 

Frame Clk Rate
This field displays the rate of the Frame Clock signal.
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SPS: HDMI+ARC

Introduction
HDMI (High Definition Multimedia Interface) is an 
interface designed to carry high-bandwidth digital 
streams providing an audio/video interface that 
includes content protection and a bi-directional chan-
nel for interaction with connected electronic devices.

ARC (Audio Return Channel) provides an additional 
digital audio channel to the HDMI interconnection that 
can simplify interface cabling in typical applications, 
for user convenience. HDMI+ARC is a current hard-
ware option available for APx525, 582 and 585 fami-
lies of analyzers.

APx Output and Input configurations and settings for 
HDMI and ARC are independent selections. Configura-
tion and settings documentation for audio over HDMI 
begins here; documentation for ARC begins on page 
171.

HDMI Source Output Configura-
tion
Output:  HDMI Source

The HDMI Source selection is only available
for an APx analyzer fitted with the HDMI
option (model 112) or HDMI+ARC (model
114 or 214) option. 

This selection embeds the output audio in the HDMI 
stream, available on the “SOURCE” type A HDMI con-
nector on the instrument front panel. When HDMI 
Source is selected, the Audio Format and Sample Rate 
controls are available. The EDID button is available 
when EDID data from a downstream device is present 
at the AUX OUT HDMI connector. 

Settings
The Settings  button opens the HDMI output Set-
tings dialog. Settings for HDMI are quite extensive. 
See Output Settings for HDMI Source on page 166.

Audio Format
Choose the HDMI audio format here.

•Layout 0 LPCM 2ch
Layout 0 is only 2 channel, but can output any sup-
ported sample rate in any supported video format.

•Layout 1 LPCM 8ch
Layout 1 is 8 channel. Supported sample rates are 
constrained by selected video format. See Settings 
to choose video format and for information about 
supported sample rates.

EDID
This button is only available when there is EDID infor-
mation at the HDMI SOURCE connector. It opens the 
EDID Viewer, which displays a property grid that shows 
the EDID data from the downstream device at the 
SOURCE HDMI connector. The EDID data can be 
viewed, saved to a file and reloaded using the EDID 
Editor (see page 170), for use as the APx instrument 
EDID sent to an upstream device at the SINK HDMI 
connector.

Sample Rate (duplicated on the Settings dialog)
To set the output sample rate (Fs) for the embedded 
digital audio, click the up/down arrows to select a 
standard rate, or enter an arbitrary value in the Sam-
ple Rate field. Minimum setting is 30.7 kHz; maxi-
mum is 192 kHz. Default is 48 kHz. Supported sample 
rates are constrained to certain ranges by the 
selected video format. See Settings to choose video 
format and for information about supported sample 
rates.

Settings for HDMI are quite extensive. See Output Set-
tings for HDMI Source on page 166.
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HDMI Sink Input Configuration
In the Input Configuration panel, you select the num-
ber of input channels operating for your test and the 
connectors you will be using. You can choose refer-
ences and names for your test input channels.

Loopback
Loopback is only available when Output Configuration 
is set to a digital output.

When the Loopback checkbox is set, the digital input 
is disconnected from the front panel input connector 
and is instead routed to the digital output circuits. 
Loopback allows you to view the signal present at the 
digital output on the analyzer meters or graphs.

Input: HDMI Sink

The HDMI Sink selection is only available
for an APx analyzer fitted with the HDMI
option (model 112) or HDMI+ARC (model
114) option.  

HDMI Sink de-embeds the input audio in the HDMI 
stream presented at the SINK connector. 

Settings
The Settings  button opens the HDMI input Set-
tings dialog. Settings for HDMI are quite extensive. 
See Input Settings for HDMI Sink on page 168.

Operation with absent or corrupt interface sig-
nal
When Input Configuration is set to a digital input and 
no signal is present, or if the signal is corrupt or out of 
range, the input receiver cannot lock (synchronize) to 
the interface signal, and no valid audio can be recov-
ered. The sample rate indicator in the Status Bar will 
display an “unlocked” warning, and any measurement 
result referencing audio from the unlocked input will 
display an “----” (invalid) result. See page 754 for more 
about invalid results.

Output Settings for HDMI Source

Audio Format
Audio Format appears on both Signal Path Setup and 
here in the Settings dialog. Choose the HDMI audio 
format here.

Layout 0 LPCM 2ch
Layout 0 is only 2 channel, but can output any sup-
ported sample rate in any supported video format.

Layout 1 LPCM 8ch
Layout 1 is 8 channel. Supported sample rates are 
constrained by selected video format. See Video Set-
tings > Format, below, to choose video format and for 
information about supported sample rates.

Sample Rate
To set the output sample rate (Fs) for the embedded 
digital audio, click the up/down arrows to select a 
standard rate, or enter an arbitrary value in the Sam-
ple Rate field. Minimum setting is 30.7 kHz; maxi-
mum is 192 kHz. Default is 48 kHz. Supported sample 
rates are constrained to certain ranges by the 
selected video format. See Settings to choose video 
format and for information about supported sample 
rates. See Video Settings: Format below.
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Bit Depth
Bit Depth has the same function for HDMI signal gen-
eration as it does in the other digital output modes. 
Return to Advanced Settings for Signal Path Setup to 
see this information.

Enable Dither
Dither is enabled by default, and should remain 
enabled for all ordinary audio signals. Dither is dis-
abled for signals that must be bit-accurate, such as 
Walking Zeros, Walking Ones, Constant Value and Bit 
test Random.

N/CTS
At the HDMI transmitter, the audio sample is rate 
embodied in the relationship between the values of N 
(the video clock) and CTS (the cycle time stamp, sent 
as metadata). The downstream HDMI receiver uses 
N/CTS to re-create the audio clock.

Auto
In Auto, N/CTS follows the HDMI standard for all sup-
ported video resolutions and audio rates.

Manual
In Manual, you are allowed to enter non-standard val-
ues as impairments to test the robustness of down-
stream devices.

Video Settings
HDMI is a video interface with embedded audio. The 
video content for the APx HDMI generator output can 
be from either an external video signal brought in at 
the HDMI AUX IN connector, or from an internal video 
generator (the default). Select the video source from 
these choices:

Pass External Video Through
When Pass External Video Through is selected, the 
video signal at the HDMI AUX IN connector is passed 
to the HDMI SOURCE connector. Any audio on the 
external HDMI signal is stripped off and replaced by 
audio generated in APx500. The APx generator audio 
format is constrained by the video format of the exter-
nal signal. The HDCP encryption state is passed 
through unchanged.

Generate Video Signal (the default)
When Generate Video Signal is selected, the video 
content for the HDMI SOURCE is generated within the 
Audio Precision HDMI module. Format, color, color 
depth and HDCP encryption of this signal are set in 
the next controls.

•Format:
One of 14 video formats can be set here, ranging 
from 640x480p @ 60 Hz to 1920x1080p @ 24 Hz. 
Note that only high-definition video formats sup-
port multi-channel high-sample-rate embedded 
audio. Audio Format and Video Format selections 

will constrain HDMI channel count and sample 
rate.

Refer to the chart of HDMI channel count and sample 
rates by audio and video formats on page 170.

•Color:
Select video content color here. Default color is a 
blue screen. Click the browser button to select 
other colors.

•Color Depth:
Select video content color depth here. Choices are 
8 bit, or Deep Color modes 10 bit or 12 bit.

HDCP Encryption
For internally-generated video, HDCP encryption may 
be enabled or disabled by clicking the checkbox.

For externally-provided video, the HDCP encryption 
state is passed through to the downstream device 
unchanged. The HDCP Encryption checkbox is unavail-
able in this mode.

Status/User Bits
This button opens a dialog where you can set the Sta-
tus Bits and User Bits embedded in the audio carried 
in the HDMI stream. See More About Metadata on 
page 474.

Audio InfoFrame
This button opens a dialog where you can set the 
Audio InfoFrame metadata carried in the HDMI 
stream. For information about reading Audio InfoF-
rame data, see page 67.

Audio streams in HDMI contain metadata in the form 
of status bits, user bits, and for coded audio, burst 
information. The HDMI Audio InfoFrame contains addi-
tional information about the audio stream.

Setting Audio InfoFrame
When Output Configuration is set to HDMI Source, 
click Settings and then Audio InfoFrame.

Auto
When Auto is selected, APx500 sets the HDMI Audio 
InfoFrame to default values.

When Auto is not selected, Audio InfoFrame fields can 
be set to any available value.

About HDCP encryption
•HDCP (High-bandwidth Digital Content Protection) 

can be used to protect content transmitted on an 
HDMI interface.

•When enabled, non-HDCP-compliant downstream 
devices will not be able to establish a connection. 
A blank screen or error message may be dis-
played.
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Plain Text display and Hex display
Audio InfoFrame fields can be set from the grid dis-
play, reading the plain text interpretations and choos-
ing settings from drop-down menus in the grid. Audio 
InfoFrame data can also be set by entering hex values 
for selected bytes in the Audio InfoFrame hex display. 
These two displays are coupled, and a change in one 
will be reflected by the corresponding change in the 
other.

Refer to HDMI.org and the standards docu-
ment CEA-861-DB for detailed information
about Audio InfoFrame and the HDMI trans-
port stream.

Read more about Audio InfoFrame data on page 476.

Input Settings for HDMI Sink

Disable CEC Forwarding
By default, CEC commands from devices at the HDMI 
Sink or AUX OUT connectors are forwarded between 
these devices. Select Disable CEC Forwarding to pre-
vent this communication.

SINK EDID

Use APx Default EDID
When this button is set, the APx default EDID is sent 
to the upstream device connected at the HDMI SINK 
connector. The APx instrument is configured with 
default EDID data that will produce expected results 
for many DUT / instrument / monitor setups. You can 
view these default settings by using the Edit EDID but-
ton, below.

Use EDID from AUX OUT (monitor)
By default, EDID read from the downstream display 
device on AUX OUT is NOT forwarded to the upstream 
device connected to SINK. This configuration allows 
you to analyze the full high-definition audio embed-
ded in the SINK signal without constraining it to the 
limits of the display device.

To constrain the upstream device on SINK to the capa-
bilities of the monitor connected to AUX OUT, check 
the Copy EDID box.

Use Custom EDID
In some cases you may want to send custom EDID 
data to the upstream device. Open the EDID editor by 

About CEC
•CEC (Consumer Electronics Control) is an optional 

HDMI protocol that uses a dedicated bidirectional 
bus to communicate consumer control com-
mands (such as volume or channel change) 
between HDMI-connected devices. Read more 
about CEC on page 174.

About EDID and DDC
•APx500 supports the Enhanced Display Data 

Channel (E-DDC, or simply DDC), which is used by 
the HDMI source device to read the E-EDID data 
from the HDMI sink device to learn what audio/
video formats it supports. APx supports EDID and 
E-EDID for HDMI.

•EDID (Extended Display Identification Data) and 
E-EDID (Enhanced Extended Display Identifica-
tion Data) are data stored in downstream (sync) 
devices and communicated to upstream (source) 
devices. 

•EDID contains information about the video and 
audio capabilities of the downstream device, so 
that the source device can format the content 
properly. This means, for example, that a down-
stream 720x480p video monitor with only two 
audio channels will cause an upstream surround 
decoder or Blu-ray player to provide a 720x480p 
video signal with a stereo downmix, when con-
nected to this device.

EDID 1.4
•With APx500 v 3.1, EDID for HDMI 1.4 is sup-

ported, in addition to the previously supported 
EDID 1.3. Note that in EDID 1.4, some of the 
EDID bytes are interpreted differently than in 
EDID 1.3. For more information, see the following 
standard, available at vesa.org.

•VESA ENHANCED EXTENDED DISPLAY IDENTIFI-
CATION DATA STANDARD (Defines EDID Structure 
Version 1, Revision 4).
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clicking the Edit EDID button. Read more about the 
EDID Editor starting at page 170.

Embedded Audio
Bit Depth

The Bit Depth control allows you to set the input bit 
depth (digital word length). The default setting is 24 
bits, which is also the maximum setting. Minimum set-
ting is 8 bits. The input signal is truncated (not dith-
ered down) if Bit Depth is set to a lower value than Bit 
Depth of the signal. 

We recommend that you use the default setting of 24 
bits, unless you have a special application that 
requires that you mask out low-order bits.

Coupling
Input signals can be analyzed and displayed in one of 
two coupling modes:

•AC
AC coupling blocks any dc signal component from 
analysis, displaying results for only the ac compo-
nents. AC coupling is the default setting.

•DC
DC coupling includes the dc signal component in 
analysis and display.
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HDMI audio constraints by format

The EDID Viewer and the EDID Editor

The EDID Editor. 
The EDID Viewer displays information in the same way.

The EDID Viewer
The APx500 EDID Viewer is a property grid that dis-
plays the EDID settings received from the down-
stream device connected to the instrument HDMI 
SOURCE connector. These properties cannot be 
edited, since they come from the downstream DUT, 
but they can be viewed and saved as a *.edid data 
file. The EDID Viewer is available from the Output Con-
figuration panel when Digital HDMI is selected and a 
downstream device that transmits EDID is connected. 
Click EDID.

The EDID Editor
The EDID Editor is a property grid that displays the 
EDID settings to be sent to the upstream device con-
nected to the instrument HDMI SINK connector. These 
properties can be viewed, edited and saved as a data 
file. The EDID Editor is available from the Input Set-
tings (Digital HDMI) panel. Click Edit EDID.

Using the EDID Editor
Navigate through the grid to the setting of interest, 
and enter the value or select the option required. Click 
OK to accept the changes you have made.

EDID Audio settings are stored in Block1 > CEA Data 
Blocks > CEA Audio Data Block > Short Audio Descrip-
tor n. By default, APx500 has 2 audio settings, one for 
8 channel PCM and one for 2 channel PCM, listed in 
Short Audio Descriptor 1 and Short Audio Descriptor 
2. These settings inform the upstream device that the 
APx500 SYNC will only accept 8 or 2 channel PCM, at 
the sample rates and bit depths indicated in the 
descriptors.

Changing an audio setting
To change an audio setting, you can either add a new 
audio descriptor or edit one of the existing descriptors.

To add a descriptor, right-click on the CEA Audio Data 
Block field. Choose Add CEA Extension Data > Short 
Audio Descriptor. Edit the new descriptor to define the 
new format.

Note: the standard limits the amount of
data that can be carried in the EDID. You
can add new descriptors, but you will not be
allowed to add many without deleting other
information.

Audio Format Video Format Channel Count Sample Rates

Linear 2Ch Layout 0 any 2 30.7 kHz to 33.3 kHz
42.3 kHz to 45.9 kHz
46.0 kHz to 50.0 kHz
84.6 kHz to 91.8 kHz
92.0 kHz to 100.0 kHz
169.2 kHz to 183.6 kHz
184.0 kHz to 192.0 kHz

Linear 8Ch Layout 1 640x720p @ 60 Hz
720x480p @ 60 Hz
720x576p @ 50 Hz

8 30.7 kHz to 33.3 kHz
42.3 kHz to 45.9 kHz
46.0 kHz to 50.0 kHz

Linear 8Ch Layout 1 720x240p @ 60 Hz
720x288p @ 50 Hz
720x480i @ 60 Hz
720x576i @ 50 Hz

8 30.7 kHz to 33.3 kHz
42.3 kHz to 45.9 kHz
46.0 kHz to 50.0 kHz
84.6 kHz to 91.8 kHz

Linear 8Ch Layout 1 All
1280x720 and
1920x1080 formats

8

(Note: Although the HDMI 
interface can carry 8 chan-
nels at all these sample 
rates, Blu-ray Discs are lim-
ited to 6 channels at 
192 kHz sample rate.)

30.7 kHz to 33.3 kHz
42.3 kHz to 45.9 kHz
46.0 kHz to 50.0 kHz
84.6 kHz to 91.8 kHz
92.0 kHz to 100.0 kHz
169.2 kHz to 183.6 kHz
184.0 kHz to 192.0 kHz
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To edit a descriptor, in the left column select the field 
to be changed. Select or enter a new value in the right 
column for that field.

Note: When a defining field such as Audio
Format is changed, other fields within the
descriptor may be affected. Note that when
selecting AC-3 (see below), the Bit Depth
fields are replaced with a Maximum Bit
Rate field.

Example: changing PCM to Dolby Digital 5.1
Under Short Audio Descriptor 1, select the Audio For-
mat field in the left column. Click the arrow in the right 
column, and choose AC-3 from the drop-down menu. 
Now change Number of Channels to 6, change all the 
sample rates except 48kHz to False, and set Maxi-
mum Bit Rate to 2040.

Hex
The Hex button enables a display of the EDID data in 
hexadecimal notation. You may have to enlarge the 
window to view all the data.

Saving an EDID file
Using the File menu commands or the Toolbar but-
tons, you can save your changes to a proprietary 
*.edid file, or to a Microsoft Excel file (*.xlsx) or a text 
file (*.txt).

Loading EDID
When you first open the EDID Editor in a New Project, 
the EDID data are set to the APx default.

Using the File menu commands or the Toolbar but-
tons, you can load EDID settings from an existing 
*.edid or *.xlsx file, or from the device at the HDMI 
SOURCE or AUX OUT connectors.

EDID Warnings
Some EDID settings will allow undefined values to be 
entered and passed with the EDID data. When an 
undefined value is entered, a warning will appear in 
the EDID Warning list.

ARC Output Configuration
See page 174 for more about ARC.

Output:  HDMI ARC Tx

The ARC Tx selection is only available for an
APx analyzer fitted with the HDMI+ARC
(model 114) option. 

Introduction
HDMI ARC Tx sends digital audio in the IEC 60958 / 
IEC 61937 (S/PDIF) interface format via the HDMI ARC 
Tx / AUX IN connector, in accordance with the HEAC 
ARC (audio return channel) definition in the HDMI 
1.4a specification. In this configuration the APx rep-
resents a TV, returning audio down an HDMI cable to a 
home theater receiver Source.

Sample Rate (duplicated on the Settings dialog)
To set the output sample rate (Fs), click the up/down 
arrows to select a standard rate, or enter an arbitrary 
value in the Sample Rate field. Minimum setting is 
8 kHz; maximum is 216 kHz. Default is 48 kHz. Sam-
ple Rate is also available in the Settings dialog.

Settings
Click the Settings button to open the Output Settings 
for ARC Tx dialog.

Output Settings for ARC Tx

ARC Link
•Negotiated

Typically, ARC is negotiated between two devices, 
using EDID identification and exchange of CEC 
messages. If this negotiation fails, an ARC link 
cannot be established. Negotiated is the APx 
default.

•Audio Forced On
This mode ignores all negotiation, and simply 
streams digital audio data on the ARC connectors, 
regardless of EDID status or exchange of CEC mes-
sages.

ARC Mode
•Common Mode

In Common Mode, the ARC signal is sent com-
monly on the HEAC+ and HEAC- lines, relative to 
ground.
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•Single Mode
In Single Mode, the ARC signal is sent on the 
HEAC+ line, relative to ground.

Sample Rate
To set the output sample rate (Fs), click the up/down 
arrows to select a standard rate, or enter an arbitrary 
value in the Sample Rate field. Minimum setting is 
8 kHz; maximum is 216 kHz. Default is 48 kHz. Sam-
ple Rate is also available in the Settings dialog.

Bit Depth
The Bit Depth control allows you to set the output bit 
depth (also called digital word length). The default set-
ting is 24 bits, which is also the maximum setting. 
Minimum setting is 8 bits.

Enable Dither
When the Enable Dither checkbox is checked, dither is 
ON (the default). When ON, dither is set according to 
the bit depth, using TPDF (triangular probability den-
sity function) dither at ±1 LSB.

Uncheck the checkbox to turn dither OFF.

Status/User Bits...
The ARC digital audio stream includes IEC 60958 Sta-
tus Bits and User Bits. This button opens the Set Sta-
tus Bits / User Bits panel for the ARC audio stream. 
See page 725.

Edit EDID...
EDID is Extended Display Identification Data, one of 
several metadata protocols in the HDMI transport 
stream.

Click the EDID... button to open the EDID Editor. See 
page 170.

Send CEC...
Establishing, confirming or terminating an ARC link 
requires exchange of CEC messages. Click Send CEC... 
to open a dialog box. See page 174.

ARC Input Configuration
See page 174 for ore about ARC.

Input:  HDMI ARC Rx

The ARC Rx selection is only available for an
APx analyzer fitted with the HDMI+ARC
(model 114) option.

Introduction
HDMI ARC Rx receives digital audio in the IEC 60958 / 
IEC 61937 (S/PDIF) interface format via the ARC Rx / 
HDMI AUX OUT connector, in accordance with the 
HEAC ARC (audio return channel) definition in the 
HDMI 1.4a specification. In this configuration the APx 
represents a home theater receiver, accepting audio 
sent down an HDMI cable from a TV Sink.

Labels/Colors
Click the Labels/Colors... button to open the Labels/
Colors dialog, where you can name the input chan-
nels with names you choose and change the channel 
color assignments used in the display and reports. 
Names and color assignments are maintained inde-
pendently for the each input configuration selection.

Operation with absent or corrupt interface sig-
nal
When Input Configuration is set to a digital input and 
no signal is present, or if the signal is corrupt or out of 
range, the input receiver cannot lock (synchronize) to 
the interface signal, and no valid audio can be recov-
ered. The sample rate indicator in the Status Bar will 
display an “unlocked” warning, and any measurement 
result referencing audio from the unlocked input will 
display an “----” (invalid) result. See page 754 for more 
about invalid results.

Settings
Click the Settings button to open the Input Settings for 
ARC Rx dialog.

Input Settings for ARC Rx

ARC Mode
•Common Mode

In Common Mode, the ARC signal is sent com-
monly on the HEAC+ and HEAC- lines, relative to 
ground. This setting configures the receiver for 
Common Mode.

•Single Mode
In Single Mode, the ARC signal is sent on the 
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HEAC+ line, relative to ground. This setting config-
ures the receiver for Single Mode.

See page 174 for more about the ARC physical layer.

Bit Depth
The Bit Depth control allows you to set the input bit 
depth (digital word length). The default setting is 24 
bits, which is also the maximum setting. Minimum set-
ting is 8 bits. The input signal is truncated (not dith-
ered down) if Bit Depth is set to a lower value than Bit 
Depth of the signal.

We recommend that you use the default setting of 24 
bits, unless you have a special application that 
requires that you mask out low-order bits.

Scale Freq By:
•Input SR 

For most testing, use Input SR (the default).

•Output SR 
If sample rate is being swept, you may want to use 
the output sampling rate as the scaling reference.

•Fixed 
If jitter is present on the input signal, you may 
want to reference the embedded audio to a fixed 
rate, rather than the jittered input rate. This may 
improve phase and frequency stability of the 
embedded audio. Set Scale Freq By: to Fixed, and 
enter the nominal input sample rate in the Fixed 
Rate field. See More About Frequency Scaling on 
page 108.

Send CEC...
Establishing, confirming or terminating an ARC link 
requires exchange of CEC messages.

Click Send CEC... to open a dialog box.

Send CEC dialog boxes

When in an HDMI ARC configuration, the Send CEC 
dialog allows you to send ARC-related CEC commands 
to the source or sink device connected.

In normal operation, EDID settings and CEC mes-
sages are exchanged in a link negotiation process, 
and use of the commands in this dialog is unneces-
sary. These are provided for diagnostic purposes.

Tx and Rx dialogs
If the Send CEC Message dialog has been opened 
from Output Settings (HDMI ARC Tx), the role of the 
APx is “TV,” from which CEC commands can be sent to 
the connected device, defined as “Audio System.”

Available CEC messages (shown with their hex equiva-
lents) are:

•Report ARC Initiated (0xC1)

•Report ARC Terminated (0xC2)

•Request ARC Initiation (0xC3)

•Request ARC Termination (0xC4)

If the Send CEC Message dialog has been opened 
from Input Settings (HDMI ARC Rx), the role of the APx 
is “Audio System,” from which CEC commands can be 
sent to the connected device, defined as “TV.”

Available CEC messages (shown with their hex equiva-
lents) are:

•Initiate ARC (0xC0)

•Terminate ARC (0xC5)

More About ARC
APx support of HDMI versions and fea-
tures
APx HDMI modules fully support HDMI version 1.3a. 
The APx HDMI+ARC module adds ARC (Audio Return 
Channel) support, which is a subset of the HDMI 1.4 
specification. Other HDMI features added in 1.4a are 
not supported. In the APx implementation, ARC Tx 
(transmit) and ARC Rx (receive) input and output 
selections are entirely independent of the standard 
HDMI audio configuration and features. The ARC Tx 
signal appears on the connector also used for HDMI 
AUX IN, and the ARC Rx uses the connector also used 
for HDMI AUX OUT.

About ARC
ARC (Audio Return Channel) is a feature of HDMI 1.4a 
that enables digital audio (IEC 60958 / SPDIF) trans-
mission and reception on existing but previously 
unused conductors in standard HDMI connectors and 
cables. 

ARC was added to eliminate the need for a coaxial or 
optical digital cable to return audio from a device des-
ignated as an HDMI sink. The classic case is a televi-
sion (typically connected as a sink to a home theater 
receiver acting as a video source) that has been con-
figured to receive video directly from an RF antenna, 
rather than from the receiver. The audio from the on-
air signal must be routed to the receiver; in the past 
this required an additional cable. The HDMI ARC func-
tion designates existing conductors in the HDMI cable 
to act as a digital audio return channel, presenting the 
audio to the source connector on the receiver.
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The ARC carrier and embedded audio formats con-
form to IEC60958 (AES3-S/PDIF).

Physical Layer
The ARC digital audio signal is carried on a twisted 
pair of wires in an HDMI cable. These wires are desig-
nated HEAC+ and HEAC–. The ARC signal can be car-
ried in two modes. In Single Mode, the digital audio 
signal is carried on the HEAC+ conductor, relative to 
the HDMI ground. In Common Mode, the ARC signal is 
carried commonly on the HEAC+ and HEAC– conduc-
tors, relative to ground. Common mode facilitates an 
HDMI 1.4a feature not supported by APx, carrying an 
ethernet signal simultaneously in differential mode on 
the HEAC– and HEAC+ conductors.

CEC
In APx, CEC commands are sent using the
HD Monitor panel, CEC tab. See page 67. 

CEC is Consumer Electronics Control, a bus in the 
HDMI interface. CEC enables HDMI interconnected 
devices such as a television, a cable set-top box, an 
audio-video receiver, a disc player, etc. to identify each 
other and exchange control commands.

These commands are used to simplify operating an 
audio-video system for the consumer. Selecting the 
DVD input on a receiver, for example, may also turn 
the DVD player ON. One IR remote control may be con-
figured to control several different devices.

The CEC system assumes the video display or televi-
sion is the “root” device, and the CEC network 
expands from this root in a tree pattern, with switch-
ers (e.g. a receiver) as “branches” and source devices 
as “leaves.” The tree can only be 5 layers deep. Up to 
10 devices can be connected to a CEC bus.

Each device on the tree has a physical address and a 
logical address. The physical address for the root 
device is 0.0.0.0. Other devices inherit physical 
addresses according to the connector and the device 
each is connected to.

Devices also have logical addresses, corresponding 
with their roles in the system. There are 16 CEC logi-

cal addresses defined. Each device negotiates for a 
logical address when it is connected to the bus.

CEC Device menu, showing logical addresses.
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Detailed information about CEC and HDMI is available 
at www.hdmi.org.
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LA 0x8
HDMI

SOURCE

OTT SET-TOP BOX
PA 1.3.0.0

LA 0xB
HDMI

SOURCE

HDMI CEC
TYPICAL SYSTEM,
PHYSICAL AND LOGICAL
ADDRESSES
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SPS: Bluetooth I/O

Introduction
The APx Bluetooth Duo option (page 39) is a hard-
ware module available for the APx modular analyzers 
(the APx555, APx 517, and the APx525 and 585 fami-
lies of analyzers, including the APx582). It provides 
Bluetooth® wireless technology source and sink inter-
faces. See licensing acknowledgments on the copy-
right page of this manual (immediately following the 
title page).

The APx Bluetooth profiles support audio in a lower-
quality (voice) mode (the HFP and HSP profiles) and in 
a higher-quality (music) mode (the A2DP profile).

See more About Bluetooth on page 190 and Using 
Bluetooth in a Sequence on page 662. See More 
About Supported Bluetooth Profiles on page 191.

This chapter discusses operation of the Bluetooth Duo 
option. APx500 versions 4.5 and later support the 
Bluetooth Duo option, and also provides support for 
the legacy Bluetooth modules. Operation of the legacy 
Bluetooth modules is discussed in Chapter 19.

Identification
The most obvious difference between the legacy Blue-
tooth modules and the Bluetooth Duo module is the 
number of external antennas: the legacy modules 
have one; Bluetooth Duo has two.

The Bluetooth Duo module carries the model number 
229, and is identified in the Help > About product 
components list as Bluetooth Duo Module. 

See more About Bluetooth on page 190, and Using 
Bluetooth in a Sequence on page 662. See More 
About Supported Bluetooth Profiles on page 191.

The Bluetooth Monitor
The status of a number of current Bluetooth settings 
is shown in the Bluetooth Monitor. Additionally, Blue-
tooth actions, settings and utility functions are avail-
able through a context menu (right-click in the 
Bluetooth Monitor display.) See Bluetooth Monitor on 
page 68.

Bluetooth Discovery, Pairing and Con-
nection
Bluetooth connections require successful radio fre-
quency (RF) communication between the APx ana-
lyzer and the DUT, and successful device handshaking 
through device discoverability, pairing and connection 
protocols. Data transfer is encrypted and must be 
authorized by the exchange of link keys, and personal 
identification number (PIN) codes may be required.

Bluetooth Settings are Global
Bluetooth settings are unique in APx500, in that they 
are global. This means the settings made in the Blue-
tooth Settings dialog affect the entire project: all mea-
surements, all signal paths.

Source, Sink, Output and Input
When the APx Output Configuration is set to Blue-
tooth, the instrument can transmit audio using the 
A2DP Source profile, the HFP Audio Gateway profile, or 
the HSP Audio Gateway profile. When the APx Input 
Configuration is set to Bluetooth input, the instrument 
can receive audio using the A2DP Sink profile, the HFP 
Hands Free profile, or the HSP Headset profile.

There is one case where you are can output audio and 
input audio simultaneously: set the APx Output and 
APx Input to Bluetooth, and connect to the DUT using 
the HFP Profile. When the SCO is opened, you can 
both send and receive audio, since HFP is a bi-direc-
tional link.
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Output Configuration: Bluetooth
This Signal Path Setup I/O selection enables output of 
audio from the APx generator to a Bluetooth device 
under test, using Bluetooth radio frequency (RF) trans-
mission.

Note: The Bluetooth choice is only available
for analyzers fitted with the APx Bluetooth
Option module.

Connector
Choose Bluetooth here. Since the Bluetooth connec-
tion isn’t valid until you choose, pair and connect with 
a device, the Bluetooth Settings dialog opens immedi-
ately. See page 180.

Settings
Click the  Settings... button to discover, select, pair, 
connect and otherwise configure a Bluetooth link. See 
page 180.

Friendly Name
The friendly name of the APx Bluetooth module’s 
source chip will appear here.

Address
The address of the APx Bluetooth module’s source 
chip will appear here.

A2DP
The codec settings for the A2DP profile can be viewed 
and edited here.

Audio Profile
This displays the active profile, if any. See More About 
Supported Bluetooth Profiles on page 191.

Connect
If the APx is already paired with one or more Blue-
tooth devices, you can open the Connect flyout menu 
to select a device and one or more profiles for connec-

tion. See More About Supported Bluetooth Profiles on 
page 191.

Disconnect
If the APx is already connected to a Bluetooth device, 
you can click the Disconnect button to terminate the 
connection.

Actions
Click Actions to open the Bluetooth Actions dialog. If 
the APx is already connected to a Bluetooth device, 
you can initiate Bluetooth Actions from this dialog. 
Only the actions appropriate to the current connec-
tion and profile are shown. See Actions on page 188. 

Input Configuration: Bluetooth
This selection enables input of audio from a Blue-
tooth device under test, using Bluetooth radio fre-
quency (RF) transmission.

Note: The Bluetooth choice is only available
for analyzers fitted with the APx Bluetooth
Option module.

Loopback
Loopback is not available when either the Output or 
Input Configuration is set to Bluetooth.

Connector
Choose Bluetooth here. Since the Bluetooth connec-
tion isn’t valid until you choose, pair and connect with 
a device, the Bluetooth Settings dialog opens immedi-
ately. See page 180.

Settings
Click the  Settings... button to discover, select, pair, 
connect and otherwise configure a link with a Blue-
tooth device. See page 180.

Edit Channel Labels
In the Channel Labels  dialog you can rename the 
input channels with names of your choice. See page 
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91. These settings are project-wide, but can be over-
ridden for any measurement result. To set project col-
ors, click the Project Colors... button in the Labels 
dialog, or go to the Project/Sequence Properties dia-
log, Colors tab. See Setting Graph Colors and Styles 
on page 62.

Channels
This is a reading field that displays the current input 
channel count, determined by profile settings.

Friendly Name
The friendly name of the APx Bluetooth module’s sink 
chip will appear here.

Address
The address of the APx Bluetooth module’s sink chip 
will appear here.

A2DP
The codec settings for the A2DP profile can be viewed 
and edited here.

Audio Profile
This displays the active profile, if any. See More About 
Supported Bluetooth Profiles on page 191.

Connect
If the APx is already paired with one or more Blue-
tooth devices, you can open the Connect flyout menu 
to select a device and one or more profiles for connec-
tion. See More About Supported Bluetooth Profiles on 
page 191.

Disconnect
If the APx is already connected to a Bluetooth device, 
you can click the Disconnect button to terminate the 
connection.

Actions
Click Actions to open the Bluetooth Actions dialog. If 
the APx is already connected to a Bluetooth device, 
you can initiate Bluetooth Actions from this dialog. 
Only the actions appropriate to the current connec-
tion and profile are shown. See Actions on page 188. 

Operation with absent or corrupt inter-
face signal
When Input Configuration is set to a digital input and 
no signal is present, or if the signal is corrupt or out of 
range, the input receiver cannot lock (synchronize) to 
the interface signal, and no valid audio can be recov-
ered. The sample rate indicator in the Status Bar will 
display an “unlocked” warning, and any measurement 
result referencing audio from the unlocked input will 
display an “----” (invalid) result. See page 754 for more 
about invalid results.
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Bluetooth settings dialog for Bluetooth Duo

Bluetooth Settings dialog for Bluetooth Duo, shown in the A2DP Source, HFP Audio Gateway, AVRCP Target profile set.

This topic explores Bluetooth Duo settings dialog. The 
legacy Bluetooth settings dialog is discussed begin-
ning on page 198.

This dialog provides settings for Bluetooth discovery, 
pairing, connection and other configuration. Unlike 
most APx settings, Bluetooth profile selection, pairing 
and connection settings are global to the APx project. 
Settings made here affect both Bluetooth source and 
sink configurations across all signal paths in the proj-
ect.

A flow chart depicting discovery, pairing and connec-
tion paths is shown on page 187.

APx Profile Set
APx has four sets of profiles that the Bluetooth Option 
module can assume. Each set lists the profiles avail-
able for connection and/or the profiles available for 
access by a remote device. Choose an APx Bluetooth 
Profile Set here.

•A2DP Source, HFP Audio Gateway, AVRCP Target

•A2DP Source, HSP Audio Gateway, AVRCP Target

•A2DP Sink, HFP Hands Free, AVRCP Controller

•A2DP Sink, HSP Headset, AVRCP Controller

In A2DP Source, the APx Bluetooth trans-
mitter mutes the audio when the average
signal level falls below –54 dBFS for more
than 1 second. We recommend maintain-
ing test levels above –54 dBFS for meaning-
ful results.

Check for Firmware Updates at Applica-
tion Start
The Bluetooth Duo hardware module can update its 
firmware in the field, using update files that are 
included with the APx500 software distribution. See 
Update Bluetooth Firmware on page 183.

APx Identification
The upper left side of the dialog displays a number of 
APx Identification settings readable by other Blue-
tooth devices.

Friendly Name
The friendly name of the APx Bluetooth module's 
Source or Sink chip is displayed here.

Address
The Address of the APx Bluetooth Source or Sink chip 
is displayed here.

APx PIN
The APx Bluetooth PIN is displayed here.

Device Class
•Auto

Auto uses the Device Class assigned by default: 
for the Source chip, 60020C; for the Sink chip, 
240408.

•Custom
Custom allows you to select a Device Class for the 
active APx Bluetooth chip. Use the  browse but-
ton to open the Edit Device Class Dialog (page 
185).
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Discovery
Auto Discoverable/Pair/Connect

When this is selected (the default), the APx Bluetooth 
Option is discoverable by remote Bluetooth devices. If 
the remote device initiates pairing, the APx will pair. If 
the remote device initiates connection, the APx is 
available to connect for the profiles checked here.

Not Discoverable, No Pair/Connect
When this is selected, the APx Bluetooth Option is not 
discoverable by remote devices, and it will not 
respond to pairing or connection initiated by remote 
device.

SSP Mode
APx provides four SSP (Secure Simple Pairing) options. 
The Just Works choice is used in Bluetooth device 
relationships that require little security. The Numeric 
Comparison choices are man-in-the-middle (MITM) 
interactions for device relationships that require 
higher security. Choose the SSP Mode that is appropri-
ate for the Bluetooth device you are testing. See More 
About Secure Simple Pairing on page 192 for detailed 
information.

•Just Works

•Numeric Comparison, Display Only

•Numeric Comparison, Display+Buttons

•Numeric Comparison, Keyboard

Transmit Power
You can choose one of eight RF output transmission 
power levels between –20 dBm and +8 dBm. The 
default is +4 dBm. When you change a transmit power 
setting, the new setting is applied to the NEXT Blue-
tooth connection.

Active Bluetooth Connection
 If Maintain Active Connection is checked, the APx 

Bluetooth Option will remain connected to the Blue-
tooth device under test throughout the project, even 
across Signal Paths where Bluetooth is not configured 
as an input or an output. However, if you change to 
Bench Mode, the Bluetooth device will be discon-
nected.

Profile Configurations
The upper right side of the dialog displays a number of 
APx profile configurations. The controls and settings 

here vary with Source or Sink (Target or Controller) set-
tings.

Profile Configurations for Source/Target settings

Profile Configurations for Sink/Controller settings

HFP/HSP Profile
 If this box is checked, the HFP/HSP profile is 

enabled, and APx support for this profile is disclosed 
to remote devices. You may elect to use the profile at 
connection time, or not. 

 If this box is unchecked, the HFP/HSP profile will 
not be available on the connection menu, and APx 
support for this profile is not disclosed to remote 
devices. These further options are available:

•  Auto Answer Incoming HFP/HSP Calls 

•  Wideband Speech (mSBC) Enabled 

A2DP Profile (when APx Profile is set to Source)
 If this box is checked, the A2DP profile is enabled 

for Source, and APx support for this profile is dis-
closed to remote devices. You may elect to use the 
profile at connection time, or not. 

 If this box is unchecked, the A2DP profile will not 
be available on the connection menu, and APx sup-
port for this profile is not disclosed to remote devices. 
These further options are available:

Codec Settings...
This button opens the A2DP Codec Settings dialog. 
See page 183.
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A/V Sync Delay
 Enter A/V Sync Delay into DUT Delay. See page 

185.

A2DP Profile (when APx Profile is set to Sink)
 If this box is checked, the A2DP profile is enabled 

for Source, and APx support for this profile is dis-
closed to remote devices. You may elect to use the 
profile at connection time, or not. 

 If this box is unchecked, the A2DP profile will not 
be available on the connection menu, and APx sup-
port for this profile is not disclosed to remote devices. 
These further options are available:

Codec Settings...
This button opens the A2DP Codec Settings dialog. 
See page 183.

Clock Recovery
Clock Recovery enables or disables the sink clock 
recovery algorithm. See page 184.

•Fixed
Fixed (the default) sets the A2DP sink sample rate 
to the negotiated rate.

•(Auto)
Auto enables the A2DP sink clock recovery algo-
rithm.

Report A/V Sync Delay
Report A/V Sync Delay to the connected Source 
device. See page 185.

•(Auto) (the default)
Auto reports the APx Bluetooth Sink chip A/V Sync 
Delay.

•Custom
Custom allows you to enter an arbitrary A/V Sync 
Delay value to be reported.

AVRCP Profile (when APx Profile is set to Tar-
get)

 If this box is checked, the AVRCP Target profile is 
enabled, and APx support for this profile is disclosed 
to remote devices. You may elect to use the profile at 
connection time, or not.

 If this box is unchecked, the AVRCP Target profile 
will not be available on the connection menu, and APx 
support for this profile is not disclosed to remote 
devices.

The latest AVRCP supported by APx is version 1.4. As 
an alternative (perhaps for diagnostic purposes), you 
may choose AVRCP version 1.0 here.

These further options are available:

Playback Status
See page 185.

Absolute Volume (Remote)
See page 186.

 Commands Change Generator Settings. See page 
187.

 AVRCP Profile (when APx Profile is set to 
Controller)

 If this box is checked, the AVRCP Target profile is 
enabled, and APx support for this profile is disclosed 
to remote devices. You may elect to use the profile at 
connection time, or not.

 If this box is unchecked, the AVRCP Target profile 
will not be available on the connection menu, and APx 
support for this profile is not disclosed to remote 
devices.

The latest AVRCP supported by APx is version 1.4. As 
an alternative (perhaps for diagnostic purposes), you 
may choose AVRCP version 1.0 here. 

This further option is available:

Absolute Volume (Local)
See page 186.

Scan
The lower left area of the dialog has controls and set-
tings to scan for nearby Bluetooth devices.

Scan for Devices
This button initiates a scan to identify all the discover-
able Bluetooth devices within range. Discovered 
devices are listed in the Current Devices List.

Scan Duration
This setting limits the scan time to the value set. The 
maximum time is 48 seconds. The default is 10 sec-
onds.

 Get Friendly Names
By default, APx asks for a device’s friendly name. In 
automated processes, this process adds extra time. 
Uncheck this checkbox to disable this feature.

 Filter Devices From Scan
You can filter the scan so only a certain Bluetooth 
Device Class will be shown. Click the browse button to 
open the Edit Device Class dialog.

Device Class
You can select a Device Class as a filter for the scan. 
Use the  browse button to open the Edit Device 
Class Dialog (page 185).

Max Devices
You can limit the number of devices found in the fil-
tered scan here. The default is 10 devices.

Current Devices List
The Current Devices List occupies most of the lower 
part of the dialog.

This grid shows the devices discovered in the scan, 
along with information fields. There are controls to 
pair, unpair, connect, disconnect, initiate actions and 
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to copy the device Bluetooth address and link key. 
Select a device to configure the relationship.

Clear Devices
You can choose to remove all devices from the list, or 
all paired devices, or all unpaired devices. When  a 
device is removed from the list, any pairing informa-
tion for that device is also removed. Click Scan to re-
populate the list.

Pair
Pairing provides a way for devices to exchange link 
keys. To pair with a device, refer to the documentation 
received with the device. To enable pairing, you may 
be required to execute a command or series of com-
mands at the device. When pairing is enabled, select 
the device in the Current Devices List, and click Pair. 
The Pair Bluetooth Device dialog box will open.

The Browse  button in this dialog opens the Known 
Devices list, from which you may select other devices 
which have been previously discovered using this com-
puter. See page 190.

Pairing information is saved in the project, until the 
Current Devices List is cleared, or the until device is 
Unpaired.

Some devices may require the exchange of a PIN 
code. The APx Bluetooth PIN code is set to 0000; a 
field in the pairing dialog allows input of a remote 
device’s PIN code.

Unpair
Unpairs the selected, previously paired device.

Connect
Connects to the selected, previously paired device. A 
Connect menu opens. Select the profile you would like 
to offer to the device.

Disconnect
Disconnects the selected, connected device.

Actions
Opens various Actions dialogs. This duplicates the 
function of the Actions button shown on Signal Path 
Setup, without the necessity of leaving the Bluetooth 
Settings dialog. See page 188.

Copy
Copies the device address and key link to the Win-
dows Clipboard. This text can then be pasted into 
another application or tool.

Update Bluetooth Firmware
The Bluetooth Duo hardware module can update its 
firmware in the field, using update files that are 
included with the APx500 software distribution. 

If Check for Firmware Updates at Application Start 
(located at the top of the Bluetooth Settings panel) is 

 checked, each time the APx500 application is 
launched it will check to verify that the Bluetooth firm-
ware is correct for the APx500 version. If the firmware 
requires updating, the update will begin immediately 
and a progress dialog will be displayed. The update 
may take a few minutes.

If Check for Firmware Updates at Application Start is 
 unchecked, the APx500 application will not check 

for updates at launch. Instead, it will check for 
updates if and when Bluetooth is selected as an Input 
or Output. At that time, the update may take a few 
minutes.

If the Bluetooth firmware is the correct version for the 
APx500 software, you will not be prompted to update.

Codec Settings
See licensing acknowledgments on the copyright page 
of this manual (immediately following the title page).

A2DP Codec Settings
The Bluetooth A2DP profile is required to support the 
SBC audio codec. Additional codecs are optional.

In APx, you can select which optional codecs you 
would like to support, and edit features of the codecs 
you choose.

Using the arrow icons at the top of the dialog, you can 
set an order of priority

for APx. The DUT will support one or more codes, in its 
own prioritized list. The device that initiates the A2DP 
connection will move from the topmost codec down-
ward
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until finding the codec that the connected device sup-
ports.

Codecs supported, in default order of priority:

aptX HD
You can choose to support either or both of the follow-
ing sample rates for the Qualcomm® aptX™ HD audio 
codec:1

•48 kHz

•44.1 kHz

aptX Low Latency
You can choose to support either or both of the follow-
ing sample rates for the Qualcomm® aptX™ Low 
Latency audio codec:

•48 kHz

•44.1 kHz

aptX
You can choose to support any or all of the following 
sample rates for the Qualcomm® aptX™ audio codec:

APx as A2DP source:
•48 kHz 

•44.1 kHz

•32 kHz

•16 kHz

APx as A2DP sink:
•48 kHz

•44.1 kHz

•32 kHz

•16 kHz

AAC
The AAC codec is fixed at AAC-LC, 44.1 kHz, 2 chan-
nels. Both or either MPEG-2 or MPEG-4 are sup-

ported. If both are selected and the connected device 
supports both, APx prefers MPEG-4.

By default, variable bit rate (VBR) is set. You can dese-
lect variable bit rate to enforce fixed bit rate.

SBC
You can choose to support any or all of the following 
sample rates for the SBC codec:

APx as A2DP source:
•48 kHz 

•44.1 kHz

•32 kHz

•16 kHz

APx as A2DP sink:
•48 kHz

•44.1 kHz

•32 kHz

•16 kHz

Additionally, you can choose to support any or all of 
the following channel modes:

•Joint Stereo

•Stereo

•Dual Channel

•Mono

Clock Recovery
Bluetooth A2DP Sink Clock Recovery
Clock Recovery: Fixed (the default) does not attempt 
to algorithmically correct transmission errors, but sets 
the A2DP sink sample rate at the negotiated rate. This 
provides stable frequency measurements, but may 
occasionally be subject to glitches due to packet loss 
or buffer overruns. Generally, we recommend using 
the Fixed setting, particularly when using the Qual-
comm® aptX™ Low Latency audio codec.

Clock Recovery: (Auto) engages an A2DP sink algo-
rithm that compensates for RF packet loss or sample 
rate drift between source and sink. Ideally, this com-
pensation is unnoticed by the listener, providing a 
pleasant listening experience; it will, however, create 1. see the Qualcomm attributions on the copyright page of this 

manual.
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small but measurable sample rate and audio fre-
quency variations.

A/V Sync Delay
AV Sync Delay features are not supported
by the Legacy Bluetooth Option.

This feature of A2DP allows the sink device to notify 
the source device of any rendering delay, enabling the 
source device to compensate for the delay. 

For example, a source device may provide video to a 
television monitor via a hard-wired connection, but 
route the audio through a Bluetooth A2DP connection 
to speakers or headphones. Any delay in the audio 
path will cause the audio to lag the video. If the source 
device is informed of the rendering delay in the sink 
device, it can delay the video stream by that amount 
and maintain proper synchronization between video 
and audio. 

A2DP Source
When A2DP Source is selected, you can choose Enter 
A/V Sync Delay into DUT Delay to apply the delay 
reported by the remote sink device to the APx DUT 
Delay feature.

The delay value entered into DUT Delay is updated 
each time the remote device reports a new delay 
value.

The Bluetooth Monitor will indicate the delay reported 
from the remote sink device. If the remote device does 
not support this feature, the monitor entry will read 
“N/A”.

A2DP Sink
When A2DP Sink is selected, APx provides an A/V 
Sync Delay value for the remote device to read. 

For Report A/V Sync Delay you can choose either

•(Auto)
Auto reports the current delay in the Bluetooth 
chip internal to the APx, which will vary with config-
uration and connection.

or

•Custom
Custom allows you to enter an arbitrary delay 
value for the remote source device to read. The 
range is 100 ns to 1.6 s.

Edit Device Class
This dialog will generate a Bluetooth Device Class hex 
code from your selections.

Choose one or more Major Service Class(es), a Major 
Device Class, and a Minor Device Class (if available.) 
This dialog will also identify a Device Class if you type 
a valid hex code in the Device Class field, and press 
the Enter key on the PC keyboard.

APx Device Class
If you have come to this dialog from the APx Custom 
Device Class setting, click OK to enter the code gener-
ated here as the APx Custom Device Class, which will 
be asserted in both Source and Sink profiles.

Scan Filter Device Class
If you have come to this dialog from the Filter Devices 
From Scan setting, click OK to enter the code gener-
ated here as the scan filter Device Class. 

Note: this feature is not supported by the
Legacy Bluetooth Option.

AVRCP Playback Status
AVRCP Playback Status features are not
supported by the Legacy Bluetooth Option.

Playback Status is a feature introduced in AVRCP 1.3. 
This feature is intended to allow devices such as car 
kits to ask a phone whether a song is playing or not. 
This prevents certain “out of band” audio noises from 
the user, such as key presses while dialing a phone 
number. The car kit will suppress audio from the A2DP 
source device (also the AVRCP target) when the play 
status is not PLAYING.

AVRCP Profile selection
The AVRCP Profile checkbox allows you to select 
AVRCP version 1.4 or version 1.0, or to disable AVRCP 
altogether. AVRCP version 1.4 is selected as the 
default. Toggling the AVRCP Profile or version will dis-
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connect any active connection. We recommend that 
you use AVRCP version 1.4; version 1.0 is available 
primarily as a diagnostic tool.

AVRCP Controller profile
In the AVRCP Controller profile, APx acts as a A2DP 
rendering device (a sink such as a speaker or head-
phone), receiving an audio stream from a remote 
media player such as a phone. APx uses AVRCP Com-
mands to control the remote media player.

When AVRCP is acting as a Controller, Playback Sta-
tus is enabled when AVRCP Profile is enabled and set 
to version 1.4. Playback Status is disabled when 
AVRCP Profile is unchecked, or when AVRCP Profile is 
set to version 1.0. 

When AVRCP is acting as a Controller, and Playback 
Status is enabled, and the connected AVRCP Target 
device supports this notification, the Playback Status 
is indicated in the Bluetooth Monitor. If the connected 
AVRCP Target device does not support it,

the Bluetooth Monitor will indicate “N/A”.

AVRCP Target profile
In the AVRCP Target profile, APx acts as an A2DP 
source device, sending an audio stream to a remote 
rendering device (speaker or headphones). APx 
responds to AVRCP

Commands sent from the remote rendering device.

When AVRCP is acting as a Target, Playback Status is 
enabled when AVRCP Profile is enabled and set to ver-
sion 1.4. Playback Status is disabled when AVRCP Pro-
file is unchecked, or when AVRCP Profile is set to 
version 1.0.

When AVRCP is acting as a Target, and Playback Sta-
tus is enabled, you can navigate to Actions > A2DP 
Sink/AVRCP > Playback Status to open a dialog to set 
a response to the remote AVRCP Controller device. The 
Playback Status control provides a menu that has the 
following options: Auto, Stopped, Playing, Paused, Fwd 
Seek, Rev Seek, Error. The default selection is Auto.

For any choice except Auto, the selected Playback Sta-
tus will be passed to the AVRCP Controller device.

If Auto is selected, APx will set the status to Playing 
when the generator is turned on. When A2DP stream-
ing is started, the playback status will be Paused 
when the generator is off. When A2DP streaming is 
stopped, the playback status will be Stopped. 

The Playback status value is only updated when the 
active audio stream is A2DP. Playback status changes 
should not be made when the audio path is SCO.

Absolute Volume
AVRCP Absolute Volume control features
are not supported by the Legacy Bluetooth
Option.

AVRCP Absolute Volume Control is a feature intro-
duced in AVRCP 1.3. This feature is intended to allow 
the source device to specify a percentage value of full 
volume to the rendering device (speaker or head-
phones). The rendering device responds with a notifi-
cation of the current absolute volume level.

APx supports features of Absolute Volume Control in 
both the AVCRP Controller (A2DP sink) and Target 
(A2DP source) profiles.

AVCRP Controller profile
In the AVRCP Controller profile, APx acts as a A2DP 
rendering device (a sink such as a speaker or head-
phone), receiving an audio stream from a remote 
media player. APx uses AVRCP Commands to control 
the remote media player.

When the AVRCP Controller profile and the remote Tar-
get (source) device support Absolute Volume, you can 
navigate to Actions >  A2DP Sink/AVRCP > Absolute 
Volume to open a dialog to set an Absolute Volume 
level value, which can be read by the remote AVRCP 
Target device. Values are integers from 0–127. If the 
Target device does not support Absolute Volume, this 
control is unavailable.

...in a sequence
When the AVRCP Controller profile is selected, a 
sequence step is available to set the Absolute Volume 
level on the A2DP sink device. When the step is 
included in a sequence and loaded on an APx ana-
lyzer that does not support Absolute Volume, an error 
occurs when the step is executed. When the step is 
included in a sequence and loaded on an analyzer 
that supports Absolute Volume, but connected to a 
remote device that does not support it, an error 
occurs when the step is executed.

In a sequence when the AVRCP Controller profile is 
selected, and the remote AVRCP Target device sup-
ports Absolute Volume, the Absolute Volume level set 
in the local A2DP sink device (the APx analyzer) is dis-
played on the report for each measurement in the 
sequence.

AVRCP Target profile
In the AVRCP Target profile, APx acts as an A2DP 
source device, sending an audio stream to a remote 
rendering device (speaker or headphones). APx 
responds to AVRCP Commands sent from the remote 
rendering device.

When the AVRCP Controller profile and the remote 
AVRCP Controller (sink) device support Absolute Vol-
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ume, you can navigate to Actions > A2DP Sink/AVRCP 
> Absolute Volume to open a dialog to send an Abso-
lute Volume command to the remote AVRCP Control-
ler device. Values are integers from 0-127. If the 
remote AVRCP Controller device does not support 
Absolute Volume, this control is unavailable.

When the AVRCP Target profile is selected, and the 
remote AVRCP Controller device reports its Absolute 
Volume level, the level is read and displayed in the APx 
Bluetooth Monitor. If the remote device does not sup-
port Absolute Volume control, the Bluetooth Monitor 
indicates “N/A” for this value. 

When the AVRCP Target profile is selected, a nested 
sweep parameter called “Absolute Volume” is avail-
able. This parameter allows the AVRCP Controller 
(A2DP sink) device manufacturer to test audio output 
at various levels, plotted on one graph.

...in a sequence
When the AVRCP Target profile is selected, a sequence 
step is available to set the Absolute Volume level on 
the remote device. When the step is included in a 
sequence, and loaded on an APx analyzer which does 
not support Absolute Volume, an error occurs when 
the step is executed. When the step is included in a 
sequence, and loaded on an analyzer that does sup-
port Absolute Volume, but the remote device does not 
support it, an error occurs when the step is executed.

In a sequence when the AVRCP Target profile is 
selected and the remote AVRCP Controller device sup-
ports Absolute Volume, the Absolute Volume level 
reported by the remote device is read by APx and dis-
played on the report for each measurement in the 
sequence.

Commands Change Generator 
Settings
When APx is configured for A2DP Source AVRCP Tar-
get, the APx generator can now respond to certain 
AVRCP commands.

AVCRP Target profile
In the AVRCP Target profile, APx acts as an A2DP 
source device, sending an audio stream to a remote 
rendering device (speaker or headphones). APx 
responds to AVRCP Commands sent from the remote 
rendering device.

When the AVRCP Target profile is selected, the Com-
mands Change Generator Settings  checkbox on 
the Bluetooth Settings panel allows you to enable or 
disable this feature. This setting is enabled by default.

AVRCP generator commands are only acted upon 
when the active measurement has a generator with 
an ON/OFF button, and the generator is not disabled.

Generator response to AVRCP Com-
mands

•The AVRCP command Play turns the generator On

•The AVRCP command Pause turns the Generator 
Off

•The AVRCP command Stop turns the Generator 
Off, and stops A2DP streaming.

•The AVRCP command Next Track increases the 
generator Frequency equivalent to pressing the up 
arrow on the frequency control in the panel

•The AVRCP command Prev Track decreases the 
generator Frequency equivalent to pressing the 
down arrow on the frequency control in the panel.

•The AVRCP command Volume Up increases the 
generator Level on Ch1 equivalent to pressing the 
up arrow on the level control in the panel. Volume 
Up messages are not received in legacy Bluetooth 
modules.

•The AVRCP command Volume Down decreases the 
generator Level on Ch1 equivalent to pressing the 
down arrow on the level control in the panel. Vol-
ume Down messages are not received in legacy 
Bluetooth modules.

Process for discovery, pairing and 
connection

Steps in connecting APx to a Bluetooth 
device
There are 3 steps involved in setting up a connection 
between any Bluetooth devices. APx500 software pro-
vides more visibility and control of options for these 
communication steps than most DUTs.

•Discovery
Discovery scans the area and lists any Bluetooth 
devices that are not “undiscoverable” (hidden). 
Many devices are undiscoverable by default, and 
must be set to a discoverable mode through a 
switching sequence. 
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•Pairing
Pairing establishes a mutual, secure relationship 
between devices that have at least one compati-
ble profile. Pairing is stored in non-volatile memory 
in each device. Devices can pair with more than 
one other device. 

•Connection
Paired devices can connect using compatible pro-
files and roles. Connection enables exchange of 
audio or control data. Each device can connect 
with only one device at a time.

Actions Dialogs
Bluetooth Actions are commands that can be sent 
from the APx analyzer to the Bluetooth device. The cur-
rent Bluetooth profile(s) and connection determine 
which commands are available in the Bluetooth 
Actions dialog box.

Bluetooth Actions for
A2DP Source, HFP AG, AVRCP Target

A2DP Source, HFP Audio Gateway, AVRCP Target 
Actions Dialog

For this profile set, these actions are available:

A2DP Source
For A2DP Source, the actions are

•Start Streaming / Stop Streaming

AVRCP Target
•AVRCP...

Opens AVRCP Commands panel, where Absolute 
Volume commands and Playback Status can be 
sent.

HFP Audio Gateway
For HFP Audio Gateway, the actions are

•Open SCO

•Dial (Outgoing Call)

•Ring (Incoming Call)

•Close SCO

•Hangup

A “SCO” is a “Synchronous connection-ori-
ented” link, which is the type of radio link
Bluetooth uses for voice data. The SCO link
is used in the APx supported protocols HFP
and HSP.

AT Commands
For AT Commands, click the

•AT Commands...

button to open the Send AT Commands panel. See 
page 190.

Bluetooth Actions for
A2DP Source, HSP Audio Gateway, 
AVRCP Target

A2DP Source, HSP Audio Gateway, AVRCP Target 
Actions Dialog

For this profile set, these actions are available:

A2DP Source
For A2DP Source, the actions are

•Start Streaming / Stop Streaming

AVRCP Target
•AVRCP...

Opens AVRCP Commands panel, where Absolute 
Volume commands and Playback Status can be 
sent.

HSP Audio Gateway
For HSP Audio Gateway, the actions are

•Open SCO

•Close SCO
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•Ring (Incoming Call)

A “SCO” is a “Synchronous connection-ori-
ented” link, which is the type of radio link
Bluetooth uses for voice data. The SCO link
is used in the APx supported protocols HFP
and HSP.

AT Commands
For AT Commands, click the

•AT Commands...

button to open the Send AT Commands panel. See 
page 190.

Bluetooth Actions for
A2DP Sink, HFP Hands Free, AVRCP 
Controller

A2DP Sink, HFP Hands-Free, AVRCP Controller 
Actions Dialog

For this profile set, these actions are available:

A2DP Sink/AVRCP
For A2DP Sink/AVRCP, click the AVRCP button to open 
the Send AVRCP Command transport controls panel:

Choose a command to send.

HFP Hands-Free
For HFP Hands Free, the actions are

•Answer

•Reject Call

•Hangup

•Open SCO

•Close SCO

AT Commands
•AT Commands... 

For AT Commands, click the button to open the Send 
AT Commands panel. See page 190.

Bluetooth Actions for
A2DP Sink, HSP Headset, AVRCP Con-
troller

A2DP Sink, HSP Headset, AVRCP Controller 
Actions Dialog

For this profile set, these actions are available:

A2DP Sink/AVRCP
For A2DP Sink/AVRCP, click the AVRCP button to open 
the Send AVRCP Command transport controls panel:

Choose a command to send.

HSP Headset
For HSP Headset, the actions are

•Button

•Open SCO

•Close SCO

AT Commands
•AT Commands... 

For AT Commands, click the button to open the Send 
AT Commands panel. See page 190.
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Bluetooth: Send AT Commands Dialog

You can open the Send AT Commands dialog by click-
ing Actions > AT Commands from Signal Path Setup, 
or from the context menu opened by right-clicking in 
the Bluetooth Monitor.

You must have an APx input or output configured for 
Bluetooth, and be paired and connected to an appro-
priate Bluetooth HFP profile device.

Phone Call
To make a phone call, enter a new phone number in 
the Number field and click Call, or click Redial Last 
Number. Disconnect a phone call by clicking Hangup.

AT Command
AT commands are widely used for controlling GSM 
phones. Lists of AT commands (or the Hayes com-
mand set) are easily found online.

Enter any valid AT command as a text string, and click 
Send to transmit the command to the connected 
device.

Wait
Most AT commands have an expected OK, ERROR, or 
other response. Certain AT commands are unsolic-
ited, or are sent with no expectation of a response. 
APx will indicate an error if an AT command does not 
provide an expected response.

•Auto
If the sent command begins with “AT”, APx waits 
for an “OK” response, until a timeout of 10 sec-
onds. If the sent command is anything else, APx 
does not wait for a response.

•Wait for Response
APx waits for an “OK” response to any command, 
until a timeout of 10 seconds.

•Do Not Wait
APx does not wait for a response

The Known Devices List
You are already familiar with the Bluetooth Current 
Devices list (page 182, or page 200 for legacy), which 
is displayed in the large grid central to the Bluetooth 
Settings panel.

There is also a Known Devices list, which displays 
every device previously discovered using this com-
puter. This list is stored on the PC, independent of the 
APx project.

The Known Devices list can be accessed from the Pair 
Bluetooth Device dialog, or from the Use Specific 
Device Address Browse  button on the Connect 
Bluetooth Device Settings in a sequence.

More About Bluetooth...
General
Bluetooth is a short-distance (a few meters) control, 
data, and audio communications wireless technology. 
Bluetooth replaces wires in the user’s “personal 
area.” 

Bluetooth uses low power, frequency-hopping radio in 
the 2.4 GHz band. Communication is two-way (for 
handshaking, metadata, etc); some profiles (HFP, for 
example) support duplex audio (both directions simul-
taneously); some profiles (A2DP) support only simplex 
audio (one direction per connection). 

Typical uses are mouse, keyboard, cell phone, head-
phones, hands-free talk and listen.

APx Bluetooth Option
An APx Bluetooth Option module must be fitted in the 
analyzer instrument to enable Bluetooth transmission 
and reception. See Bluetooth Option on page 39.

Bluetooth Profiles
Bluetooth has about 30 “profiles” that describe the 
capabilities and/or current operating modes for Blue-
tooth devices. For devices to communicate, they must 
support and share a common profile.

For example, a wireless mouse uses the “HID” profile, 
which has no audio capabilities. Wireless head-
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phones use the “A2DP” profile, which has no cursor 
control capabilities. The Bluetooth profiles these 
devices use are not compatible with each other.

APx supported profiles
The APx Bluetooth Option supports four Bluetooth pro-
files. The supported profiles are

•A2DP (Advanced Audio Distribution Profile)
This is a one-way (source or sink), relatively high-
quality stereo audio profile. 

•HFP (Hands Free Profile)
This is a bi-directional voice communications 
audio profile that includes AT-type commands for 
phone use. Legacy Bluetooth DUTs support only 
the CSVD codec at sample rate of 8 kHz; HFP 1.6 
compatible DUTs support the wideband voice 
mSBC codec at a sample rate of 16 kHz.

•HSP (Head Set Profile)
This is a simpler version of HFP, using the CSVD 
codec at 8 kHz and a reduced set of AT com-
mands. 

•AVRCP (Audio Video Remote Control Profile)
This provides Play-Pause-Forward-Reverse 
“remote control” transport-type commands to con-
trol an audio source. This profile is typically used in 
conjunction with A2DP for personal audio player 
applications. 

More about Supported Bluetooth 
Profiles
HSP
HSP is the “Head Set Profile.” This profile supports 
voice-quality audio, using the CVSD codec at 8 kHz 
sample rate. This profile is used for phone-to-headset 
communication. 

Roles
Supported roles are AG “Audio Gateway” (the phone) 
and HS “Headset”.

Audio
Audio flows in a duplex (bi-directional) mode, connect-
ing the Audio Gateway device to the Headset device.

Actions
A subset of AT commands are also supported for 
phone operations. Sent AT commands and responses 
are listed in the AT Command Log. See page 68.

HFP
HFP is the “Hands Free Profile.” This profile supports 
voice-quality audio, using the CVSD codec at 8 kHz 
sample rate or the “wideband speech” mSBC codec at 
16 kHz. This profile is used for phone-to-headset com-
munication and for phone-to-car kit hands free com-
munication.

Note: HFP wideband speech is only avail-
able if the mSBC codec is supported by your
Bluetooth module hardware. See Bluetooth
Option on page 39 for more information.

Roles
Supported roles are AG “Audio Gateway” (the phone) 
and HF “Hands Free” (the headset or car kit mic/
speaker).

Audio
Audio flows in a duplex (bi-directional) mode, connect-
ing the Audio Gateway device to the Hands Free 
device.

Actions
A subset of AT commands are also supported for 
phone operations. Compared to HSP, HFP provides a 
few more AT commands for hands-free convenience, 
such as last number redial.

A2DP
A2DP is the “Advanced Audio Distribution Profile.” This 
profile supports higher bit rate, higher performance 
stereo audio.

Roles
APx supported profile roles are “source” (transmitting 
audio) and “sink” (receiving audio). Audio is distrib-
uted in one direction only, from the source device to 
the sink device. 

Audio
The SBC codec is mandatory; Audio Precision Blue-
tooth Options also support the Qualcomm® aptX™ 
audio codec. The Bluetooth Duo option also supports 
the Qualcomm® aptX™ HD audio codec, the Qual-
comm® aptX™ Low Latency audio codec, and AAC 
codecs. In A2DP Source, the APx Bluetooth transmit-
ter mutes the audio when the average signal level falls 
below –54 dBFS for more than 1 second. We recom-
mend maintaining test levels above –54 dBFS for 
meaningful results.

A2DP Start Streaming/Stop Streaming
These controls are used by some devices (such as car 
kits) to regulate audio traffic.

AVRCP
AVRCP is the “Audio/Video Remote Control Profile.” 
This profile is used in conjunction with A2DP, and pro-
vides “transport” controls such as Play, Pause, 
Reverse, Forward, and also Playback Status and Abso-
lute Volume Control. AVRCP activity is logged in the 
AVRCP Command Log. See page 68.

Playback Status and Absolute Volume are
not supported by Legacy Bluetooth Option
modules.
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AVRCP Target role
When A2DP is a Source, AVRCP is a Target. In this role, 
APx supports AVRCP Absolute Volume, which can send 
an Absolute Volume command to the rendering Sink 
device, instructing it to raise or lower the Absolute Vol-
ume. When APx is the target, AVRCP status, events, 
and sent and received commands are displayed in the 
Bluetooth Monitor AVRCP log.

Received AVRCP commands are not acted
upon in APx, with the exception of Com-
mands Change Generator Sett ings,  if
enabled. See page 187.

AVRCP Controller role
When A2DP is a Sink, AVRCP is a Controller. In this 
role, APx supports AVRCP transport controls, which 
can be sent to the Source device to control audio play-
back; additionally, Playback Status events are read, 
and the sink device's current Absolute Volume is pro-
vided for reading by the source device. The supported 
controls are

Note that the AVRCP Volume Up, Volume Down and 
Mute transport controls are not the same as AVRCP 
Absolute Volume. 

Volume Up, Volume Down and Mute scale the audio 
level at the source in response to commands sent 
from the sink; Absolute Volume scales the audio level 
at the sink, in response to commands sent from the 
source. When Absolute Volume is supported in a sink 
device, the source device audio level is typically scaled 
to 100%. 

More about Bluetooth SSP 
(Secure Simple Pairing) Mode
SSP is required for devices using Bluetooth v 2.1 and 
later. Bluetooth v 2.0 and earlier devices use Legacy 
Pairing.

APx provides four SSP (Secure Simple Pairing) options. 
You must choose the option that is appropriate for the 
Bluetooth device you are testing.

Man-in-the-middle (MITM)
Man-in-the-middle or MITM is the term used in Blue-
tooth technology to refer to Secure Simple Pairing 
mechanisms that require human interaction. One 
device may display a PIN, for example, and the user 
may be required to enter the same PIN using a key-

board on a second device. MITM methods add secu-
rity to the pairing process.

APx SSP Modes
Just Works
This mode is used in Bluetooth device relationships 
that require little security, such as headsets. User 
interaction is not required.

Numeric Comparison, Display Only
Some Bluetooth devices have only a display screen to 
interact with a user; an example is a car kit (car ste-
reo head unit). Use this mode when APx is playing the 
role of such a device. 

A use case would be testing a smart phone. APx would 
be an A2DP Sink, HFP with a display only (the car kit), 
and the DUT would be the smart phone. The phone 
would initiate pairing, and APx would display the PIN 
transmitted from the phone. The user would confirm 
(using a button on the phone) that the PIN displayed 
in APx matched the PIN on the phone.

Numeric Comparison, Display+Buttons
Some Bluetooth devices have a display screen and 
one or more buttons to interact with a user; the but-
ton may be used for a binary (Yes/No) response to a 
query. An example is a smart phone. Use this mode 
when APx is playing the role of such a device.

A use case would be testing a car kit. APx would be an 
A2DP Source, HFP Hands-Free with a display and but-
tons (the smart phone), and the DUT would be the car 
kit. APx would initiate pairing and transmit a PIN to the 
DUT. The DUT would display the PIN, and the user 
would confirm (using a button in the APx prompt dia-
log) that the PIN in the DUT display and the APx PIN 
matched. 

Numeric Comparison, Keyboard
Some Bluetooth devices have a numeric or alphanu-
meric keyboard to interact with the user. An example is 
a computer used as an audio source, distributing 
iTunes audio to a home entertainment system. Use 
this mode when APx is playing the role of such a 
device.

There are not obvious use cases in audio test for this 
mode, which is included in APx for completeness. A 
non-audio test use case would be pairing a Bluetooth 
keyboard to a tablet computer. The computer would 
display a PIN, and the user would enter a PIN (using 
the keyboard) that matches the PIN on the tablet 
screen.

Legacy Pairing
Bluetooth v2.1 and later devices (such as APx) are per-
mitted to use Legacy Pairing modes when pairing with 
a Bluetooth v2.0 or earlier device.
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Glossary of Bluetooth terms
These terms are used in the Audio Precision Blue-
tooth audio testing implementation.

A2DP 
is the Advanced Audio Distribution Profile, with two 
roles: source and sink. This profile supports higher 
bit rate, higher performance stereo audio, with sam-
ple rates up to 48 kHz. The SBC codec is manda-
tory; codecs such as mp3, AAC, Qualcomm® aptX™ 
audio codecs and others are optionally supported.

AG 
is the duplex Audio Gateway (phone) role, used in 
HFP and HSP.

apt-X 
The Qualcomm® aptX™ audio codec is an optional 
high-performance codec used in A2DP.

aptX Low Latency
The Qualcomm® aptX™ Low Latency codec is an 
optional high-performance low-latency codec used 
in A2DP.

aptX HD
The Qualcomm® aptX™ HD audio codec is an 
optional high-performance high-definition codec 
used in A2DP.

AT command 
is an audible signal used to control a device. AT 
commands are a PSTN (Public Switched Telephone 
Network) legacy.

AVDTP 
is the Audio/Video Distribution Transport Protocol. 
This protocol defines A/V stream negotiation, estab-
lishment, and transmission procedures. Also speci-
fied are the message formats that are exchanged 
between such devices to transport their A/V 
streaming in A/V distribution applications.

AVRCP 
is the Audio/Video Remote Control Profile. This pro-
file is used in conjunction with A2DP, and provides 
“transport” controls such as Play, Pause, Reverse, 
Forward, etc. Events and notifications allow report-
ing of current status information.

Connect 
Paired devices can connect using compatible pro-
files and roles. Connection enables exchange of 
audio or control data. Each device can connect with 
only one device at a time.

CVSD 
is Continuously Variable Slope Delta modulation, 
the codec used in HSP and legacy HFP profiles. 
With HFP 1.6, higher data rates enable the use of a 
higher quality codec called mSBC.

Device address 
Every Bluetooth device has a unique 48-bit device 

address, in APx500 displayed in hex format, such 
as 00:f4:b9:c3:a0:cc.

Device class 
A Bluetooth device class is a code that identifies 
the type of device. Some Bluetooth devices will only 
recognize devices of a certain class. 

Discovery 
Bluetooth devices that are not paired can discover 
each other when they are in range. Some devices 
allow users to make the device undiscoverable. 

duplex 
refers to a bi-directional audio channel, across 
which speaking and listening can occur simultane-
ously.

eSCO 
Extended SCO, available in the Bluetooth 1.2 speci-
fication. Adds new packet types (EV1, etc.) and 
more flexibility in channel parameters, allows 
retransmission of bad packets. Also see SCO.

EV1 
First of a series of packet types available with 
eSCO, as opposed to the HV1, etc. packet types in 
SCO.

Friendly name 
is an optional name for a Bluetooth device, more 
easily understood and remembered than the device 
address. An example is “iPhone”.

HF 
is Hands Free, the duplex the duplex “speaker/
headset” device in the HFP profile.

HFP 
is the Hands Free profile, intended to allow hands-
free device operation in an automobile. It is similar 
to HSP, with more phone controls. Roles are AG and 
HF.

HFP 1.6 
is a revision of the HFP specification, which allows 
new packet types and higher data rates compared 
to legacy HFP. These data rates and newly sup-
ported codecs such as mSBC enable WBS (Wide-
band Speech) performance.

HS 
is Head Set, the duplex “speaker/headset/hearing 
aid” device in the HSP profile.

HSP 
is the Head Set profile, intended to enable Blue-
tooth mobile phone use. Roles are AG and HS.

HV1 
First of a series of packet types available with SCO, 
as opposed to the EV1, etc. packet types in eSCO.

Link key 
is a shared secret exchanged in pairing.
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mSBC 
is a monaural version of the SBC codec, optimized 
for use in the HFP 1.6 profile. This codec and the 
higher available sample rates enable Wideband 
Speech operation.

Pair 
Bluetooth devices that have discovered each other 
can be paired by exchanging a link key to form a 
bond. For some devices, pairing is automatic upon 
discovery; for others, user interaction is required. 
Pairing establishes a mutual, secure relationship 
between devices that have at least one compatible 
profile. Pairing is stored in non-volatile memory in 
each device. Devices can pair with more than one 
other device.

PIN code 
A Personal Identification Number embedded in a 
device or provided by a user that is exchanged in a 
pairing negotiation.

Profile 
One of a number of defined Bluetooth relationships 
covering a range of devices and use cases. A device 
can support more than one profile, and devices can 
be paired acknowledging more than one profile.

SBC 
(Sub-band Codec), the mandatory codec for the 
A2DP Profile. Other codecs are allowed.

SCO 
is a synchronous connection oriented channel, a 
full duplex data channel with 64 kbit/s data rate in 
each direction. The CVSD codec is used, and the 
three HV types of data packets are available. Also 
see eSCO.

sink 
is the term used for the device that receives audio 
in a uni-directional system.

source 
is the term used for the device that transmits audio 
in a uni-directional system.

SSP 
is Secure Simple Pairing, the pairing methods 
required in Bluetooth v2.1. Audio Precision sup-
ports the SSP Just Works, Numeric Comparison and 
Passkey Entry methods.
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SPS: Legacy Bluetooth I/O

Introduction
The APx legacy Bluetooth option is a hardware mod-
ule previously available for the APx modular analyzers 
(the APx555, and the APx525 and 585 families of 
analyzers, including the APx582). It provides Blue-
tooth® wireless technology source and sink inter-
faces. See licensing acknowledgments on the 
copyright page of this manual (immediately following 
the title page).

The APx Bluetooth profiles support audio in a lower-
quality (voice) mode (the HFP and HSP profiles) and in 
a higher-quality (music) mode (the A2DP profile).

The legacy option has been succeeded by the more 
capable Bluetooth Duo option, but it continues to be 
supported by the APx500 measurement software.

This chapter discusses operation of the legacy Blue-
tooth option under the most current version of 
APx500. Operation of the Bluetooth Duo option is dis-
cussed in Chapter 18.

Identification
The most obvious difference between the legacy Blue-
tooth modules and the Bluetooth Duo module is the 
number of external antennas: the legacy modules 
have one; Bluetooth Duo has two.

Legacy Bluetooth modules have the model number 
113 or 213 painted on the front panel, and are identi-
fied in the Help > About product components list as 
BAZL or BAZW.

See more About Bluetooth on page 190, and Using 
Bluetooth in a Sequence on page 662. See More 
About Supported Bluetooth Profiles on page 191.

The Bluetooth Monitor
The status of a number of current Bluetooth settings 
is shown in the Bluetooth Monitor. Additionally, Blue-
tooth actions, settings and utility functions are avail-
able through a context menu (right-click in the 
Bluetooth Monitor display.) See Bluetooth Monitor on 
page 68.

Bluetooth Discovery, Pairing and Con-
nection
Bluetooth connections require successful radio fre-
quency (RF) communication between the APx ana-
lyzer and the DUT, and successful device handshaking 
through device discoverability, pairing and connection 
protocols. Data transfer is encrypted and must be 
authorized by the exchange of link keys, and personal 
identification number (PIN) codes may be required.

Bluetooth Settings are Global
Bluetooth settings are unique in APx500, in that they 
are global. This means the settings made in the Blue-
tooth Settings dialog affect the entire project: all mea-
surements, all signal paths.

Source, Sink, Output and Input
When the APx Output Configuration is set to Blue-
tooth, the instrument can transmit audio using the 
A2DP Source profile, the HFP Audio Gateway profile, or 
the HSP Audio Gateway profile. When the APx Input 
Configuration is set to Bluetooth input, the instrument 
can receive audio using the A2DP Sink profile, the HFP 
Hands Free profile, or the HSP Headset profile.

There is one case where you are can output audio and 
input audio simultaneously: set the APx Output and 
APx Input to Bluetooth, and connect to the DUT using 
the HFP Profile. When the SCO is opened, you can 
both send and receive audio, since HFP is a bi-direc-
tional link.

Output Configuration: Bluetooth
This Signal Path Setup I/O selection enables output of 
audio from the APx generator to a Bluetooth device 
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under test, using Bluetooth radio frequency (RF) trans-
mission.

Note: The Bluetooth choice is only available
for analyzers fitted with the APx Bluetooth
Option module.

Connector
Choose Bluetooth here. Since the Bluetooth connec-
tion isn’t valid until you choose, pair and connect with 
a device, the Bluetooth Settings dialog opens immedi-
ately. See page 198.

Settings
Click the  Settings... button to discover, select, pair, 
connect and otherwise configure a Bluetooth link. See 
page 198.

Friendly Name
The friendly name of the APx Bluetooth module will 
appear here.

Address
The address of the APx Bluetooth module will appear 
here.

A2DP
The codec settings for the A2DP profile can be viewed 
and edited here.

Audio Profile
This displays the active profile, if any. See More About 
Supported Bluetooth Profiles on page 191.

Connect
If the APx is already paired with one or more Blue-
tooth devices, you can open the Connect flyout menu 
to select a device and one or more profiles for connec-
tion. See More About Supported Bluetooth Profiles on 
page 191.

Disconnect
If the APx is already connected to a Bluetooth device, 
you can click the Disconnect button to terminate the 
connection.

Actions
Click Actions to open the Bluetooth Actions dialog. If 
the APx is already connected to a Bluetooth device, 
you can initiate Bluetooth Actions from this dialog. 
Only the actions appropriate to the current connec-
tion and profile are shown. See Actions on page 188. 

Input Configuration: Bluetooth
This selection enables input of audio from a Blue-
tooth device under test, using Bluetooth radio fre-
quency (RF) transmission.

Note: The Bluetooth choice is only available
for analyzers fitted with the APx Bluetooth
Option module.

Loopback
Loopback is not available when either the Output or 
Input Configuration is set to Bluetooth.

Connector
Choose Bluetooth here. Since the Bluetooth connec-
tion isn’t valid until you choose, pair and connect with 
a device, the Bluetooth Settings dialog opens immedi-
ately. See page 198.

Settings
Click the  Settings... button to discover, select, pair, 
connect and otherwise configure a link with a Blue-
tooth device. See page 198.

Edit Channel Labels
In the Channel Labels  dialog you can rename the 
input channels with names of your choice. See page 
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91. These settings are project-wide, but can be over-
ridden for any measurement result. To set project col-
ors, click the Project Colors... button in the Labels 
dialog, or go to the Project/Sequence Properties dia-
log, Colors tab. See Setting Graph Colors and Styles 
on page 62.

Channels
This is a reading field that displays the current input 
channel count, determined by profile settings.

Friendly Name
The friendly name of the APx Bluetooth module will 
appear here.

Address
The address of the APx Bluetooth module will appear 
here.

A2DP
The codec settings for the A2DP profile can be viewed 
and edited here.

Audio Profile
This displays the active profile, if any. See More About 
Supported Bluetooth Profiles on page 191.

Connect
If the APx is already paired with one or more Blue-
tooth devices, you can open the Connect flyout menu 
to select a device and one or more profiles for connec-
tion. See More About Supported Bluetooth Profiles on 
page 191.

Disconnect
If the APx is already connected to a Bluetooth device, 
you can click the Disconnect button to terminate the 
connection.

Actions
Click Actions to open the Bluetooth Actions dialog. If 
the APx is already connected to a Bluetooth device, 
you can initiate Bluetooth Actions from this dialog. 
Only the actions appropriate to the current connec-
tion and profile are shown. See Actions on page 188. 

Operation with absent or corrupt inter-
face signal
When Input Configuration is set to a digital input and 
no signal is present, or if the signal is corrupt or out of 
range, the input receiver cannot lock (synchronize) to 
the interface signal, and no valid audio can be recov-
ered. The sample rate indicator in the Status Bar will 
display an “unlocked” warning, and any measurement 
result referencing audio from the unlocked input will 
display an “----” (invalid) result. See page 754 for more 
about invalid results.
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Legacy Bluetooth Settings dialog

Bluetooth Settings dialog for legacy Bluetooth, shown in the A2DP Source, HFP Audio Gateway, AVRCP Target profile set.

This topic explores the legacy Bluetooth settings dia-
log. The Bluetooth Duo settings dialog is discussed 
beginning on page 180.

This dialog provides settings for Bluetooth discovery, 
pairing, connection and other configuration. Unlike 
most APx settings, Bluetooth profile selection, pairing 
and connection settings are global to the APx project. 
Settings made here affect both Bluetooth source and 
sink configurations across all signal paths in the proj-
ect.

A flow chart depicting discovery, pairing and connec-
tion paths is shown on page 187.

APx Profile Set
APx has four sets of profiles that the Bluetooth Option 
module can assume. Each set lists the profiles avail-
able for connection and/or the profiles available for 
access by a remote device. Choose an APx Bluetooth 
Profile Set here.

•A2DP Source, HFP Audio Gateway, AVRCP Target

•A2DP Source, HSP Audio Gateway, AVRCP Target

•A2DP Sink, HFP Hands Free, AVRCP Controller

•A2DP Sink, HSP Headset, AVRCP Controller

In A2DP Source, the APx Bluetooth trans-
mitter mutes the audio when the average
signal level falls below –54 dBFS for more
than 1 second. We recommend maintain-
ing test levels above –54 dBFS for meaning-
ful results.

APx Identification
The upper left side of the dialog displays a number of 
APx Identification settings readable by other Blue-
tooth devices.

Friendly Name
The friendly name of the APx Bluetooth module is dis-
played here.

Edit
You can change the Friendly Name in the Set Friendly 
Name dialog.

Address
The Address of the APx Bluetooth module is displayed 
here.

APx PIN
The APx Bluetooth PIN is displayed here.

Device Class
•Auto

Auto uses the Device Class assigned by default: in 
Source profiles, 60020C; in Sink profiles, 240408.

•Custom
Custom allows you to select a Device Class for the 
APx Bluetooth module. Use the  browse button 
to open the Edit Device Class Dialog (page 185).

Discovery
Auto Discoverable/Pair/Connect

When this is selected (the default), the APx Bluetooth 
Option is discoverable by remote Bluetooth devices. If 
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the remote device initiates pairing, the APx will pair. If 
the remote device initiates connection, the APx is 
available to connect for the profiles checked here.

Not Discoverable, No Pair/Connect
When this is selected, the APx Bluetooth Option is not 
discoverable by remote devices, and it will not 
respond to pairing or connection initiated by remote 
device.

SSP Mode
APx provides four SSP (Secure Simple Pairing) options. 
The Just Works choice is used in Bluetooth device 
relationships that require little security. The Numeric 
Comparison choices are man-in-the-middle (MITM) 
interactions for device relationships that require 
higher security. Choose the SSP Mode that is appropri-
ate for the Bluetooth device you are testing. See More 
About Secure Simple Pairing on page 192 for detailed 
information.

•Just Works

•Numeric Comparison, Display Only

•Numeric Comparison, Display+Buttons

•Numeric Comparison, Keyboard

Active Bluetooth Connection
 If Maintain Active Connection is checked, the APx 

Bluetooth Option will remain connected to the Blue-
tooth device under test throughout the project, even 
across Signal Paths where Bluetooth is not configured 
as an input or an output. However, if you change to 
Bench Mode, the Bluetooth device will be discon-
nected.

Profile Configurations
The upper right side of the dialog displays a number of 
APx profile configurations. The controls and settings 
here vary with Source or Sink (Target or Controller) set-
tings.

HFP/HSP Profile
 If this box is checked, the HFP/HSP profile is 

enabled, and APx support for this profile is disclosed 
to remote devices. You may elect to use the profile at 
connection time, or not. 

 If this box is unchecked, the HFP/HSP profile will 
not be available on the connection menu, and APx 
support for this profile is not disclosed to remote 
devices. These further options are available:

These further options are available:

•  Auto Answer Incoming HFP/HSP Calls 

•  Wideband Speech (mSBC) Enabled

Note 1: Wideband Speech is not available in
early legacy Bluetooth modules of type
BAZL.

Note 2: For Hands Free/Headset profiles,
this setting has immediate effect. For Audio
Gateway profiles, this setting is applied at
the next connection.

SCO/mSBC Packet Settings...
This button opens the SCO/mSBC Settings Dialog. See 
page 201. These features are not available in early 
BAZL legacy Bluetooth modules.

A2DP Profile
 If this box is checked, the A2DP profile is enabled, 

and APx support for this profile is disclosed to remote 
devices. You may elect to use the profile at connec-
tion time, or not.

 If this box is unchecked, the A2DP profile will not 
be available on the connection menu, and APx sup-
port for this profile is not disclosed to remote devices. 
This further option is available:

Codec Settings...
This button opens the A2DP Codec Settings dialog. 
See page 183.

A2DP phase error with APX-BT-WB leg-
acy hardware
A flaw in the firmware supplied by our Bluetooth 
chipset vendor causes the APx legacy Wideband 
Speech Bluetooth module (APX-BT-WB) (BAZW) to 
exhibit a ±1 sample phase error between channels 
when using the A2DP profile (source and sink), in 
about 15% of trials. The error, when present, is intro-
duced at the time the Bluetooth settings are commit-
ted to the module chipset, and is constant during the 
operation of the Bluetooth channel. When present, the 
error affects results sensitive to phase, such as the 
time domain signal monitor, the group delay result, 
and the interchannel phase result.

The error only occurs only when using the APX-BT-WB 
hardware, only in the A2DP profile. HSP and HFP pro-
files are unaffected and operate correctly.

A warning appears on the Bluetooth Settings panel 
when APX-BT-WB hardware is in use.

This issue does not exist with early BAZL
legacy Bluetooth modules, or with the Blue-
tooth Duo module.

 AVRCP Profile
 If this box is checked, the AVRCP profile is enabled, 

and APx support for this profile is disclosed to remote 
devices. You may elect to use the profile at connec-
tion time, or not.

 If this box is unchecked, the AVRCP profile will not 
be available on the connection menu, and APx sup-
port for this profile is not disclosed to remote devices.
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The legacy Bluetooth module supports AVRCP version 
1.0. 

This further option is available when the profile is set 
to AVRCP Target:  Commands Change Generator 
Settings. See page 201.

Scan
The lower left area of the dialog has controls and set-
tings to scan for nearby Bluetooth devices.

Scan for Devices
This button initiates a scan to identify all the discover-
able Bluetooth devices within range. Discovered 
devices are listed in the Current Devices List.

Scan Duration
This setting limits the scan time to the value set. The 
maximum time is 48 seconds. The default is 10 sec-
onds.

 Get Friendly Names
By default, APx asks for a device’s friendly name. In 
automated processes, this process adds extra time. 
Uncheck this checkbox to disable this feature.

Current Devices List
The Current Devices List occupies most of the lower 
part of the dialog.

This grid shows the devices discovered in the scan, 
along with information fields. There are controls to 
pair, unpair, connect, disconnect, initiate actions and 
to copy the device Bluetooth address and link key. 
Select a device to configure the relationship.

Clear Devices
You can choose to remove all devices from the list, or 
all paired devices, or all unpaired devices. When  a 
device is removed from the list, any pairing informa-
tion for that device is also removed. Click Scan to re-
populate the list.

Pair
Pairing provides a way for devices to exchange link 
keys. To pair with a device, refer to the documentation 
received with the device. To enable pairing, you may 
be required to execute a command or series of com-
mands at the device. When pairing is enabled, select 
the device in the Current Devices List, and click Pair. 
The Pair Bluetooth Device dialog box will open.

The Browse  button in this dialog opens the Known 
Devices list, from which you may select other devices 
which have been previously discovered using this com-
puter. See page 190.

Pairing information is saved in the project, until the 
Current Devices List is cleared, or the until device is 
Unpaired.

Some devices may require the exchange of a PIN 
code. The APx Bluetooth PIN code is set to 0000; a 
field in the pairing dialog allows input of a remote 
device’s PIN code.

Unpair
Unpairs the selected, previously paired device.

Connect
Connects to the selected, previously paired device. A 
Connect menu opens. Select the profile you would like 
to offer to the device.

Disconnect
Disconnects the selected, connected device.

Actions
Opens various Actions dialogs. This duplicates the 
function of the Actions button shown on Signal Path 
Setup, without the necessity of leaving the Bluetooth 
Settings dialog. See page 188.

Copy
Copies the device address and key link to the Win-
dows Clipboard. This text can then be pasted into 
another application or tool.

Codec Settings
A2DP Codec Settings
The Bluetooth A2DP profile always supports the SBC 
audio codec. Additional codecs are optional.

In APx, you can select which optional codecs you 
would like to support, and edit features of the codecs 
you choose.

Using the arrow icons at the top of the dialog, you can 
set an order of priority. APx will move from the top-
most codec downward until finding the codec that the 
DUT supports.
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Codecs supported, in default order of priority:

aptX
You can choose to support any or all of the following 
sample rates for the Qualcomm® aptX™ audio codec:

APx as A2DP source:
•44.1 kHz

•32 kHz

•16 kHz

APx as A2DP sink:
•48 kHz

•44.1 kHz

•32 kHz

•16 kHz

SBC
You can choose to support any or all of the following 
sample rates for the SBC codec:

APx as A2DP source:
•48 kHz (This sample rate is not supported by early 

legacy Bluetooth modules of type BAZL.)

•44.1 kHz

•32 kHz

•16 kHz

APx as A2DP sink:
•48 kHz

•44.1 kHz

•32 kHz

•16 kHz

Additionally, you can choose to support any or all of 
the following channel modes:

•Joint Stereo

•Stereo

•Dual Channel

•Mono

Commands Change Generator 
Settings
When APx is configured for A2DP Source AVRCP Tar-
get, the APx generator can now respond to certain 
AVRCP commands.

AVCRP Target profile
In the AVRCP Target profile, APx acts as an A2DP 
source device, sending an audio stream to a remote 
rendering device (speaker or headphones). APx 
responds to AVRCP Commands sent from the remote 
rendering device.

When the AVRCP Target profile is selected, the Com-
mands Change Generator Settings  checkbox on 
the Bluetooth Settings panel allows you to enable or 
disable this feature. This setting is enabled by default.

AVRCP generator commands are only acted upon 
when the active measurement has a generator with 
an ON/OFF button, and the generator is not disabled.

Commands
•The AVRCP command Play turns the generator On

•The AVRCP command Pause turns the Generator 
Off

•The AVRCP command Stop turns the Generator 
Off, and stops A2DP streaming.

•The AVRCP command Next Track increases the 
generator Frequency equivalent to pressing the up 
arrow on the frequency control in the panel

•The AVRCP command Prev Track decreases the 
generator Frequency equivalent to pressing the 
down arrow on the frequency control in the panel.

• AVRCP Volume Up messages are not received in 
legacy Bluetooth modules.

• AVRCP Volume Down messages are not received 
in legacy Bluetooth modules.

SCO/mSBC Settings
The SCO/mSBC settings are only available if
the mSBC codec is supported by your Blue-
tooth module hardware. Early BAZL legacy
Bluetooth modules do not support these
features.

SCO/eSCO
This section of the dialog provides management of 
SCO and eSCO channels and packet types. A SCO is a 
synchronous connection-oriented link, a radio link 
used for voice data. eSCO links are enhanced SCO, 
providing greater flexibility. For additional reading, see 
the Bluetooth protocols article in Wikipedia. 

eSCO Latency (ms):
Set the eSCO latency here.



Chapter 19: SPS: Legacy Bluetooth I/O

202 APx500 User’s Manual

eSCO Retransmission
•eSCO Retransmission preferences:

•No Retransmission

•Power Saving Optimized

•Link Quality Optimized, or

•No Preference

For an eSCO connection, you can specify any combina-
tion of supported packet types:

•EV1

•EV2

•EV3

•2-EV3

•3-EV3

•2-EV5

•3-EV5

For a SCO connection, you can specify any combina-
tion of supported packet types:

•HV1

•HV2

•HV3

mSBC/Wideband Speech
This tab enables management of mSBC parameters. 
mSBC requires an eSCO link. mSBC is the modified 
SBC codec, a component of HFP 1.6.

For an mSBC connection, you can specify 

mSBC channel latency in ms

mSBC Retransmission preferences:
•No Retransmission

•Power Saving Optimized

•Link Quality Optimized, or

•No Preference

Packet Types
and any combination of supported packet types:

•HV1

•HV2

•HV3

•EV1

•EV2

•EV3

•2-EV3

•3-EV3

•2-EV5

•3-EV5
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SPS: PDM 16 Input

Introduction
Sixteen-channel PDM input measurements require the 
APx PDM 16 Option module, described on page 39. 
The module connects to the PDM 16 pod that can be 
wired to your PDM MEMs microphones or other   
devices with a PDM output. See IDC 40-pin Connector 
on page 42 for information on connection interface 
pin-outs. This chapter discusses the APx500 Signal 
Path Setup settings for PDM 16 input configurations. 
Chapter 21 covers the two-channel PDM input/output 
module. Also see More about PDM on page 213.

PDM 16 Input Configuration

These controls are shown on Signal Path Setup when 
PDM 16 is selected as the Input Connector:

Settings
The Settings  button opens the Input Settings (PDM 
16) dialog, which reveals more PDM settings and 
readings.

Clock Output (ON/OFF)
When the PDM 16 Input Bit Clock Direction is set to 
Out (see following), you can switch the clock output 
ON or OFF here.

Vdd (ON/OFF)
APx can supply operating power to a PDM device 
under test, through the PDM 16 pod at the indicated 

Vdd pin. See Vdd Level on page 204 for information 
on setting voltage.

This switch turns the Vdd DC power supply ON or OFF. 

The Vdd ON/OFF switch appears on the PDM 16 Input 
Configuration and Input Settings panels.

Vdd pin on the PDM 16 pod

Input Settings (PDM 16)

Input Settings with Bit Clock set to Out (default).
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These controls are in the Input Settings (PDM 16) dia-
log, available by clicking the Settings button from Sig-
nal Path Setup, when Input Configuration is set to 
PDM.

Bit Clk Dir:
The Bit Clock on the PDM 16 module can be config-
ured as an input or an output. Choose a clock direc-
tion by selecting Bit Clk Dir: Out (the default), or In.

A typical use case provides that a downstream PDM 
receiver (the APx PDM input) is connected to a MEMS 
microphone PDM output (the DUT), and that the 
receiver also provides the clock to the MEMS module. 
In this case the APx input-associated clock is set to 
Out, where APx is the master and the DUT is the slave. 
This is the default clock direction setting.

Input Settings with Bit Clock set to In.

Decimation:
Set the receiver decimation factor here.

APx provides a range of decimation settings to accom-
modate common ratios. The supported Decimated 
Rates (baseband audio sample rates) are constrained 
by the decimation setting, as shown in the table here.

Decimated Rate:
This control is available when the Bit Clock connector 
associated with the PDM input is set to Out. The clock 
direction is set with the Bit Clk Dir control, above.

The Decimated Rate control specifies the decimated 
sample rate (the baseband audio sample rate) by set-
ting the PDM input Bit Clock output rate. The relation-
ship between the decimated rate and the bit clock 
rate depends upon the oversampling ratio, set by the 
Decimation factor. For example, a specified deci-
mated rate of 48 kHz and an oversampling ratio of 64 
would set the PDM Bit Clock out to 3.072 MHz (48000 
× 64 = 3072000).

To set the decimated rate, click the up/down arrows to 
select a standard rate, or enter an arbitrary value in 
the Decimated Rate field. Maximum decimated rate is 
shown in the above table. Minimum supported deci-
mated rate is 4 kHz. Default is 48 kHz.

This control is unavailable when the PDM input Bit 
Clock is set to In. In that case, the field becomes a dis-
play that shows the current decimated rate.

Bit Clk Rate:
This is a reading field. The rate of the Bit Clock (which 
is Decimated Rate × decimation ratio, the factor set in 
Decimation) is displayed here.

Logic Level
This control sets nominal logic level for the PDM bit-
stream, and the Bit Clock level when Bit Clock is an 
output. Logic Level voltage can be set from 0.8 V to 
3.3 V.

Vdd Level
This control sets the nominal DC voltage at the Vdd 
Supply pin on the PDM 16 POD. Voltage can be set 
from 0.0 V to 3.6 V. 

Limit Logic Level
When this box is checked, the maximum Logic Level is 
limited to the current Vdd Level, but cannot be less 
than 0.8 V. When unchecked, Logic Level is indepen-
dent of Vdd Level.

Additionally, when this box is checked, the minimum 
Vdd Level is 0.8 V; when unchecked, the minimum 
Vdd Level is 0 V.

Vdd (ON/OFF)
This switch turns the Vdd DC power supply On or Off.

The Vdd ON/OFF switch appears on the PDM 16 Input 
Configuration and Input Settings panels.

Decimation Factor Maximum Decimated Rate

x32 216 kHz
x64 216 kHz
x128 192 kHz
x256 96 kHz
x512 48 kHz
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Scale Freq By:
Note: in PDM, sample rate (SR) is referred
to as Decimated Rate.

•Input SR
For most testing, use Input SR (the default).

•Output SR
If sample rate is being swept, you may want to use 
the output sampling rate as a scaling reference.

•Fixed
If the measured sample rate is not a nominal rate 
(because of clocking differences between the DUT 
and the APx or a test configuration that allows 
sample rate stability to degrade, for example), you 
can set a fixed rate to adjust for the condition. Set 
Scale Freq By: to Fixed, and enter the nominal 
input sample rate in the Fixed Rate field. 

See More About Frequency Scaling in APx on page 
108 for a detailed explanation.
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SPS: PDM I/O

Introduction
PDM I/O (input/output) requires the APx PDM Option 
module, described on page 40. This chapter dis-
cusses the APx500 Signal Path Setup settings for two-
channel PDM output and input configurations. Chap-
ter 20 covers the sixteen-channel PDM Input option 
module. Also see More about PDM on page 213.

PDM Jitter Testing
With PDM hardware shipped after August 5th, 2015, 
jitter testing is available for analyzers fitted with the 
Advanced Master Clock. For more information see Jit-
ter Support in APx beginning on page 107.

Output Configuration
PDM (when installed)

These controls are shown on Signal Path Setup when 
PDM is selected as the Output Connector.

Transmitter Outputs (ON/OFF)
When the PDM Output Bit Clock Direction is set to Out 
(see following), you can switch the transmitter outputs 
ON or OFF here.

Settings
The Settings  button opens the Output Settings 
(PDM) dialog, which reveals more PDM settings and 
readings.

Output Settings (PDM)

Output Settings with Bit Clock set to In (default).

These controls are in the Output Settings (PDM) dia-
log, available by clicking the Settings button from Sig-
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nal Path Setup, when Output Configuration is set to 
PDM.

Output Settings with Bit Clock set to Out.

Bit Clk Dir:
The Bit Clock connector associated with the PDM Out-
put on the PDM module can be configured as an input 
or an output. Choose a clock direction by selecting Bit 
Clk Dir: In (the default), or Out.

A typical use case provides that an upstream PDM 
transmitter (the APx PDM output, representing a 
MEMS microphone) is connected to a downstream 
PDM input (the DUT), and that the transmitter receives 
the clock from the receiver. In this case the APx out-
put-associated clock is set to In, where APx is the 
slave and the DUT is the master. This is the default 
clock direction setting.

Jitter
A PDM model 228 module installed in an APx with the 
Advanced Master Clock (AMC) can have jitter applied 
to the bit clock when PDM is an output and Bit Clk Dir: 
is set to Out. In Signal Path Setup > Clocks > Jitter 
Generator, select Apply To: Digital Output and turn jit-
ter ON. 

For more information see Jitter Support in APx begin-
ning on page 107.

Interpolation:
Set the transmitter interpolation factor here.

APx provides a wide range of interpolation settings to 
accommodate common ratios. The supported Deci-

mated Rates (baseband audio sample rates) are con-
strained by the interpolation setting, as shown in the 
table here. Power-of-two rates are shown in bold type.

Decimated Rate:
This control is available when the Bit Clock connector 
associated with the PDM output is set to Out. The 
clock direction is set with the Bit Clk Dir control, 
above.

The Decimated Rate control specifies the decimated 
sample rate (the baseband audio sample rate) by set-
ting the PDM input Bit Clock output rate. The relation-
ship between the decimated rate and the bit clock 
rate depends upon the interpolation ratio, set by the 
Interpolation control, above. For example, a specified 
Decimated Rate of 48 kHz and an interpolation factor 
of 64 would set the PDM Bit Clock output to 
3.072 MHz (48000 × 64 = 3072000).

Interpolation Factor
Maximum 
Decimated Rate

Auto OSR

16x 216 kHz x64
16.67x 216 kHz x64
21.33x 216 kHz x64
24x 216 kHz x64
25x 216 kHz x64
x32 216 kHz x64
x33.33 216 kHz x64
x37.5 216 kHz x64
x42.67 216 kHz x64
x48 216 kHz x64
x50 216 kHz x64
x62.5 216 kHz x64
x64 216 kHz x64
x66.67 216 kHz x128
x75 216 kHz x128
x85.33 216 kHz x128
x96 216 kHz x128
x100 216 kHz x128
x125 196.608 kHz x128
x128 192 kHz x128
x150 163.84 kHz x256
x192 128 kHz x256
x200 122.88 kHz x256
x250 98.304 kHz x256
x256 96 kHz x256
x300 81.92 kHz x512
x384 64 kHz x512
x400 61.44 kHz x512
x500 49.152 kHz x512
x512 48 kHz x512
x600 40.96 kHz x512
x768 32 kHz x512
x800 30.72 kHz x512



Chapter 21: SPS: PDM I/O

APx500 User’s Manual 209

To set the decimated rate, click the up/down arrows to 
select a standard rate, or enter an arbitrary value in 
the Decimated Rate field. Maximum decimated rate is 
shown in the adjacent table. Minimum supported deci-
mated rate is 4 kHz. Default is 48 kHz.

This control is unavailable when the PDM output Bit 
Clock is set to In. In that case, the field becomes a dis-
play that shows the current decimated rate.

Bit Clk Rate:
This is a reading field. The rate of the Bit Clock (which 
is Decimated Rate × interpolation ratio, the factor set 
in Interpolation) is displayed here.

Modulator
Select the PDM modulator with this control.

APx can use a 4th-order or 5th-order PDM modulator. 
A 4th-order modulator is commonly used in MEMS 
microphone systems, and is the default. The 5th-order 
modulator provides better noise and distortion perfor-
mance at most levels and can be selected as an alter-
native. See More about PDM on page 213.

Auto OSR
APx500 provides four 4th-order and four 5th-order 
modulators, each optimized for one of four common 
oversampling ratios (x64, x128, x256 and x512). 
When Auto OSR is selected, these modulators are 
mapped to other oversampling ratios as shown in the 
table above. You can force a different mapping by 
selecting one of the OSRs in the drop-down menu. The 
current OSR and the current modulator version are 
shown in the Status Bar.

Data Edge:
One channel of audio data can be carried on each 
edge (the rising edge or the falling edge) of the clock 
signal. Select Both (Stereo, LR), Both (Stereo, RL), Ris-
ing or Falling for the PDM transmitter setting. 

This selection affects the APx output channel count. 
For PDM, there are 2 output channels when Data 
Edge is set to either Both setting, and 1 output chan-
nel when Data Edge is set to Rising or Falling. Both 
(Stereo, LR) routes the Channel 1 (left) audio to the 
rising edge, and the Channel 2 (right) audio to the fall-
ing edge; Both (Stereo, RL) reverses this. 

Channels:
This control is unavailable, and displays the input 
channel count as set by the Data Edge control, above.

Scale Freq By:
Note: in PDM Output Settings, sample rate
(SR) is referred to as Decimated Rate.

•Decimated Rate
For most testing, use Decimated Rate (the 
default).

•Fixed
If you are applying jitter to the output clock at high 
levels, you may want to reference the sampled 
audio data to a fixed rate, rather than the jittered 
output rate. This may improve phase and fre-
quency stability of the embedded audio. Set Scale 
Freq By: to Fixed, and enter the nominal deci-
mated rate in the Fixed Rate field. 

See More About Frequency Scaling in APx on page 
108 for a detailed explanation.

Logic Level
This control sets nominal logic level for the PDM bit-
stream, and the Bit Clock level when Bit Clock is an 
output. See the table below for voltage ranges.

Vdd Level
This control sets the nominal DC voltage at the Vdd 
Supply BNC connector on the PDM module. See the 
table below for voltage ranges.

Limit Logic Level
When this box is checked, the maximum Logic Level is 
limited to the current Vdd Level, but cannot be less 
than 0.8 V. When unchecked, Logic Level is indepen-
dent of Vdd Level.

Additionally, when this box is checked, the minimum 
Vdd Level is 0.8 V; when unchecked, the minimum 
Vdd Level is 0 V.

Vdd ON/OFF
This switch turns the Vdd DC power supply On or Off.

The Vdd ON/OFF switch appears here on the PDM 
Output Settings panel, and also on the PDM Input 
Configuration and Settings panels.

Voltage levels by PDM hardware and 
firmware versions

* requires AMC.

Module 
model 
number

PDM 
hardware 
revision

Firmware 
revision

Vdd 
range

Logic 
level 
range

Jitter 
support

215 000 1.00 0.8 V to 
3.6 V

 1.8 V 
to 3.3 V

No

215 000 1.10 0.8 V to 
3.6 V

1.8 V to 
3.3 V

No

215 001, 
002

2.00 0.0 V to 
3.6 V

1.8 V to 
3.3 V

No

228 101 4.00 0.0 V to 
3.6 V

0.8 V to 
3.3 V

Yes*

228 200 4.00 0.0 V to 
3.6 V

0.8 V to 
3.3 V

Yes*
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PDM Clock Rates by Logic Level
The low voltage logic families slow down dramatically 
at logic levels below 2 volts, resulting in lower maxi-
mum achievable clock rates at the lower logic levels. 
The table below shows the maximum clock speeds for 
error-free performance at four logic level voltage 
ranges.

PDM Input Configuration

Note: APx measurements are all performed
on the baseband audio signal, at the Deci-
mated Rate. However, it is possible to
directly view the undecimated PDM bit-
stream in the Signal Analyzer, when the Sig-
nal control is set to PDM Bitstream. 

These controls are shown on Signal Path Setup when 
PDM is selected as the Input Connector:

Settings
The Settings  button opens the Input Settings 
(PDM) dialog, which reveals more PDM settings and 
readings.

Receiver Outputs (ON/OFF)
When the PDM Input Bit Clock Direction is set to Out 
(see following), you can switch the receiver outputs ON 
or OFF here.

Vdd (ON/OFF)
APx can supply operating power to a PDM device 
under test, available on the PCM module at the Vdd 
Supply BNC connector. See Vdd Level, following.

This switch turns the Vdd DC power supply ON or OFF.

The Vdd ON/OFF switch appears on the PDM Output 
Settings panel, and also on the PDM Input Configura-
tion and Settings panels.

Measure
The Measure menu is only available for a jit-
ter-enabled Input/Output module when the
Advanced Master Clock is installed in the
analyzer. 

•Audio
This is the normal setting. The embedded audio is 
routed to all measurements and meter readings.

•Jitter (UI)
This is the jitter setting. The jitter signal is 
extracted from the carrier and routed to all mea-
surements and meter readings. Results are shown 
in Unit Interval (UI) units.

•Jitter (sec)
This is an alternative Jitter setting. The jitter is 
measured as above, but the results are shown in 
seconds (s) units.

Jitter measurements are only available on
Input 1, and must be the only input type
configured in the signal path; Input 2 must
be  conf igured  as  None .  I f  Input  2 i s
changed from None to any other connector
type when a jitter option is selected, an
error message is displayed.

Read more about jitter on page 104.

Voltage Minimum Voltage Maximum Maximum Frequency

0.8 V <1 V 3.072 MHz
1 V <1.5 V 6.144 MHz

1.5 V <2 V 12.288 MHz
2 V 3.3 V 24.576 MHz
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Input Settings (PDM)

Input Settings with Bit Clock set to Out (default).

These controls are in the Input Settings (PDM) dialog, 
available by clicking the Settings button from Signal 
Path Setup, when Input Configuration is set to PDM.

Bit Clk Dir:
The Bit Clock connector associated with the PDM 
Input on the PDM module can be configured as an 
input or an output. Choose a clock direction by select-
ing Bit Clk Dir: Out (the default), or In.

A typical use case provides that a downstream PDM 
receiver (the APx PDM input) is connected to a MEMS 
microphone PDM output (the DUT), and that the 
receiver also provides the clock to the MEMS module. 
In this case the APx input-associated clock is set to 

Out, where APx is the master and the DUT is the slave. 
This is the default clock direction setting.

Input Settings with Bit Clock set to In.

Jitter
A PDM model 228 module installed in an APx with the 
Advanced Master Clock (AMC) can have jitter applied 
to the bit clock when PDM is an input and Bit Clk Dir: 
is set to Out. In Signal Path Setup > Clocks > Jitter 
Generator, select Apply To: Digital Input and turn jitter 
ON. 

Alternatively, incoming jitter can be measured when 
PDM is an input and Bit Clk Dir: is set to In. In Signal 
Path Setup > Input/Output and Input Connector is set 
to PDM, select a Jitter choice from the Measure menu.

For more information see Jitter Support in APx begin-
ning on page 107.

Decimation:
Set the receiver decimation factor here.

APx provides a wide range of decimation settings to 
accommodate common ratios. The supported Deci-
mated Rates (baseband audio sample rates) are con-
strained by the decimation setting, as shown in the 
table here. Power-of-two rates are shown in bold type.

Note: the x1 setting does not decimate the
PDM signal. The undecimated PDM bit-
stream is presented to the APx measure-
ments.

Decimation Factor Maximum Decimated Rate

x1 (Bitstream) 216 kHz
x3.125 216 kHz
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Decimated Rate:
This control is available when the Bit Clock connector 
associated with the PDM input is set to Out. The clock 
direction is set with the Bit Clk Dir control, above.

The Decimated Rate control specifies the decimated 
sample rate (the baseband audio sample rate) by set-
ting the PDM input Bit Clock output rate. The relation-
ship between the decimated rate and the bit clock 

rate depends upon the oversampling ratio, set by the 
Decimation control, above. For example, a specified 
decimated rate of 48 kHz and an oversampling ratio 
of 64 would set the PDM Bit Clock out to 3.072 MHz 
(48000 × 64 = 3072000).

To set the decimated rate, click the up/down arrows to 
select a standard rate, or enter an arbitrary value in 
the Decimated Rate field. Maximum decimated rate is 
shown in the above table. Minimum supported deci-
mated rate is 4 kHz. Default is 48 kHz.

This control is unavailable when the PDM input Bit 
Clock is set to In. In that case, the field becomes a dis-
play that shows the current decimated rate.

Bit Clk Rate:
This is a reading field. The rate of the Bit Clock (which 
is Decimated Rate × decimation ratio, the factor set in 
Decimation) is displayed here.

Data Edge:
One channel of audio data can be carried on each 
edge (the rising edge or the falling edge) of the clock 
signal. Select Both (Stereo), Rising or Falling for the 
PDM receiver setting.

This selection affects the APx input channel count. For 
PDM, there are 2 input channels when Data Edge is 
set to either Both setting, and 1 input channel when 
Data Edge is set to Rising or Falling. Both (Stereo, LR) 
routes the data on the rising edge to Channel 1 (left), 
and the data on the falling edge to channel 2 (right); 
Both (Stereo, RL) reverses this.

Channels:
This control is unavailable, and displays the input 
channel count as set by the Data Edge control, above.

Logic Level
This control sets nominal logic level for the PDM bit-
stream, and the Bit Clock level when Bit Clock is an 
output. See the table on page 209 for voltage ranges.

Vdd Level
This control sets the nominal DC voltage at the Vdd 
Supply BNC connector on the PDM module. See the 
table on page 209 for voltage ranges.

Limit Logic Level
When this box is checked, the maximum Logic Level is 
limited to the current Vdd Level, but cannot be less 
than 0.8 V. When unchecked, Logic Level is indepen-
dent of Vdd Level.

Additionally, when this box is checked, the minimum 
Vdd Level is 0.8 V; when unchecked, the minimum 
Vdd Level is 0 V.

x4 216 kHz
x6.25 216 kHz
x8 216 kHz
x8.33 216 kHz
x10.67 216 kHz
x12.5 216 kHz
x15.625 216 kHz
x16 216 kHz
x16.67 216 kHz
x18.75 216 kHz
x21.33 216 kHz
x24 216 kHz
x25 216 kHz
x31.25 216 kHz
x32 216 kHz
x33.33 216 kHz
x37.5 216 kHz
x42.67 216 kHz
x46.875 216 kHz
x48 216 kHz
x50 216 kHz
x62.5 216 kHz
x64 216 kHz
x66.67 216 kHz
x75 216 kHz
x85.33 216 kHz
x96 216 kHz
x100 216 kHz
x125 196.608 kHz
x128 192 kHz
x150 163.84 kHz
x192 128 kHz
x200 122.88 kHz
x250 98.304 kHz
x256 96 kHz
x300 81.92 kHz
x384 64 kHz
x400 61.44 kHz
x500 49.152 kHz
x512 48 kHz
x600 40.96 kHz
x768 32 kHz
x800 30.72 kHz

Decimation Factor Maximum Decimated Rate
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Vdd (ON/OFF)
This switch turns the Vdd DC power supply On or Off.

The Vdd ON/OFF switch appears on the PDM Output 
Settings panel, and also on the PDM Input Configura-
tion and Settings panels.

Scale Freq By:
Note: in PDM, sample rate (SR) is referred
to as Decimated Rate.

•Input SR
For most testing, use Input SR (the default).

•Output SR
If sample rate is being swept, you may want to use 
the output sampling rate as the scaling reference.

•Fixed
If jitter is present on the input clock, you may want 
to reference the sampled audio data to a fixed 
rate, rather than the jittered input rate. This may 
improve phase and frequency stability of the 
embedded audio. Set Scale Freq By: to Fixed, and 
enter the nominal input sample rate in the Fixed 
Rate field. 

See More About Frequency Scaling in APx on page 
108 for a detailed explanation.

More about PDM
PDM is Pulse Density Modulation, a system for repre-
senting a sampled signal as a stream of single bits 
using delta sigma conversion (sometimes called sigma 
delta conversion). PDM is the technology used in many 
oversampling ADCs and DACs, and is the basis of the 
Sony/Philips commercial digital format and disc trade 
named DSD and SACD, respectively.

PDM bitstream, time domain view.

To configure the Signal Analyzer to display
the PDM bitstream as shown above, see
page 579.

A one-bit stream is unacceptably noisy, but very high 
sampling rates and noise shaping techniques are 
used to greatly reduce the noise in the audio spec-
trum. This noise energy is moved from the audio base-
band into the area of the spectrum above 20 kHz, 
where it is inaudible.

Why PDM?
Properly done, PDM can digitally represent high qual-
ity audio, and is inexpensive and easy to implement. 
For these reasons, a PDM stream is now commonly 
used as the data output of a MEMS (Micro Electro-
Mechanical System) microphone. MEMS microphones 
can be made to be very small and are inexpensive to 
implement on silicon chips, and are found in many 
small devices such as cell phones or Bluetooth 
devices.

Spectrum  of PDM bitstream with 
5th-order modulator, –20 dBFS

To configure the Signal Analyzer to display
the PDM bitstream as shown above, see
page 579.

Analog to PDM to Analog
An analog signal can be directly sampled at a high 
sampling rate (several megahertz or more) and con-
verted to a PDM stream. The PDM signal can be con-
verted back to analog audio by passing it through a 
low-pass filter.

PCM to PDM
A signal that is coded as PCM (pulse code modula-
tion, the coding widely used in digital audio) can be 
converted to PDM by interpolating it and reducing the 
word length to one bit. The ratio of the interpolated 
PDM bit rate to the PCM sample rate is called the 
oversampling ratio.
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PDM to PCM
A signal that is coded as PDM can be converted to 
PCM by decimating it and increasing the word length. 
As mentioned above, the ratio of the PDM bit rate to 
the decimated PCM sample rate is called the oversam-
pling ratio.

PDM modulator
PDM modulators have a series of integrators, or accu-
mulating nodes. The “order” of a modulator refers to 
the number of its integrators.

Higher-order modulators provide improved noise and 
distortion performance over much of the amplitude 
range, but suffer from increased instability at ampli-
tudes approaching maximum level. To allow full ampli-
tude levels without driving a PDM modulator into 
instability, limiting techniques are typically employed. 
In APx, an Overload indicator (shown in the Status Bar) 
is activated when the modulator exceeds the defined 
overload point. For the APx 4th-order modulator, the 
overload point is about –7.5 dBFS. For the 5th-order 
modulator, the overload point is about –9 dBFS. Limit-
ing is used above this point, enabling both the 4th and 
5th order modulators to operate to maximum level 
without instability. However, noise and distortion rise 
for signals above the overload point. In practical appli-
cations, such performance is deemed acceptable, 
since voice signals at maximum levels are typically 
brief transients. In APx, modulator distortion at maxi-
mum level is about 1% THD+N. 

MEMS microphones
A MEMS microphone system consists of the MEMS 
sensor, an analog preamplifier, and a PDM modulator, 
often implemented on a small silicon chip. DC power 
and a clock signal at the sampling rate are typically 
provided by downstream devices.

Manufacturers of such devices typically use 4th-order 
sigma delta modulators at a clock frequency of 
3.072 MHz, which in the receiver is typically deci-
mated by a factor of 64 to a baseband sampling rate 
of 48 kHz.

Control Codes
Some PDM devices can send or receive control codes. 
A control code is a 2-digit hex number (8 bits) that is 
inserted into the PDM bit stream, replacing the audio 
for the duration of the control code sequence. Well-
behaved devices will prevent the codes from being 
played as audio. Control codes are often repeated 
many times to assure identification and reception.

Control codes are typically used to configure a down-
stream PDM device. If the device is an amplifier, the 
code may request a mute or an unmute, or adjust the 
volume, or request that the device power down.

The codes and their interpretations are not standard-
ized and are specific to manufacturers and devices.

APx implementation
The PDM Monitor reads control codes and provides 
access to the Send PDM Control Codes dialog. See 
pages 69 and 70.
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SPS: Transducer Interface

The APx1701 Transducer Interface
The Signal Path Setup Transducer Interface
Outputs and Inputs only function if there is
an APx1701 Transducer Test Interface con-
nected to the system. See page 43.

The APx1701 Transducer Test Interface is an APx 
accessory device with both input and output func-
tions. The APx1701 is primarily designed to drive loud-
speakers and headphones in acoustic testing, to 
measure loudspeaker impedance curves, and to 
power and accommodate both measurement micro-
phones and microphones under test. More detailed 
hardware information, interconnection diagrams and 
use case diagrams are provided in the APx1701 Trans-
ducer Test Interface Installation Instructions, Specifi-
cations and User’s Guide booklet, provided with the 
interface and available for download from the Audio 
Precision Web site at ap.com.

Output Functions
For output measurement functions, the APx1701 pro-
vides an audio power amplifier that stands between a 
driven transducer (typically a loudspeaker system or 
driver) and the APx analyzer analog outputs. Addition-
ally, a sense resistor and switching are provided for 
driver impedance measurements.

Input Functions
For input measurement functions, the APx1701 is con-
nected between transducer outputs (typically micro-
phones) and the APx analyzer analog inputs. The 
APx1701 can provide CCP or Phantom powering to 
attached microphones. TEDS serial number and sensi-
tivity data can be passed from a TEDS microphone to 
APx500.

Output Configuration
Output: Transducer Interface

This selection enables the APx1701 Transducer Test 
Interface output, if available.

The Settings  button opens an output Settings dia-
log, offering more detailed control. See Settings for 
Transducer Interface Outputs on the next page.

Channels
The Channels setting allows you to set the number of 
output channels to be tested for this signal path. 
Although the APx1701Transducer Test Interface only 
has two amplifier channels, additional APx analog out-
put channels are available for other use (if your hard-
ware supports more than two channels). Note that the 
gain scaling (see below) imposed when using the 
Transducer Interface output affects all analyzer out-
put channels.

Acoustic
Read more about output Acoustic mode in the Input/
Output topics in Signal Path Setup: References (Acous-
tic Modes) on page 97.

EQ
Read more about output EQ in the Input/Output top-
ics in Chapter 7, Signal Path Setup.
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Settings for Transducer Interface Out-
puts

Note: when using the APx1701 Transducer
Test Interface, you must interconnect the
APx1701 with and your APx analyzer sys-
tem before proceeding. See Interconnect-
ing APx1701 with an APx Analyzer.

Source Impedance
When the APX1701 is the analyzer output connection, 
the unbalanced analog output source impedance is 
fixed at 50 .

Parasitic Resistance
The resistance in a circuit that is present but not desir-
able for the intended design is called parasitic resis-
tance. In the case of the output circuits of the 
APx1701, the sense resistor and the DUT load are 
design elements, but any resistance in circuit connec-
tions (including internal conductor resistance, Spea-
kON connector resistance, and the resistance in the 
wires connecting the DUT) is parasitic resistance. Par-
asitic resistance will affect impedance and Thiele-
Small results.

For many use cases, the parasitic resistance is so low 
that its effect on measurements is insignificant, and 
using the default value of 0.030 ohms (30 m) will 
not adversely affect results. However, in cases where 
extreme precision is required, or where the external 
connection resistance is high (long or small-gauge 
speaker wires), you must measure and enter the para-
sitic resistance for best results.

Refer to the APx1701 Installation, Specifications and 
User’s Guide booklet for information about determin-
ing output circuit parasitic resistance.

Gain Correction
The APx1701 has a fixed gain of 20 dB (a voltage gain 
of 10). When Output Configuration > Connector is set 
to Transducer Interface, the generator levels in the 
APx500 user interface are scaled to accommodate 
this gain. 

For example, if a generator level is set to 10 V rms, the 
voltage at the APx1701 amplifier output will indeed be 
10 V rms, but the voltage at the analyzer analog out-
put will be 20 dB lower, or 1 V rms. 

This user interface scaling is in place for all analog 
outputs on all channels when the Transducer Inter-
face is the Output Connection.

Output Range
Normally, APx generator outputs are automatically 
switched to an optimal gain range for a given output 
level. This provides the best generator output perfor-
mance, in terms of noise and distortion residuals.

However, the automatic range-switching can produce 
minor transients which can be annoying when ampli-
fied and played through a loudspeaker. You have the 
option of disabling the auto-ranging, and instead set-
ting a fixed output range to eliminate audible tran-
sients. 

For acoustic testing, where environmental noise and 
DUT distortion are often orders of magnitude above 
APx generator performance, setting a fixed range 
should not affect results.

Auto Range
When this box is  checked, the APx generator out-
put will automatically switch output gain ranges for 
best performance. 

When this box is unchecked  (the default for Trans-
ducer Interface), the APx generator minimum output 
range is fixed at the value set in Minimum Range. This 
can eliminate audible range-switching transients. 

Note: Fixed output ranging is only enabled
for DAC generated signals. Fixed output
ranging is disabled on the APx555 when
the generator is set for High Performance
Sine or Burst Sine, or when Square Wave or
DIM waveforms are selected. It is also dis-
abled on the APx525 or 526 with AG52
Option, when Square Wave or DIM wave-
forms are selected.

Ranges Track Ch1
When this box is  checked, the Minimum Range set 
for channel 1 will be used as the Minimum Range for 
all channels. Uncheck  the box to enter different 
ranges for different channels.
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What is Minimum Range?
When setting a fixed range, first determine what the 
maximum level will be for your test. Then set Mini-
mum Range to a value somewhat above your maxi-
mum level. The generator range will not be 
automatically switched as long as project generator 
levels do not exceed this value. If at run time a genera-
tor level exceeds the value in Minimum Range, the 
generator output range will be switched to the next 
higher range to accommodate the generator level.

Since, as mentioned above, generator noise and dis-
tortion residuals are typically far below real test condi-
tions, in the vast majority of cases we recommend 
that you set a fixed level Minimum Range to the high-
est value possible for your APx analyzer.

Input Configuration
Input: Transducer Interface

Note: when using the APx1701 Transducer
Test Interface, you must interconnect the
APx1701 with and your APx analyzer sys-
tem before proceeding. See detailed infor-
mation in the APx1701 Transducer Test
Interface Installation, Specifications and
User’s Guide booklet.

The APx1701 is designed to connect directly to bal-
anced or unbalanced microphones, for use of mea-
surement microphones for loudspeaker or headphone 
testing, or to test a microphone as a DUT. The audio 
signal from the microphone is not altered, passing 
through the APx1701 on electrical conductors and 
relays but not amplified or filtered in any way. The 
Pass Thru microphone signal(s) from the APx1701 are 
connected to one or two analyzer balanced analog 
inputs. 

When the APX1701 is the analyzer input connection, 
the balanced analog input termination is fixed at 
200 k.

Loopback
Loopback is not available for the APx1701 Transducer 
Test Interface.

The Settings  button opens an output Settings dia-
log, offering more detailed control. See below.

Channels
The Channels setting allows you to choose the num-
ber of input channels to be tested for this signal path.

Acoustic
Read more about input Acoustic mode in the Input/
Output topics in Chapter 7, Signal Path Setup.

Mic Output Pass Thru 1:
This menu selects the APx1701 microphone input to 
appear at the Microphone Output (Pass Thru) connec-
tor 1. The choices are:

•Mic 1 Balanced

•Mic 2 Balanced

•Mic 1 Unbalanced

•Mic 2 Unbalanced

•Mic 1 CCP Self-Test

Mic Output Pass Thru 2
This menu selects the APx1701 microphone input to 
appear at the Microphone Output (Pass Thru) connec-
tor 2. The choices are:

•Mic 2 Balanced

•Mic 2 Unbalanced

•Mic 2 CCP Self-Test

See the APx1701 Transducer Test Interface Installa-
tion, Specifications and User’s Guide booklet for infor-
mation about performing a CCP Self-Test.

Note: power for these microphones (phan-
tom or CCP) is enabled using the switches
on the Input Configuration panel.

Current Sense
There is a 0.1  current sense resistor in the output 
circuit of each APx1701 amplifier channel. The volt-
age across this resistor can be measured by the APx 
analyzer to calculate the current flowing through the 
amplifier output circuit.

This menu selects which amplifier channel current 
sense resistor is connected to the Current Sense con-
nector for measurement. The choices are:

•Amplifier Output 1

•Amplifier Output 2
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Phantom Power
+48 V phantom power can be provided to the 
APx1701 balanced microphone inputs.

CCP Power
+24 V CCP (constant current power) can be provided 
to the APx1701 unbalanced microphone inputs.

Mic Cal... or dBSPL...
This button opens the Microphone Calibration / Set 
dBSPL1, dBSPL2 dialog. When Acoustic Mode is 
checked, it is labeled Mic Cal and when Acoustic 
Mode is not checked, the button is labeled Set dBSPL. 
See pages 95 and 99 for calibration information.

Calibrate from TEDS...
This button opens the TEDS Calibration dialog to read 
the serial number and sensitivity data from a TEDS 
microphone. See TEDS Data on page 613 for more 
information.

Microphone Powering and the 
APx1701

In electronics, condenser and capacitor are
interchangeable terms. In practice, circuit
elements are typically called capacitors,
and microphones that have capacitors as
their transducer element are typically called
condenser microphones.

Condenser microphones use a capacitor as the trans-
ducer element. All condenser microphones require 
powering of some sort. Some designs need a polariz-
ing voltage for the transducer element, and all designs 
need power for the small amplifier and associated cir-
cuitry attached to the transducer.

Measurement microphone CCP power
Measurement microphones that are pre-polarized 
(using an electret condenser for the transducer ele-
ment) are typically powered by a constant current sup-
ply (CCP) power system. The APx1701 can provide 
4 mA (+24 V CCP) power to such microphones when 
connected to the unbalanced microphone inputs.

Measurement microphones that require a polariza-
tion voltage for the transducer element are typically 
fitted with a multi-pin connector and are provided with 
a proprietary power supply from the manufacturer. The 
APx1701 can use such microphones, but cannot 
power them. You must provide a power supply.

Studio microphone phantom powering
Condenser microphones designed for recording and 
sound reinforcement applications are invariably “bal-
anced” devices, and use a powering system called 
phantom power. A phantom powered microphone may 
be pre-polarized, or may develop the polarization volt-

age internally from the phantom power. The APx1701 
can provide phantom power to such microphones 
when connected to the balanced microphone inputs.

In the APx1701 Transducer Test Interface, phantom 
power is +48 V dc, applied to XLR pins 2 and 3 via 
6.8 k resistors, using the grounded shield connec-
tion on pin 1 as the return.

CCP Self-Test
You can view the DC voltage applied by the CCP power 
feature at either of the APx1701 unbalanced micro-
phone inputs.

In the Settings for Transducer Interface Inputs dialog, 
choose Mic (1 or 2) CCP Self-Test from the Mic Output 
Pass Thru (1 or 2) menu. This connects the CCP DC 
voltage at either of the unbalanced microphone inputs 
to the associated Mic Output Pass Thru connector. The 
voltage can be measured and displayed in APx using 
the DC Level measurement in Sequence Mode, or a 
DC Level meter in Bench Mode.
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SPS: ASIO I/O

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

ASIO I/O capability allows for the testing of ASIO 
devices. It also enables an ASIO device to serve as an 
output for the APx generator, an input for the APx ana-
lyzer, or as both input and output to make measure-
ments independent of the APx hardware. 

To connect APx500 to an ASIO device, first be sure 
that you have the current manufacturer’s ASIO driver 
for your device properly installed on the PC that is run-
ning the APx software, and that you have the device 
connected to the PC and turned on. If you don’t have 
an APx instrument connected to the PC, you will need 
an APx500 Flex Key installed to enable the APx Soft-
ware.

An ASIO device that uses USB for its physi-
cal interface should not be connected to the
PC through the same root USB hub device
as the APx instrument, to avoid bandwidth
contention between the APx instrument and
ASIO device.

Although more than one ASIO device can be simulta-
neously connected to the PC and displayed in the ASIO 
device list, only one device can be selected as an 
active, connected device for each APx Signal Path. A 
different ASIO device can be selected for other Signal 
Paths within a Project.

Note: In Demo Mode, you can select an
ASIO Device to inspect the ASIO User Inter-
face, but measurements will only produce
sample data.

Common ASIO Options
Some configuration options can be set on either Out-
put or Input channels. These include the following:

Device
Select from a list of all the ASIO audio interfaces that 
have drivers installed. If the interfaces are not con-
nected or powered on, they can be selected, but can’t 
be configured. 

When the APx ASIO Loopback device is
selected and the Scaling Mode is set to
Analog, two additional controls are avail-
able below the channel table: Simulation
and Gain. To simulate distortion through a
DUT, select Soft Clipping from the Simula-
tion menu and adjust the gain to modify the
simulated distortion amount.

Scaling Mode
Select Digital or Analog to display results with the 
associated units. When analog is selected, additional 
options are displayed to set scaling factors and config-
ure for acoustic testing.

Acoustic 
The Acoustic checkbox can be selected when the scal-
ing mode is set to Analog and provides options for 
acoustic testing. When selected, the Acoustic Output 
Level must be set for the output channels, and dBSPL 
must be set on Input channels. For more information, 
see See “Acoustic Testing” on page 243.

Settings
The Settings  button opens an input/output Set-
tings dialog, offering more detailed control. See “ASIO 
Settings” on page 221.

Reset
Click Reset at any time to re-initialize the ASIO device 
and refresh the connection. 

Latency
Latency is the delay through the ASIO device, which 
includes both the physical audio interface and delay 
occurring in consequence of PC activity such as disk 
access, buffering, etc. Latency is reported in samples. 
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The APx software sets the default latency based on 
buffer size and delay set and reported by the ASIO 
device. The latency only affects measurements when 
both input and output are set to ASIO. To change the 
default latency, uncheck the Auto checkbox and enter 
a new value in the Latency field.

Output Configuration
Go to Signal Path Setup and select ASIO as the output 
connector. Then select your device from the ASIO 
Device list. 

There is no option to select a balanced or unbalanced 
connection. Most measurements can be made using 
either connection type. Some measurements, how-
ever, such as Impedance/Thiele-Small, require a bal-
anced input connection. 

Scaling Mode: Analog
When Analog is selected, results and measurements 
are shown in analog units, and additional options are 
available, including Scaling Factor and Acoustic. 

The scaling factor for the output is the volt-
age the interface will generate at full-scale.
One way this can be determined by generat-
ing a signal at full-scale, (1 FS or 0 dBFS).
The measured output voltage can then be
entered directly as the Analog V/FS scaling.

Enable Dither
When the Enable Dither checkbox is checked , 
dither is ON (the default). When ON, dither is set 
according to the bit depth, using TPDF (triangular 
probability density function) dither at ±1 LSB.

Uncheck  the checkbox to turn dither OFF.

Input Configuration
Go to Signal Path Setup and select ASIO as an input 
configuration. Then select your device from the ASIO 
Device list.

Scaling Mode: Analog
When Analog is selected, a channel table is displayed, 
and scaling factors can be modified on a per-channel 
basis. By default, all channels are auto-mapped and 
displayed, but can be removed, added, or modified in 
the Settings dialog. 

The scaling factor for the input is the digital
level, (FS or dBFS) per volt. One way this
can be determined by stimulating the input
channel with 1 Vrms and entering the mea-
sured level as the scaling factor. Because
input sensitivities can vary depending on
the connection type (XLR, TRS, unbalanced
TS, etc.), each connection used should be
tested and configured individually. 

Edit Channel Labels
In the Channel Labels  dialog, you can rename the 
input channels with names of your choice. See page 
91. These settings are project-wide, but can be over-
ridden for any measurement result. To set project col-
ors, click the Project Colors... button in the Channel 
Labels dialog, or go to the Project Properties dialog, 
Colors tab. See Setting Graph Colors and Styles on 
page 62.
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ASIO Settings
There is one Settings dialog for both ASIO output and 
ASIO input. Click the Output Channels or Input Chan-
nels tab on the ASIO channel list table to view the cor-
responding channel mapping.

The ASIO Settings dialog provides a panel to set buf-
fer size and clock source, and to map the ASIO device 
output and input channels to the APx analyzer output 
and input channels. From this dialog, you can also 
open the device control panel (when supported), and 
view device information (when supported).

Sample Rate
This field presents you with the supported sample 
rates in the currently selected ASIO audio device. 
Changing the sample rate here will issue a command 
to the ASIO device to change its sample rate.

Reset
Click Reset at any time to re-initialize and refresh the 
connection. The Refresh Device Channels  button 
on the ASIO channel list tables has the same function.

Buffer Size
This field presents you with the supported buffer sizes 
in the currently selected ASIO audio device. Changing 
the buffer size here will issue a command to the ASIO 
device to change its buffer size.

Control Panel
Most ASIO devices provide a control panel where other 
parameters and readings can be addressed. Some 
devices provide access to their control panels through 
an ASIO-specified protocol. In such cases, clicking the 
Control Panel button will open the device control 
panel. Other devices may provide control panels that 
must be accessed in some other way, such as launch-
ing a mixing application, etc.

Clock Source
This drop-menu contains a list of clock sources sup-
ported by the currently selected ASIO audio device. 
Selecting a clock source here will issue a command to 
the ASIO device to use that clock source. If there is 
only a single option listed in the menu, then the clock 
source either has no other options, or the options are 
set from the ASIO device control panel.

Device Info
Most ASIO devices provide device information that can 
be accessed through an ASIO-specified protocol. In 
such cases, clicking the Device Info button will popu-
late the APx ASIO Device Info panel with values.

The Device info panel displays this information:

Device
The device manufacturer, model, serial number, etc. 
can be listed here. 

Latency (samples):
Latency is the delay through the ASIO device, which 
includes both the physical sound device and delay 
occurring in consequence of PC activity such as disk 
access, buffering, etc. Latency is reported in samples.

Input
This is the input latency reported by the ASIO driver.

Output
This is the output latency reported by the ASIO driver.

Buffer Size (samples)
A certain amount of PC memory is allotted to the ASIO 
device driver to ensure that PC interrupts will not 
adversely affect the ASIO data. Smaller buffer sizes 
will decrease latency but will present a higher risk of 
dropped samples. Larger buffer sizes will increase 
latency but provides a lower risk of dropped samples. 
Buffer size is reported in samples, and therefore 
latency will change with a sample rate change. 
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Min:
This is the minimum buffer size supported by the ASIO 
driver.

Max:
This is the maximum buffer size supported by the 
ASIO driver.

Preferred:
This is the default buffer size of the ASIO driver.

Granularity:
This is the degree of resolution supported by the ASIO 
driver in specifying buffer size. This is typically “pow-
ers of 2” (32, 64, 128, etc.), which is indicated by the 
ASIO signifier “–1”.

Auto Map Channels and Channel List 
tables
The APx ASIO interface supports mapping of up to 16 
output and 16 input channels.

The channel list table to the left shows the available 
device output or input channels, and the channel list 
table to the right shows the corresponding APx output 
or input channels. These lists work in conjunction with 
the Auto Map Channels checkbox as follows:

When Auto Map Channels is checked  (the default), 
APx will map all device output and input channels (up 
to 16) to the 16 APx output and input channels, in the 
order provided by the device driver.

When the Auto Map Channels  checkbox is 
unchecked, APx will map the first device output and 
input channel to the first APx output and input chan-
nel. You can then highlight more device channels and 
use the Add >> button to map them to the APx out-
puts or inputs.

Moving or deleting mapped channels
Uncheck  Auto Map Channels to move or delete 
mapped channel connections in the APx output or 
input channel list.

Select a channel and use the Move Selected Channel 
Up  or Move Selected Channel Down  buttons to 
change the mapping. Use the Delete Channel  but-
ton to remove a channel from the mapping. You can 
shift-click to select multiple channels to delete at 
once.

More about ASIO
ASIO is a license-free sound device protocol for Micro-
soft Windows that provides a high-quality low-latency 
connection to an internal sound card or external audio 
device (typically via USB or IEEE 1394 Firewire inter-
face). Other common interfaces such as PCI, Ether-
net, etc. are supported. The APx500 implementation 
enables input and output through any ASIO-compati-

ble device. ASIO was developed and specified by 
Steinberg GmbH.

ASIO avoids the intermediary layers of the Windows 
operating system, bypassing its relatively poor quality 
sample rate conversion and mixing capabilities and 
allowing applications to have bit exact access to the 
audio streams from a large number of independent 
channels from a sound card. ASIO supports the use of 
24 bit samples and sample rates up to 192K samples 
per second. 

ASIO devices vary in their compatibility with other ASIO 
systems. Features such as channel count, sample 
rate, bit depth and overall audio quality also vary 
widely. Properly implemented, ASIO devices can be bit-
accurate while signals remain unmolested in the digi-
tal domain; whether or not a particular device 
achieves this performance depends upon its design.
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Closed and Open Loop Measurements

Overview
Most APx measurements, whether in Sequence Mode 
or Bench Mode, are made in the Closed Loop configu-
ration, where the APx generator output is connected to 
the inputs of the DUT, and the outputs of the DUT are 
connected back to the analyzer.

Closed Loop
A closed loop measurement has a connection 
between the generator, the DUT and the analyzer that 
accommodates a stimulus and response within a 
short period of time.

Basic Closed Loop configuration

We define a closed loop stimulus/response measure-
ment as a configuration where the generator, the DUT 
and the analyzer are connected in a circuit that has 
very little inherent delay; in many cases, the passage 
of signal from the generator to analyzer is nearly 
instantaneous. The circuit itself may be electrical, 

acoustical, optical, or radio, or some combination of 
these.

Closed Loop configuration, acoustic testing

Some measurements depend upon analyzer settings 
that correspond to characteristics in the stimulus, and 
in sweeps, the stimulus and the analyzer settings 
change over time. Closed loop measurements are 
essentially real-time, and the generator function can 
inform the analyzer function of the stimulus settings 
as they change, so that the analysis is correct, and in 
sweeps, adequately synchronized with the stimulus.

Most APx measurements, whether in Sequence Mode 
or Bench Mode, are made in the closed loop configu-
ration, where the APx generator output is connected to 
the inputs of the DUT, and the outputs of the DUT are 
connected back to the analyzer. There is very little 
time delay between generator output and analyzer 
input, and the analyzer has full knowledge of the char-
acteristics of the generated signal.

Open Loop
However, closed loop operation is not possible with 
server-connected (cloud) devices such as smart 
speakers, or playback-only devices such as CD or DVD 
players and personal audio players, or with received 
broadcast signals or split-site signals carried over a 
long distance. These require an open loop solution 
such as External Source or File Input.
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Open Loop configuration with upload to, 
or download from server

Open Loop configuration with upload to, 
or download from smartphone

An open loop measurement has one or more discon-
nections (or long delays) between the generator, DUT 
and analyzer. Measurements that require the ana-
lyzer to know the characteristics of the stimulus (such 
as multitone, stepped sweeps and chirp-based mea-
surements) must provide a means for that informa-
tion to be passed from generator to analyzer.

For multitone measurements, this information can be 
saved in a Multitone Signal Definition file, and pro-
vided to the analyzer at analysis time. For stepped 
sweeps, a sweep table file provides this function. For 
chirp-based measurements in open loop configura-
tion, the settings used in generating a particular stim-
ulus signal are saved in the APx project file.

All of these methods require a certain degree of orga-
nization in testing. Naming of stimulus files, Multitone 
Signal Definition files, sweep tables and project files 
must reflect the shared correspondence, so that the 
stimulus is matched with the correct analysis.

Chirp-based measurements such as Continuous 
Sweep or Acoustic Response must operate in their 
open loop configuration.

External Source Configuration
To enter External Source configuration, go to the Sig-
nal Path Setup Input/Output menu, and select None 
(External) under Output Configuration. This configures 

APx to make measurements without using the inter-
nal generator.

Compatibility
Some measurements are entirely compatible with 
External Source configuration, and no special consid-
erations are required. For example, many meter mea-
surements such as Level, Phase, Frequency and so on 
will operate perfectly with or without a signal from the 
APx generator.

Other measurements, while compatible, require spe-
cial attention in External Source, such as the applica-
tion of a sweep table or a multitone signal definition 
file.

Measurements based on continuous sweep (Continu-
ous Sweep, Frequency Response, Acoustic Response, 
Impedance/Thiele-Small, Loudspeaker Production 
Test) require a synchronization between generator and 
analyzer, and are not compatible with open-loop mea-
surements.

Level sweeps and regulated measurements, some 
crosstalk measurements, and any gain result depend 
upon a dynamic relationship between generator and 
analyzer, and are not compatible with open-loop mea-
surements. Some batch measurements depend upon 
pre-loaded files (POLQA Averaged, for example), and 
are not compatible with open-loop. 

When Output Configuration is set to None (External), 
incompatible measurements and results are dis-
played with text and a mark, like this:

Using the External Source Config-
uration
Setup
In Signal Path Setup Input/Output, go to Output Con-
figuration and select None (External) as the Output 
Connector. This will set the project signal path to the 
External Source configuration.
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No Generator
In Bench Mode, the Generator panel disappears when 
in None (External). In Sequence Mode, compatible 
measurement views will no longer show the Genera-
tor, but, will display text information or a drop-down list 
of known source signals that you must use for the 
measurement. Other measurements do not require 
known signals, and the External Source panel pro-
vides a brief textual explanation of acceptable 
sources. 

File Input Configuration
File Input is another open-loop configuration, where 
the signal from the APx Generator is not routed 
through a DUT and then into the Analyzer input.

APx500 software can analyze the data in an audio file 
accessible to the PC connected to the instrument. This 
is useful for analyzing DUTs that present their output 
as an audio file, or for remotely analyzing an audio sig-
nal.

Applications
There are a number of applications for File Input.

•The WAV files may be created and saved by the 
DUT during the test, using the APx500 generator 
as a signal source. This is typical of DUTs like a dig-
ital recorder or a sound card.

•The files may be output from a decoder device 
testing coded audio streams.

•The files may be from a remote testing session, 
saved by the Measurement Recorder, for example, 
to pass on a recording of the analog output of a 
DUT for further analysis.

•In a sequence, it may be useful to analyze the 
same audio data more than once using different 
parameters, such as filtering.

A colleague separated by time or distance could 
record the output of a DUT to a digital file (using the 
APx Save to File function or a third-party recorder) for 
later analysis.

A digital recorder’s recording function could be ana-
lyzed as the DUT, by using its output file as an ana-
lyzer input.

A complex system such as a smart phone can be 
tested using a combination of External Source and File 
Input techniques, as described in the Audio Precision 
Technote 120.

Measurements that support File Input 
Configuration
All measurements that support the External Source 
configuration also support File Input configuration, 
with one exception: the Metadata Recorder. This is 

because linear WAV files do not contain metadata of 
interest.

Audio File Format Support
See page 728 for a table of supported audio file for-
mats for file input analysis of audio files. 

Setup
In Signal Path Setup, go to Input Configuration: Con-
nector and choose File (Analog Units) or File (Digital 
Units) from the drop-down list.

Both of these menu choices configure APx500 for a 
WAV file input, but with different units selected for the 
results displays.

File (Digital Units)
File (Digital Units) displays the audio data level in the 
file in digital units.

File (Analog Units)
When analyzing a WAV file that represents an analog 
measurement acquisition, it is often convenient to 
view the audio level in the file in the original analog 
units. This requires scaling the file’s digital levels to 
correspond to the analog levels represented.

Pre-scaled files
Analog measurement acquisitions saved as WAV files 
by the APx Measurement Recorder contain propri-
etary metadata that includes this scaling factor, which 
is used for displaying results when configured for File 
(Analog Units). You don’t need to do any re-scaling.

Unscaled files
Files not recorded by the Measurement Recorder can 
be scaled by the factor entered in the Vrms/FS field. 
With the default scaling factor of 1.0, for example, a 
digital level of 1.000 FS (0 dBFS) will be scaled to a 
display value of 1.000 Vrms.

Operation
Sequence Mode
When File Input has been selected in Sequence Mode, 
each compatible measurement will display a File List: 
Choose Files button to open the Input File List dialog. 
Add the files you want to analyze in the Input File List.

When the files are chosen, use the Analyze button to 
make the measurement.

Bench Mode
In Bench Mode, use the File List button in Signal Path 
Setup to open the Input File List dialog. The analog 
scaling field Vrms/FS is located just above the File List 
button. Add the files you want to analyze in the Input 
File List.

When the files are chosen, use the Analyze in a mea-
surement panel button to make the measurement.
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Configuring the DUT
If recording from a DUT, set it up to save WAV files to 
the location and with the file names specified in the 
Input File List. Turn on the Generator to feed a signal 
to the DUT, if necessary, and configure the DUT to 
save the WAV file(s).

If you are measuring an existing file (not recording 
from the generator but working in External Source), be 
sure that the file name(s) and location match the 
name(s) specified in the File List.

Finally, click the Analyze button. The first settled read-
ing (typically within the first 0.10 second of the file) is 
displayed. To take a reading later in the file, go to the 
Settling tab in Advanced Settings or Settled Readings 
and increase the Delay Time to the desired point in 
the file.

Input File List

The File List... button opens the Input File List dialog.

The Input File List allows you to select WAV files for 
analysis. Adding a file to this list does NOT load the file 
into memory, but it inserts a pointer to the file loca-
tion into the list. You can even add a file name for a 
WAV file that does not yet exist on the disk (see "Speci-
fying files that do not yet exist" in this chapter). When 
the Analyze button on the measurement panel is 
clicked, each file is loaded into memory, analyzed, and 
then cleared from memory.

Sample Rate Mode
You can choose one of three modes to manage the 
sample rate used to play the input files for analysis.

•Use rates from files, if equal (the default)
In this mode, all files are required to have exactly 
the same embedded sample rate. Files are played 
at that rate. An error is flagged during analysis if 
files of mixed sample rate are selected.

•Use rate from first file
In this mode, all files are played at the sample rate 
of the first file in the list. If subsequent files have 
other sample rates, their audio content will be 
pitch-shifted.

•Use fixed rate
In this mode, all files are played at the sample rate 

set in the Fixed Rate field. If files have other sam-
ple rates, their audio content will be pitch-shifted.

Action Buttons
•The Add Files... button opens a file browser for file 

selection. Select one or more files to add to the 
list.

•The Remove Files button removes highlighted files 
from the list.

•The Move Up and Move Down buttons change the 
list position of a highlighted file.

When all the desired files are in the list, click OK to 
close the dialog and return to the measurement 
panel, where you can continue and analyze the files.

Specifying files that do not yet exist
It is possible to add to the list WAV files that do not yet 
exist on the hard drive. This is useful for setting up a 
test that involves a DUT (such as a digital recorder) 
that is expected to save a WAV file during the test pro-
cedure.

You can specify a file that does not exist by typing in 
the File Name: field in the Add Files... browser, or by 
editing the text in the Input File List. Remember to 
include a valid path to the expected file. 

File and Channel Maximums
The Input File List will accept a maximum of 16 files.

Since each file in the Input File List could have 1 or 2 
channels of audio, it is possible that an acceptable file 
list (fewer than 16 files) could exceed the analyzer 
audio channel count maximum, displaying an error 
message at analysis. If this occurs, remove 1 or more 
files from the Input File List.

Supported file characteristics
•Mono (single channel) or stereo (dual channel) 24-

bit WAV files containing linear PCM can be ana-
lyzed. Each file, mono or stereo, occupies one line 
in the list.

•For most measurements, files can have any audio 
content. For Stepped Frequency Sweep, only com-
pliant sweeps will provide useful results.

•If Sample Rate Mode is Use rates from files, if 
equal (the default), all the files must be of the 
same sample rate.

•Files can be of any length up to the maximum WAV 
file length (4 GB). Files can be of mixed length; 
however, analysis stops at the end of the shortest 
file.

Errors
Errors may be flagged during analysis: 

•if a file on the list does not exist;
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•if a file on the list is not a valid linear WAV file;

•if the number of channels in the listed files 
exceeds 16;

•if files of mixed sample rate are selected, and the 
Sample Rate Mode is Use rates from files, if equal 
(the default).

External Source Test Signals
The Audio Precision waveform generator utility (APxW-
fmGeneration.exe) provides a convenient way to gen-
erate .wav files for a wide range of test signals, with 
selectable sample rates, bit depth, and channel 
counts. APxWfmGeneration.exe is available as a down-
load from the AP Web site.

Creating your own test signals
Some of the measurement views in External Source 
configuration do not require specific known test sig-
nals. Suggestions for custom signals for these views 
follow:

•The Level measurement view will measure the 
RMS level of any audio signal within the input 
range of the analyzer.

•The THD+N measurement view will measure the 
THD+N of any periodic audio signal within the 
input range of the analyzer. A sound wave is called 
periodic if the wave pattern repeats continuously. 
Sine waves, square waves and other repetitive 
waves are periodic.

•The Crosstalk measurement view will measure the 
degree to which the signal on one channel is pres-
ent on another. This requires external source sig-
nals that by design have signal present or absent 
on individual channels in a known way, and that 
the “mode” set in Crosstalk Signal Acquisition and 
Analysis corresponds to the signal and to your 
intent. In External Source configuration, the ana-
lyzer software examines the inputs signals to 
determine driven and undriven channels.
A crosstalk signal is typically high-frequency (we 
use approximately 10 kHz), because the most 
common crosstalk mechanism is capacitive cou-
pling, which increases with frequency. Other fre-
quencies can be used.

•The Interchannel Phase measurement view will 
measure the phase between channels for any peri-
odic audio signal within the range of the analyzer. 
A sound wave is called periodic if the wave pattern 
repeats continuously. Sine waves, square waves 
and other repetitive waves are periodic.

•The DC Level measurement view requires no 
audio signal. If a DUT has a dc offset with no audio 
signal, it will be measured by the analyzer. How-
ever, it is possible that a DUT’s dc offset might 
change in the presence of signal, and any audio 

signal can be used during the measurement of DC 
Level. The DC Level meter provides excellent ac 
rejection.

•The DFD IMD measurement view requires a twin-
tone signal, with a pair of tones of equal level set 
apart by a difference frequency, the pair centered 
around a mean frequency. The difference fre-
quency must be in the range from 80 Hz to 2 kHz; 
we use 80 Hz. The mean frequency choice 
depends to some extent on the difference fre-
quency choice, since the maximum range is the 
sum and the difference of the two. Mean fre-
quency minimum is 2.5 kHz, maximum is 20 kHz; 
we use 12.5 kHz. See page 379 for more informa-
tion about IMD.

•The SMPTE IMD and MOD IMD measurement 
views require a twin-tone signal. The higher fre-
quency must be in the range from 2 kHz to 20 kHz; 
we use 7 kHz. The lower frequency choice 
depends to some extent on the higher frequency 
choice, with a range from a minimum of 40 Hz to a 
maximum between 333.33 Hz to 1 kHz; we use 60 
Hz. To satisfy industry standards, for MOD the ratio 
[low:high] of the level of these tones must be 1:1, 
4:1 or 10:1; for SMPTE, the ratio must be 1:1 or 
4:1. See page 379 for more information about 
IMD.

•The Signal Analyzer measurement view will pro-
vide time domain or frequency domain views of 
any audio signal within the input range of the ana-
lyzer.

•The Measurement Recorder measurement view 
will provide a record of RMS level versus elapsed 
time for any audio signal within the input range of 
the analyzer. The Measurement Recorder also pro-
vides THD+N records, which require a periodic 
waveform.

Creating custom stimulus signals
Stepped Frequency Sweeps
You can create custom Sweep Tables and correspond-
ing WAV files using the dialogs available from the 
Stepped Frequency Sweep and Bandpass Frequency 
Sweep measurements.

Multitones
You can create custom multitone signal definitions 
and corresponding WAV using the dialogs available 
from the Multitone measurement.

Using third-party tools
For high-performance testing, stimulus signals must 
be properly constructed and very pure; that is, they 
must have very low inherent distortion, noise or spuri-
ous components. It is possible to create digital files 
that satisfy these requirements using third-party soft-
ware such as Matlab, Adobe Audition or Audacity, but 
care must be taken.
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Making Measurements

Overview
This chapter contains general information about mak-
ing measurements in APx500, and about using the 
common settings and controls in the APx500 genera-
tor and analyzer.

For a more focused look, go to chapters 26 through 
88, which discuss each measurement in detail. The 
Navigator and the Selector are covered in Chapter 3. 
Chapters 104 and 105 look closely at Results. 
Reports are covered in Chapter 92, as is Automation 
in Chapter 91.

Sequence Mode or Bench Mode?
Sequence Mode and Bench Mode present two differ-
ent approaches to audio testing.

If you would prefer predefined measurements and 
results with easy automation and reporting, work in 
Sequence Mode.

On the other hand, if you are interested in specifying 
your own generation and analysis tools and working in 
a more free-form, stimulus and response method, give 
Bench Mode a try.

Or, mix it up. Run some Sequence Mode measure-
ments, then look at interesting discoveries in Bench 
Mode, all in the same project.

How to choose measurements
APx500 provides many audio measurements for you 
to choose from. Which should you use? The answer to 
that question depends on a number of factors, such 
as:

The nature of the device under test 
(DUT)
The type of DUT you are testing will determine which 
measurements are appropriate. Most audio devices 
can be evaluated by the “Big Six” set of measure-
ments (see page 231), for example, but if your DUT is 

a single-channel device, it cannot be tested for cross-
talk.

Specified measurement requirements
You may have a requirement to make a specific mea-
surement, such as SMPTE IMD.

The required testing speed
In a production environment, you may want the com-
plete set of measurements to run very quickly. In this 
case, select only measurements that are essential, 
and be sure to choose the fastest methods.

The “Big Six”
Audio engineers agree that there is a small group of 
measurements that will reveal the key characteristics 
and performance of almost any audio device. At Audio 
Precision we talk about the “Big Six” measurements 
as the benchmark set of audio tests.

Level
The basic level measurement provides the output level 
or amplitude of an audio device. Depending on the 
device and your test configuration, the result might be 
displayed in volts, watts, dBV or other level units.

Gain gives the ratio of the DUT output level to its input 
level.

THD+N
THD+N is an abbreviation for total harmonic distor-
tion plus noise. THD+N measurements have been 
used for many years as a comprehensive single-value 
statement of an audio device’s overall performance.

Frequency Response
A frequency response test reveals how a device 
“responds” across the audible spectrum. For most 
devices, a “flat” response curve, where all frequen-
cies are passed with the same gain, is desirable.
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Signal to Noise Ratio
Signal to Noise Ratio or SNR gives a single value that 
indicates how “noisy” an audio device is. Two mea-
surements are actually required: the first measures 
the DUT output level (usually at either maximum level 
or at a nominal operating level); the second measures 
the residual noise in the device. The signal level is 
divided by the noise level, and the resulting ratio is 
usually expressed in decibels.

Crosstalk
Crosstalk is an expression of the degree of signal leak-
age between DUT channels. Ideally, none of the signal 
in one channel will appear in a second channel, but in 
practical devices there is always measurable cross-
talk. Crosstalk often varies with frequency.

Phase
Phase is a measure of the lagging or leading of an 
alternating current waveform with regard to a refer-
ence waveform.

Interchannel phase measures the phase relationships 
between channels in a multichannel device. One chan-
nel is chosen as the reference.

Other measurements
Some features and measurements require
a software option key. See page 241 for
more information about software options.

APx500 performs many measurements beyond the 
Big Six, including dc level measurements, intermodu-
lation distortion (IMD) measurements, regulated mea-
surements, tone burst measurements and more. 
There is also a Signal Analyzer tool with Scope and 
FFT Spectrum displays at very high resolution (FFT 
length up to 1 million samples).

Multiple Simultaneous Input Types
Starting with version 6.0, most APx analyzers support 
multiple simultaneous input types. Each input is con-
figured through a tab on the input configuration panel 
of Signal Path Setup. The first input tab (Input 1) can 
be configured for any input type supported by the ana-
lyzer. Configuration options for the second input tab 
(Input 2) vary depending on the input type selected on 
the first input tab. For example, one input tab must be 
configured for analog and the other for digital, and 
some selections on Input 1, like ASIO and File (Analog 
Units or Digital Units), only support a single input. 
Input configurations that are not supported are not 
included as options in the Input 2 menu. When no 
input types are valid on Input 2, the menu option is 
limited to None. For measurements that do not sup-
port simultaneous results, Input 2 can be configured, 
but the measurements are run only on Input 1.

The use of multiple simultaneous input types allow a 
reference input to be measured at the same time as 
the DUT input and compared directly or using derived 
results.

Measurements that support Simultaneous Measure-
ment on multiple input types are:

The APx511 analyzer and the APx500 Flex
Key do not support multiple simultaneous
input types. Only a single input option is
provided in APx500 when connected to
these analyzers.

Measuring using Meter measurements
Many of these methods measure streaming audio, 
where the generator continuously outputs a stimulus 
signal, and the analyzer measures the DUT output in 
real time using a Meter measurement. Meter mea-
surements have single value (meter) results and are 
displayed as a Bar Graph and a numerical value.

Meter measurements have a ON / OFF button on the 
Generator panel. Meter measurements typically have 
single value (meter) results.

Stimulus signals for meter measurements include:

•Sine wave

•Mixed twin tone sine wave

•Special Sine wave

•Square wave

•Mixed square wave and sine wave

•Generator waveform (an arbitrary waveform played 
from a file on disk)

•Diagnostic digital signal

Sine wave
Sine waves are generated in APx DSP (digital signal 
processing), and are the default waveform for most 
measurements. For analog configurations, the default 
frequency is 1 kHz; the default level is 100.0 mVrms. 
For digital configurations, the default level is 
–20.000 dBFS. Most APx measurements offer a sine 
wave.

The High Performance Sine Generator in the APx555 
can generate sine waves of lower distortion and wider 
frequency range than the DSP-generated sine waves 
used by the DAC generator.

Signal Path Setup Level and Gain

THD+N Continuous Sweep

Frequency Response Signal Acquisition

Acoustic Response Signal Analyzer

Transfer Function Measurement Recorder

Bandpass Level Frequency
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Mixed twin tone sine wave
Mixed twin tone sine waves are generated in APx DSP, 
and are available for IMD measurements (Chapter 
52). The frequencies of the two tones, and for some 
measurements, the level ratio of the two tones can be 
set in the corresponding IMD measurement settings 
panel. The output level is the rms level of the complex 
waveform that is the sum of the two component tones. 
For analog configurations, the default level is 
100.0 mVrms. For digital configurations, the default 
level is –20.000 dBFS.

Special Sine
You have the option of choosing Split Sine, Split Phase 
or Sine + Offset generator waveforms for the following 
measurements:

For these measurements, a single sine wave is the 
default generator waveform. A Special Sine selection 
allows you to output sine waves of two different fre-
quencies to different channels, sine waves of the 
same frequency but different phase to different chan-
nels, or sine waves with DC offset.

Split Frequency
Split Frequency allows you to assign a sine wave of 
Frequency A and a sine wave of Frequency B to the 
output channels. By default, Frequency A is assigned 
to odd channel numbers and Frequency B to even 
channel numbers, but these can be reassigned in the 
Advanced Settings dialog for the measurement.

Split Phase
Split Phase allows you to assign a sine wave of Phase 
A (the reference at 0 degrees) and a sine wave of 
Phase B to the output channels. By default, Phase A is 
assigned to odd channel numbers and Phase B to 
even channel numbers, but these can be reassigned 
in the Advanced Settings dialog for the measurement.

Enter a value for Phase B in degrees. The range is –
180.00 degrees to +179.99 degrees. A negative value 
sets the B waveform to lag the A waveform; a positive 
value sets the B waveform to lead the A waveform.

Split (IMD)
For IMD measurements, the Split IMD setting defeats 
the summing of the two IMD frequencies within the 
generator. Instead, the signals are “split” and routed 
independently to channel outputs. 

Acoustic testing of microphones sometimes uses two 
stimulus loudspeakers, each with a single frequency 
component of an IMD stimulus. The stimulus signals 

are summed acoustically at the microphone element. 
This method provides a distortion result for the micro-
phone while minimizing the distortion contributions of 
the loudspeakers.

Offset
The Offset field allows you to add a DC offset to the 
generator output. If the generator level is set to zero 
(0.000 Vrms or 0 FS), the generator can optionally 
output DC only (pure DC).

For analog output, when sine level is zero the maxi-
mum offset is  times the maximum RMS level (±) 
for the current instrument and output connector.

For digital output, when sine level is zero the maxi-
mum offset is 1 D (±).

Offsets can be set at different levels across the chan-
nels in Advanced Settings. Unset Track First Channel 
and enter the desired values in the Offset column of 
the Signal Generation grid.

Square wave
A fast rise time square wave is available in the APx 
analog generator for the APx555 and analyzers 
equipped with the AG52 option (page 35) installed. 
AG52 can be fitted in the APx582 and in the APx52x 
family of analyzers.

A DSP-generated square wave is available in the APx 
digital generator for all APx analyzers.

When the hardware or output configuration allows, the 
square wave is available for the following measure-
ments:

•Frequency

•Level and Gain

•Measurement Recorder

•Signal Analyzer

Mixed square and sine wave (DIM)
A special stimulus signal (the sum of a square wave 
and a low amplitude sine wave) is required for the DIM 
IMD measurement (chapters 45 and 46). DIM mea-
surements are only supported in the APX555 and ana-
lyzers with the AG52 option (page 35) installed.

Generator waveform
In addition to the DSP-generated waveforms, APx500 
has the capability to use custom (or arbitrary) wave-
forms, loaded into the generator from waveform files 
available to the computer running APx500. This is par-
ticularly useful when coded audio files (such as dts, 
Dolby or others) are required to stimulate a decoder in 
your DUT. See page 237.

For perceptive audio measurements, speech sample 
files are used, and can be opened as generator wave-
form files. See More About POLQA on page 537, and 
More About PESQ on page 524.

• Reference Levels • Signal Analyzer
• Interchannel Phase • THD+N
• Measurement Recorder • Frequency
• Stepped Level Sweep • Maximum Output
• CMRR-IEC • Signal to Noise Ratio
• Dynamic Range AES17 • CMRR-IEC
• Level and Gain •

2
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Diagnostic digital signals
Certain digital signals are useful to diagnose or char-
acterize digital transport systems. In APx500, these 
include

•Walking Zeros

•Walking Ones

•Constant Value

•Bit test

See page 82 for more information about these sig-
nals.

Reading Rate
APx meters have a reading rate, the rate at which the 
meter reads the incoming data and determines and 
displays the measured value. Faster reading rates put 
a higher demand upon the PC, and in some circum-
stances may affect PC performance. The reading rate 
also has an effect on analyzer performance at low fre-
quencies: each reading rate has a low-frequency point 
below which analyzer performance falls off. THD+N 
performance degrades rapidly below this point, with 
level accuracy degrading a little more slowly.

Faster rates are required to resolve short-lived phe-
nomena; slower rates are required to accurately read 
values at lower frequencies. 

Monitor Meters
Bench Mode meter monitors have a fixed reading rate 
of 4/s, with accuracy falling off below 12 Hz.

Recorders
A reading is taken at the beginning of the record and 
at (approximately) the reading rate throughout the 
record. The final reading is taken at the reading 
instant that equals or exceeds the sweep end time.

Sequence Mode
Sequence Mode Measurement Recorder can have the 
reading rate set to a number of fixed choices. Accu-
racy limits are listed here, by reading rate and fre-
quency:

•at 20/sec > 60 Hz

•at 10/sec > 30 Hz (the default)

•at 5/sec > 15 Hz

•at 3/sec > 9 Hz

•at 2/sec > 6 Hz

•at 1/sec > 3 Hz

•at .5/sec > 1.5 Hz

•at .2/sec > .6 Hz

•at .1/sec > .3 Hz

Bench Mode
Bench Mode Recorder can have the reading rate set 
to a number of fixed choices. Accuracy limits are listed 
here, by reading rate and frequency:

•at 256/sec > 1536 Hz

•at 128/sec > 768 Hz

•at 64/sec > 184 Hz

•at 32/sec > 96 Hz (the default)

•at 16/sec > 48 Hz

•at 8/sec > 24 Hz

•at 4/sec > 12 Hz

•at 2/sec > 6 Hz

•at 1/sec > 3 Hz

Bench Mode Sweep
Bench Mode Sweep can have reading rate set to the 
same fixed choices as Bench Mode Recorder, up to a 
maximum of 32/sec. An Auto selection is added to the 
Sweep. The default is Auto. 

Auto reads at a rate of 32/s at higher audio frequen-
cies. At lower sweep frequencies the rate is reduced to 
maintain accuracy.

Measuring using Batch measurements
Other methods are “batch” measurements, where the 
stimulus is a signal or series of signals of a certain 
duration, and the analyzer acquires DUT output that 
corresponds to the stimulus. Batch measurements 
have a Start button on the Measurement Settings 
panel. Batch measurements typically have both single 
value (meter) results and XY graph results.

Signals for batch measurements
Stimulus signals for batch measurements include:

Sweeps:

•Continuous sweep (log-swept sine or chirp)

•Stepped sine sweep

•Stepped mixed twin tone sweep

•Regulated sine sweep

Sequential measurements:

•sine on sequential channels, for crosstalk

•sine at two sequential levels, for SNR or Dynamic 
Range

•regulated sine, for Maximum Output

Digital diagnostic signals:

•Bit test

•Generator waveform (an arbitrary digital diagnos-
tic signal played from a file on disk).

Multitone signals.
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Sweeps
Stepped sweeps are a classic method of audio test-
ing, where one parameter is moved (swept) across a 
range of values while one or more other parameters 
are measured. The results are usually displayed on an 
XY graph, with the swept parameter on the X-axis and 
the measured results on the Y-axis.

Continuous sweep
A continuous sweep is a brief log-swept sine wave 
(sometimes called a log chirp) that moves continu-
ously across a specified range of frequencies. The 
DUT output is acquired by the analyzer and is mathe-
matically processed to provide a number of results.

Continuous sweep stimulus signals are used in the 
Acoustic Response and Continuous Sweep measure-
ments in both Sequence Mode and Bench Mode, and 
in Frequency Response, Loudspeaker Production Test 
and Impedance Thiele-Small measurements.

Stepped sweeps
In practical measurements, the sweep is usually 
stepped across a number of discrete points rather 
than moved continuously. This provides precision in 
the determination of point values, and allows the use 
of settling algorithms to wait for stable data. Bench 
Mode has a general purpose, configurable Sweep 
engine. 

APx Sequence Mode stepped sweeps include:

•Stepped Frequency Sweep measurement
The Stepped Frequency Sweep (chapter 85) mea-
surement provides a sine wave stimulus signal 
that is moved across a range of frequencies in a 
specified number of points. The DUT output is 
acquired by the analyzer and processed for dis-
play.

•Stepped Level Sweep measurement
The Stepped Level Sweep (chapter 86) measure-
ment provides a sine wave stimulus signal that is 
moved across a range of levels in a specified num-
ber of points. The DUT output is acquired by the 
analyzer and processed for display.

•Regulated Frequency Sweep
Regulated Frequency Sweeps use a sine wave 
stimulus signal that is moved across a range of 
frequencies in a specified number of points. At 
each point, the generator level is adjusted regu-
lated (adjusted to attain a certain level or distor-
tion figure) at each step. See Regulated Frequency 
Sweep measurements in Chapter 79. This method 
is often employed to plot an amplifier frequency 
sweep at the amplifier’s maximum output level.

•IMD Level Sweep
A stepped mixed twin tone sweep is a IMD stimu-
lus signal that is moved across a range of levels in 

a series of points or steps. See IMD Level Sweep 
in Chapter 54.

•Nested Sweeps
Bench Mode measurements and some Sequence 
Mode sweeps provide a Nested Sweep function.
When Sweeps are nested, one defined sweep 
(driven by a Primary Source, such as Frequency) is 
run at steps of a second defined sweep (driven by 
a Secondary Source, such as Level). The effect is 
to nest frequency sweeps (to follow the example 
here) in a series of level sweeps, providing a family 
of responses at different levels.

Fast sweep
A Fast Sweep is a sine wave stimulus signal that uti-
lizes transient-minimized steps as the sweep is moved 
across a range of frequencies in a specified number of 
points. The time delay is calculated through cross-cor-
relation between the stimulus and the acquired 
response. The DUT output is acquired by the analyzer 
and processed for display. A Fast Sweep stimulus 
enables measurement speeds comparable to a con-
tinuous sweep with many benefits of a stepped 
sweep, including:

•avoiding artifacts at high and low frequencies 
exhibited by log chirps due to FFT windowing

•sweeping from high to low frequencies

•precise control of the number of discrete 
points used in measurements

•identifying high order harmonics necessary for 
obtaining HOHD (High Order Harmonic Distor-
tion) results 

•ISO-R Series sweeps options

Fast sweep is available in the Loudspeaker Pro-
duction Test measurement. 

Ordered measurements
Sine moved sequentially across channels
The Crosstalk measurement uses a sine wave stimu-
lus on each of the active output channels, one at a 
time. See Chapter [crosstalk chapter].

Sine at two sequential levels
The Signal to Noise measurement (chapter 83) first 
measures the DUT output with a sine wave stimulus, 
and then makes a second measurement with the gen-
erator output level set to zero.

The Dynamic Range (AES17) (chapter 48) measure-
ment first measures the DUT output with a sine wave 
stimulus at maximum level, and then makes a second 
measurement with the generator output level set to a 
very low value, usually 60 dB below the maximum 
level.
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Other batch measurements
Regulated sine
A regulated sine wave stimulus signal is regulated 
(adjusted to attain a certain level or distortion figure) 
before the measurement is made. Sequence Mode 
and Bench Mode both offer regulation in Generator 
Level setting, and as an option in stepped sweeps.

Digital error rate (bit test}
Bittest Random (also simply called Bit test) is a 
pseudo-random waveform with values uniformly dis-
tributed between plus and minus full scale. Algo-
rithms in the generator and analyzer determine 
sample values. Bit test exercises a wide range of lev-
els and frequencies and is the most thorough of the 
bit-accurate waveforms. See Chapter 44.

Generator waveform
In addition to the DSP-generated waveforms, APx has 
the capability to use custom (or arbitrary) waveforms, 
loaded into the generator from waveform files avail-
able to the computer running APx500. This is particu-
larly useful when coded audio files (such as dts, Dolby 
or others) are required to stimulate a decoder in your 
DUT. See page 237.

Multitone Analyzer
The Multitone Analyzer uses a special stimulus signal 
called a multitone. Multitone analysis is very fast, and 
provides a broad range of results. See Chapter 68.

Diagnostic tools
Signal Analyzer
The Signal Analyzer is a general-purpose diagnostic 
tool, with a time domain view that emulates a multi-
channel oscilloscope display, and a frequency domain 
view that is an FFT Spectrum. The Signal analyzer 
uses a high-resolution FFT technique for both views. 
FFT length can be set as high as 1048576 points. Trig-
gering, coupling, FFT window and number of averages 
are selectable.

A version of the Signal Analyzer is available for both 
Sequence Mode and Bench Mode.

Signal Analyzer tools in APx500 are:

•Scope

•FFT Spectrum

•Amplitude Spectral Density

•Power Spectral Density

Additionally, a special function in Signal Analyzer 
allows you to view either the embedded audio or the 
PDM bitstream, when the PDM option module is 
installed. See page 579.

Measurement Recorder
The Measurement Recorder is a general-purpose diag-
nostic tool that provides a record of level or THD+N 

versus elapsed time. The length of the record can be 
very long (up to one week), providing a means of moni-
toring the output of a device under test over an 
extended period of time. The Measurement Recorder 
also provides a means of recording the audio acquisi-
tion to a file.

The Measurement Recorder can be used in External 
Source configuration, but it does not require a spe-
cific test signal. It will record any audio signal within 
the input range of the analyzer.

A version of the Measurement Recorder is available 
for both Sequence Mode and Bench Mode.

Metadata Recorder
The Metadata Recorder measurement records the 
state of selected metadata settings in the incoming 
digital audio signal. If one of the selected settings 
changes state during the acquisition, the transition 
instant and the new state are recorded and displayed.

Measurement Settings panel

Each measurement has a measurement settings 
panel to the right of the Navigator, containing Signal 
Generation in the upper area, and Signal Analysis con-
trols in the lower area. A range of different controls 
are available, depending upon system hardware, sig-
nal path setup and measurement. This illustration is a 
typical example.
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Signal generation controls are discussed here. Go to 
page 239 to read about signal acquisition and analy-
sis controls.

Signal Generation controls
Start / Generator ON / Generate
Most measurements use a generator stimulus during 
the measurement process. For the APx500 meter 
methods, there is a Generator On button.

Other methods begin a batch process that returns a 
result: these measurements use a 
Start button.

Transfer Function and chirp-based measurements that 
support open loop configuration use a Generate but-
ton when in open loop.

External source measurements do not use a genera-
tor stimulus signal. There is no Generator On or Start 
button on these measurement panels. DC Level and 
Noise measurements do not require a generator stim-
ulus signal, but have it as an option. 

Signal Path Setup
There is a Signal Path Setup button that allows you to 
switch to the Signal Path Setup panel and make 
changes. A Back button on Signal Path Setup allows a 
quick return.

Waveform
Select the stimulus waveform here. The waveforms 
available depend upon the analyzer hardware, config-
uration and the current measurement. See the rele-
vant measurement chapter for more information.

Depending upon the measurement, you may have a 
Frequency control(s), Sweep settings or other controls 
available.

Enter the generator output level in the Level field.

EQ
For certain sweep measurements, generator equaliza-
tion allows you to impose a response curve on the 
stimulus signal to compensate for a non-flat response 
in the device under test. See Generator Equalization 
on page 245.

Channel mute switches
The generator output to any channels or channels can 
be muted (turned OFF) independent of the generator 
status. A dark blue channel mute button indicates an 
unmuted channel (channel ON). Muted (channel OFF) 
channels are indicated by a pale gray button. By 
default, all channels are unmuted (turned ON).

Generator Waveforms
Test signal generation from a waveform 
file
APx500 can use custom generator waveforms (also 
called arbitrary waveforms) loaded into the generator 
from waveform files available to the computer running 
the measurement software. This is particularly useful 
when coded audio files (DTS, Dolby or others) are 
required to stimulate a decoder in your DUT.

The loaded waveform is “looped” for generator out-
put, so that the end of the waveform is immediately 
followed by the beginning, providing continuous play-
back without a jump discontinuity.

Generator waveform files are not restricted to sine 
waveforms; other waveforms can be used. The Wave-
form Generator Utility (APxWfmGenerator.exe) allows 
you to generate .wav files for a wide range of test sig-
nals, with selectable sample rates, bit depths and 
channel counts. It is available from the Audio Preci-
sion website at www.ap.com. Browse to Audio Soft-
ware > Test Signals and Waveforms and search in APx 
Analyzers. You are free to copy this utility to other com-
puters or media, where you can generate the audio 
files you may need as generator waveforms or for 
external source testing.

You can also create your own generator waveform files 
To be useful for measurement, user-created files must 
be designed with the requirements of the measure-
ment context in mind. Not all audio signals are com-
patible with certain analyzer views nor are useful for 
measurement. See page 727 for a table listing the 
audio file formats supported for generator waveforms.

Using a generator waveform file

A measurement that supports generator waveform 
files displays a Waveform selection list. The default is 
Sine (generated in DSP). Click the Waveform menu 
arrow in Signal Generation and choose Browse for 
file... to select an audio file for the generator to use. 
You can select multiple files.

A selected file becomes the source for that measure-
ment’s generator output, and is attached to the proj-
ect file. Once attached to the project, an audio file is 
available to all other supported measurements as a 
selection on the Waveform menu. Files attached to 
the project but not currently used by any measure-
ment can be removed by navigating to the dialog at 
File > Manage Attached Project Items (see page 59.)
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Signal Output
Bit Exact

When a digital output is selected, the Bit Exact option 
is available when a linear generator waveform is in 
use. Checking Bit Exact forces the APx generator to 
output the waveform with no changes whatsoever, 
with every audio bit exactly as it is in the disk file. 
Level adjustment is unavailable and dither is off. 
Coded audio waveforms are always output as Bit 
Exact.

File Playback

When a Generator Waveform file is selected, the File 
Playback controls appear on the panel.

•Length displays the file duration, in seconds or 
samples. 

•Start Position allows you to select the point in the 
file where playback will begin. 

•Channel Assignments allows you to specify the 
output channels to which the file channels are 
assigned. 

Analog output: linear audio only
Coded waveforms cannot be decoded to analog audio 
within the APx500 system.

Linear mono or stereo audio files can be sent to the 
analog outputs. Mono waveforms are sent to all avail-
able output channels. By default, stereo waveforms 
map channel A audio to odd output channels, chan-
nel B audio to even output channels. These assign-
ments can be remapped in the Advanced Settings 
dialog.

Analog output: level adjustment
The level of linear audio files sent to the analog out-
puts can be adjusted.

Consider that the signal level of the embedded audio 
in any file is unknown: the file may contain a sine 
wave at 0 dBFS, or it may contain pink noise at 
–42 dBFS. This being the case, the signal level at the 
generator output is also indeterminate. Level adjust-

ments for generator waveform files are calibrated 
assuming the maximum possible level in the file.

For analog output, a 1 Vrms level setting would output 
a 0 dBFS sine wave at 1 Vrms; lower signal levels in 
the file would be output at correspondingly lower volt-
ages.

Digital output: linear or coded audio
Linear mono or stereo audio files and coded audio 
files can be sent to the digital outputs. Whenever a 
generator waveform file is selected, the APx500 out-
put sample rate is set to the rate of the file.

Mono waveforms are sent to all available output chan-
nels. By default, stereo waveforms map channel A 
audio to odd output channels, channel B audio to 
even output channels. These assignments can be 
remapped in the Advanced Settings dialog. Coded 
waveforms are not decoded in the APx500 system, but 
are sent bit exact.

Digital output: level adjustment
When Bit Exact is not set, the level of linear audio files 
sent to the digital outputs can be adjusted. Level 
adjustments are not available for coded waveforms, 
which are send bit exact.

Consider that the signal level of the embedded audio 
in any file is unknown: the file may contain a sine 
wave at 0 dBFS, or it may contain pink noise at 
–42 dBFS. This being the case, the signal level at the 
generator output is also indeterminate. Level adjust-
ments for generator waveform files are calibrated 
assuming the maximum possible level in the file.

For digital output, a 0 dBFS level setting would output 
a 0 dBFS sine wave at 0 dBFS; lower signal levels in 
the file would be output at correspondingly lower digi-
tal levels. A –15 dBFS signal in the file with a 
–12 dBFS level setting would be output at –27 dBFS.

Dither
For digital output (when Bit Exact is not set), a genera-
tor waveform file signal is always redithered.

Generator waveform length constraints
File Truncation

Generator waveforms are limited in file length by APx 
instrument memory resources. 

A generator waveform file is downloaded from the PC 
into the APx analyzer hardware as needed for a mea-
surement. The hardware memory has a capacity of 
128 MB, and audio waveforms that exceed 128 MB 
will be truncated.

Since APx500 converts 8- and 16-bit PCM waveforms 
to 32-bit for generator output, and expands coded 
audio for playback, generator waveform files may use 
considerably more memory than indicated by their file 
size on disk.
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A waveform file that exceeds the maximum length will 
be truncated as it is loaded. A truncated waveform is 
marked with a warning icon  when selected as a 
generator source.

Truncated waveforms should be avoided, as a jump 
discontinuity will be introduced on playback at the 
point of truncation. Best practice is to use the short-

est generator waveform file consistent with your mea-
surement requirements.

Maximum File Length table
File formats and sample rates affect the amount of 
memory used. The table below is provided as a guide, 
indicating the running times that represent the maxi-
mum memory available for various formats.

Generator Waveform Maximum File Length Table

DTS transmit rates
When a legacy DTS file (*.dts or *.cpt) with an embed-
ded sample rate of 44.1 kHz is transmitted via HDMI 
or DSIO, it can sent using an interface transmit rate of 
44.1 kHz or 176.4 kHz (4x). If the DTS file has an 
embedded sample rate of 48 kHz, it can be sent using 
an interface transmit rate of 48 kHz or 192 kHz.

These settings do not convert the sample rate of the 
embedded audio but only affect how the audio is car-
ried on the interface signal. For DSIO, the Digital Serial 
Output Sample Rate setting must agree with setting 
made here.

Select

•Auto (the default)
For a 44.1 kHz sample rate file, Auto sets the inter-
face transmit rate to 44.1 kHz.
For a 48 kHz sample rate file, Auto sets the inter-
face transmit rate to 48 kHz.

•4x
For a 44.1 kHz sample rate file, 4x sets the inter-
face transmit rate to 176.4 kHz.
For a 48 kHz sample rate file, 4x sets the interface 
transmit rate to 192 kHz.

DTS:X files
DTS:X files are only supported when the generator out-
put is HDMI or Digital Serial. When a DTS:X file is 
loaded and a supported output is selected, a Trans-
mit Rate control is available on the Generator panel, 
with the following choices:

Transmit Rate:
•4x, 24 Mbps Max

•4x, 6 Mbps Max

•1x, 1.5 Mbps Max

Analyzer controls

Typical Analyzer controls
(Measurement Recorder shown)

Signal acquisition and analysis controls are found in 
the lower area of the Measurement Settings panel. A 
range of different controls are available, depending 
upon system hardware, signal path setup and mea-
surement. This illustration is a typical example.

Signal acquisition and analysis controls are discussed 
here. Go to page 237 to read about signal generation 
controls.

Waveform Type Sample Rate Playback Time (seconds)

Mono .WAV 48 kHz 699
Mono .WAV 96 kHz 349
Mono .WAV 192 kHz 174
Stereo .WAV 48 kHz 334
Stereo .WAV 96 kHz 174
Stereo .WAV 192 kHz 87
AC3 48 kHz 699
EC3 192 kHz 174
DTS 48 kHz 699
DTS-HD 192 kHz 43
DTS:X 192 kHz 349
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Common acquisition and analysis con-
trols
Filtering
Signal Path Setup provides Low-pass filtering (includ-
ing AC/DC coupling control) High-pass and Weighting 
filtering for the entire Signal Path. See chapter 102.

Bench Mode Analyzer Controls
Bench Mode provides Settling and some filtering, ref-
erence channel and IMD Type controls for the Ana-
lyzer.

Sequence Mode Analyzer Controls
Measurements in Sequence Mode often provide addi-
tional local filtering, and other controls specific to the 
measurement.

Append Graph Data
Most batch measurements allow you to append acqui-
sitions. Bench Mode also enables repeating measure-
ments. 

Other acquisition and analysis controls
Other controls are available for specific measure-
ments, primarily in Sequence Mode. These include the 
following:

Ref Channel
For phase measurements, a reference channel can be 
specified. See chapter 57.

Save to File
The Measurement Recorder and the Multitone Ana-
lyzer allow you to save the acquired audio to a file. See 
chapters 65 and 68.

Sweep Time / Reading Rate
These are adjustments for the Measurement Recorder 
acquisition. See chapter 65.

Averages
Acoustic Response, Continuous Sweep, Multitone and 
Signal Analyzer allow you to average a number of 
acquisitions.

Selectivity / Filter Tune Mode
Bandpass Level allows you to adjust and steer the 
bandpass filter. See chapter 29.

IMD Mode
The IMD measurements allow you to specify which dis-
tortion products or combinations of distortion prod-
ucts to view. See chapters 52 and 54.

Trigger
Multitone and Signal Analyzer allow free run or adjust-
able trigger settings. See chapters 68 and 82.

Measured Channel / Target THD+N
The Maximum Output measurements allow you to 
specify the regulation target.

Appending and Importing data into Data 
Sets
Sweep and other batch measurements allow append-
ing and importing of data. Multiple instances of data 
are managed as Data Sets.

For example, with a new sweep acquisition, the graph 
is populated with a new set of data for display.

This data can be seen as a curve on the graph or as a 
table of values in the graph data grid for each view. 
This data is called Measured Data, and is shown in 
the Data Sets panel as Measured 1.

Append
Set the Append checkbox in the Measurement Set-
tings Panel to add more measured data sets to the 
graph data already acquired. Data added in this way is 
a shown in the Data Sets panel as Measured 2, Mea-
sured 3, etc.

Import
You can also use the Import command on the graph 
data grid panel to bring external data into the graph. 
Data added in this way is a shown in the Data Sets 
panel as Imported 1, Imported 2, etc.

Read more about managing Data Sets on page 766.

Advanced Settings
Each Sequence Mode measurement has additional 
settings available in an Advanced Settings dialog. 
These vary with the measurement, and are discussed 
in the individual measurement chapters.

External Source
Some DUTs (disc or other media players, broadcast 
receivers, transmission links) have no available signal 
inputs. How is the stimulus signal introduced into the 
DUT?

The answer is to use the APx External Source configu-
ration, which is an open-loop solution that does not 
use the instrument generator, but instead provides a 
test signal that can be transmitted, played or other-
wise generated externally.

Not all measurements support the External Source 
configuration. See Chapter 6 for more information 
about External Source measurements.

Results
Each measurement has one or more primary results 
(measured results) associated with it. A primary result 
is the direct result of a measurement; a primary Level 
result, for example, is the measured amplitude of the 
audio signal. See chapter 104.

Result data can be also imported from other measure-
ments, from other applications or from arbitrary lists 
of values.
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Navigating results
Results are represented as branch nodes on the Navi-
gator tree display, and as thumbnails in the Selector 
filmstrip display. The currently selected result is dis-
played in the Graph panel.

Primary or derived results can be added to or deleted 
from a measurement, and can be renamed to suit 
your needs. Multiple instances of a result can be 
added to a measurement.

Sorting Results
Results in the filmstrip selector can be sorted by click-
ing Sort By in the selector filmstrip menu and select-
ing a sort order. Results can be sorted three ways:

•Default order. Default order with like results from 
different inputs listed together.

•Alphabetically. Alphabetically by result name with 
like results from different inputs listed together. 

•Input (Alphabetical). Results grouped by input type 
and sorted alphabetically within the input groups. 

Derived Results
A measurement can have one or more user-defined 
derived results. A derived result is a data point or set 
of data points derived from an existing result (called 
the source result) by a mathematical computation 
such as averaging or normalizing. Derived results can 
be attached to primary results, imported results or 
existing derived results. See chapter 105.

Software Options
You can purchase Software Options to add features to 
your analyzer. Each Software Option is enabled by a 
Software Option key, ordered from Audio Precision.

Previously, Software Option keys were provided in an 
iButton, a physical container which was inserted in a 
Software Option Module, mounted on the APx rear 
panel.

For APx500 version 4.6 and later, the Software Option 
Module has been obsoleted and replaced by the APx 
KeyBox. Legacy iButtons are still supported by APx 4.6 
and later, and can be inserted into an APx KeyBox for 
use. Read more about these modules on pages 33 
and 41.

However, Software Option Keys purchased after 
December 18, 2018, are enabled by a secure License 
File, typically delivered by email. The License File 
installs the Software Option Key(s) internally in an APx 
B Series analyzer, or into an APx KeyBox attached to a 
legacy APx analyzer.

Software Option Keys delivered by License File can 
only be installed in one APx B Series analyzer, One 
APx500 Flex Key, or one APx KeyBox. Software Option 
keys delivered by License File are not transferable. 

See Licenses and Software Option keys on page 243 
for information on installing a Software Option key.

Software Options available for all APx 
analyzers
APX-SW-POLQA2

Requires the purchase of a Software Option
Key.

For Sequence Mode POLQA perceptual audio testing 
and MOS results, Software Option APX-SW-POLQA2 
provides 

•POLQA

•POLQA Averaged

APX-SW-POLQA2 provides POLQA operation for only 2 
audio channels.

APX-SW-PESQ
Requires the purchase of a Software Option
Key.

For Sequence Mode PESQ perceptual audio testing 
and MOS results, Software Option APX-SW-PESQ pro-
vides 

•PESQ

•PESQ Averaged

APX-SW-SPK-PT
Requires the purchase of a Software Option
Key.

For fast Sequence Mode production testing of loud-
speakers and drivers, Software Option APX-SW-SPK-PT 
provides

•Acoustic Response (with the Rub and Buzz result)

•Loudspeaker Production Test

•Modulated Noise.

APX-SW-SPK-RD
Requires the purchase of a Software Option
Key.

For Sequence Mode loudspeaker testing in R&D, APX-
SW-SPK-RD provides 

• Acoustic Response (with the Rub and Buzz result)

•Impedance/Thiele-Small.

•Loudspeaker Production Test and

•Modulated Noise

Also included in SW-SPK-RD is authorization for 
two utilities:

•APx Polar Plot utility and

•APx Waterfall Graph utility.
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These utilities are not part of the APx500 mea-
surement software, but can be downloaded from 
ap.com.

APX-SW-STI
Requires the purchase of a Software Option
Key.

Software Option APX-SW-STI provides a Speech Trans-
mission Index (STI) measurement using the STIPA 
method. An IEC-60268-16J Speech Level measure-
ment is included.

APX-SW-ABC-MRT
Requires the purchase of a Software Option
Key.

Software Option APX-SW-ABC-MRT provides an Articu-
lation Band Correlation Modified Rhyme Test (ABC-
MRT) measurement, an objective estimator of speech 
intelligibility.

Software Option available for the 
APx555 with EAG
APX-SW-ADC TEST

Requires the purchase of a Software Option
Key.

Software Option APX-SW-ADC TEST adds ADC Test out-
put configuration features to a B Series APx555, or to 
a legacy APx555 that has been fitted with the EAG 
Upgrade. Software Option APX-SW-ADC TEST provides

•a common-mode DC offset called VBias, added to 
pins 2 and 3 of the analog balanced outputs. 
These features are useful to chip manufacturers 
testing analog to digital converter inputs, and to 
others interested in adding a common-mode DC 
bias to an analog stimulus.

•Pin voltage maximum and minimum protection 
when applying VBias.

Software Options available for the 
APx515
Without options, the APx515 enables Sequence Mode 
and a basic set of APx500 features and measure-
ments. This set can be expanded to the full comple-
ment of instrument-appropriate features and 
measurements by the installation of iButton Software 
Option Keys.

Basic Measurements in the APx515
These measurements are enabled by an APx515 with 
no Software Option Keys:

APX-SW-ACR Option for the APx515
Requires the purchase of a Software Option
Key.

For acoustic testing, Software Option APX-SW-ACR 
enables the following measurement:

•Acoustic Response (the Rub and Buzz result is not 
included with this option). See APX-SW-SPK-PT 
and APX-SW-SPK-RD on page 241 for options that 
include Rub and Buzz.

APX-SW-AML Option for the APx515
Requires the purchase of a Software Option
Key.

Software Option APX-SW-AML (the Advanced Measure-
ment Library) enables the following measurements:

APX-SW-ASIO Option for the APx515
Requires the purchase of a Software Option
Key.

Software Option APX-SW-ASIO provides 16 channels of 
ASIO input/output interface to the APx515.

APX-SW-HST Option for the APx515
Requires the purchase of a Software Option
Key.

For high-speed testing, Software Option APX-SW-HST 
enables the following measurements:

•Continuous Sweep

•CMRR •Measurement Recorder
•Crosstalk, Custom •Noise (Q-Peak)
•Crosstalk, One Channel 

Driven
•Noise (RMS)

•Crosstalk, One Channel 
Undriven

•Pass/Fail

•DC Level •Signal to Noise Ratio
•Frequency •SINAD
•Frequency Response •Stepped Frequency 

Sweep
•Interchannel Phase •Stepped Level Sweep
•Level and Gain •THD+N

•Bandpass Level •IMD Frequency Sweep
•Bandpass Frequency 

Sweep
•IMD Level Sweep

•Bandpass Level Sweep •Maximum Output
•Crosstalk Sweep, Custom •Maximum Output (CEA-

2006)
•Crosstalk Sweep, One 

Channel Driven
•Metadata Recorder

•Crosstalk Sweep, One 
Channel Undriven

•Noise Recorder

•Digital Error Rate •Regulated Frequency 
Sweep

•Dynamic Range - AES17 •Signal Analyzer
•IMD (DFD/MOD/SMPTE/

CCIF)
DC Level Sweep

•ANSI S3.22 IMD Fre-
quency Sweep

•IEC 60118-0 IMD Fre-
quency Sweep
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•Multitone Analyzer

APX-SWB-2 Option for the APx515
Requires the purchase of a Software Option
Key.

Software Option APX-SWB-2 is a bundle providing APX-
SW-ACR, APX-SW-AML, APX-SW-ASIO, and APX-SW-HST. 

APX-SWB-6 Option for the APx515
Requires the purchase of a Software Option
Key.

Software Option APX-SWB-6 provides APX-SW-ACR, 
APX-SW-AML, APX-SW-ASIO, APX-SW-HST, and APX-SW-
BEN. Recommended for APx500 version 4.0 and later.

APX-SW-BEN Option for the APx515
Requires the purchase of a Software Option
Key.

Software Option APX-SW-BEN enables Bench Mode for 
the 515. This option requires APX-SWB-2. Recom-
mended for APx500 version 4.0 and later.

Software Options available for APx517
Without options, the APx517 enables Sequence Mode 
and a basic set of APx500 features and measure-
ments. This set can be expanded to the full comple-
ment of instrument-appropriate features and 
measurements by the installation of individual mea-
surements or bundled options using Software Option 
Keys. Installed options are listed in the About dialog 
(see Viewing installed Software Option keys).

Basic measurements included with the APx517
These measurements are enabled by an APx517 with 
no Software Option Keys:
:

For information on adding additional measurements, 
contact your Audio Precision distributor or representa-
tive, or visit our web site at ap.com.

Software Options available for APx500 
Flex
Without options, the APx500 Flex enables Sequence 
Mode and a basic set of APx500 features and mea-
surements. This set can be expanded to the full com-
plement of instrument-appropriate features and 
measurements by the installation of individual mea-
surements or bundled options using Software Option 

Keys. Installed options are listed in the About dialog 
(see Viewing installed Software Option keys).

Basic measurements included with the APx500 
Flex
These measurements are enabled by an APx500 Flex 
with no Software Option Keys:
:

For information on adding additional measurements, 
contact your Audio Precision distributor or representa-
tive, or visit our web site at ap.com.

Licenses and Software Option 
keys
A Software Version License Key or a software support 
subscription must be purchased to authorize APx500 
v.5.0 software or later. To install a Software Version 
License Key or to add additional measurements using 
a Software Option key:

1.  Save the Software Version License key or Soft-
ware Option key to a local directory on the host PC 
connected to the APx analyzer. (If it is not a B 
Series analyzer, make sure it has a KeyBox 
attached.)

2. Start the APx500 software.

3. Do one of the following to open the Choose 
License File dialog:

•If activating or upgrading to a new software ver-
sion, you will automatically be prompted for a 
license.

•If activating a measurement, select Help > Add 
License from the menu bar.

4. From the Choose License File dialog, navigate to 
the directory containing the license file and select 
it. 

5. Click the Open button to add the license or mea-
surement.

Viewing installed Software Option keys
To see if a Software Option key is installed in your APx 
analyzer, run APx500 with the analyzer connected. Go 
to Help > About and scroll to the bottom of the Prod-
uct Components list.

Acoustic Testing
Acoustic testing brings some additional consider-
ations to test. Preferred units are acoustic, micro-
phone calibration may be necessary, and stimulus EQ 

•Level & Gain •THD+N
•Stepped Frequency 

Sweep
•Signal Acquisition

•Loudspeaker Production Test (Including Rub & Buzz)
•Pass/Fail

•Level & Gain •THD+N
•Stepped Frequency 

Sweep
•Signal Acquisition

•Loudspeaker Production Test (Including Rub & Buzz)
•Pass/Fail
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may be required to compensate for transducers and 
provide Leveled Acoustic Output.

Specific acoustic and electro-acoustic measurements 
such as Acoustic Response, Loudspeaker Production 
Test and Impedance/Thiele-Small are supported by 
special Signal Path acoustic features, such as 

•Acoustic output configuration

•Acoustic input configuration and 

•Output EQ (equalization)

and the generator feature

•Generator EQ.

Although these features certainly have uses beyond 
acoustic testing (such as preemphasis/deemphasis 
applications or normalizing a response for flat dis-
play) their primary application is in acoustic test.

Acoustic Output Configuration
For convenience when performing acoustic tests, 
APx500 can be set to Acoustic output configuration. 
Acoustic output configures all generator level setting 
fields and generator level graph displays to units of 
pascals or dBSPL. 

Since the analyzer outputs are voltage outputs, an 
acoustic output signal path must have scaling factor 
associated with it. This is called the Voltage Ratio, and 
it is expressed in Pa/V. The Voltage Ratio is set inter-
actively in the Set Acoustic Output Level dialog (page 
97), and is displayed in the References, Acoustic 
Mode dialog (also page 97).

Entering Acoustic output configuration
In Signal Path Setup, place a check in the Acoustic 
checkbox in Signal Path Setup: Output Configuration. 
Acoustic output configuration and the Acoustic output 
checkbox are only available for analog outputs.

You will notice a warning alert  appear, with a text 
box reading “Output References Voltage Ratio has not 
been set. Acoustic output levels may not be accu-
rate.” This is a reminder to Set Acoustic Output Level, 
as described above.

Acoustic Input Configuration
For convenience when performing acoustic tests, 
APx500 can be set to Acoustic input configuration. 
Acoustic input configures all APx500 measurements 
in the signal path to display levels relative to channel-
specific acoustic reference levels. This is useful for 
making acoustic measurements with multiple micro-
phones.

Specifically, 

•Level results are reported in dBSPL or Pa (in this 
case the Pa values are rms). 

•Gain results are reported in Pa/Vrms.

•Instantaneous voltages are reported in Pa (in this 
case the Pa values are instantaneous).

•Impulse response is reported in Pa/V (in this case 
the Pa values are instantaneous).

The Pa and dBSPL values use the Sensitivity input ref-
erence(s), set in Set dBSPL Per-channel / Microphone 
Calibration dialog, and also displayed in the Refer-
ences dialog. See pages 97 and 99 for information 
about Acoustic input configuration and setting refer-
ences.

Entering Acoustic input configuration
In Signal Path Setup, set the Acoustic checkbox. 
Acoustic input configuration and the Acoustic check-
box are only available for analog inputs.

Stimulus Equalization
APx offers two methods to equalize the stimulus sig-
nal: Output Equalization, which inserts a filter in the 
output signal path, and Generator Equalization, which 
changes the signal level by frequency as it is being 
generated. Output Equalization is a signal path fea-
ture, discussed on page 246. Generator Equalization 
is a feature of some measurements, discussed on 
page 245. Also see a Comparison of Generator EQ 
and Output EQ on page 246.

To EQ and re-save one or more .wav files, download 
the APx EQ .wav Files Utility at www.ap.com/display/
file/661.

Application
An equalized stimulus signal is useful in a number of 
cases, including:

Leveled Acoustic Output
In testing microphones or systems with embedded 
microphones (such as a hearing aid or a mobile 
device), it is essential that frequency response of the 
power amplifier, the loudspeaker and the acoustic 
chamber be characterized and compensated for in the 
stimulus signal, so that the response of the system 
under test can be accurately measured. This process 
is called “leveling the acoustic output.”

In APx, this process requires characterizing the sys-
tem response using a measurement microphone and 
a measurement such as Frequency Response or 
Acoustic Response.

The response curve is exported, and then imported 
into Output EQ and inverted.

This is best performed with Acoustic output and 
Acoustic input configurations on, and normalizing the 
level with Auto Gen Level before the characterization 
sweep and again after the Output EQ is applied.
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Preemphasis and deemphasis
Some devices, such as phonographs, analog tape 
players or analog radio receivers, are designed to have 
a flat frequency response across a complete signal 
path, but non-flat frequency response at points within 
the signal path, with the goal of reducing noise intro-
duced in the storage media or distribution channel. 
The response of the recording or transmitting device is 
modified by a preemphasis equalization curve, and 
the response of the playback or receiving device is 
modified by a complementary deemphasis equaliza-
tion curve.

To test DUTs that incorporate a deemphasis equaliza-
tion response, it is convenient to use a test sweep that 
varies in amplitude as if it were passed through the 
required preemphasis filter, producing a flat measure-
ment response result.

Standard preemphasis and deemphasis curves are 
provided on the APx Resources disc as EQ tables. 
These include the RIAA phonograph curves and the 
50 µs and 75 µs FM broadcast curves.

Characterization of a loudspeaker “golden unit”
In production loudspeaker testing, a common proce-
dure is to characterize a well-performing loudspeaker 
as a “golden unit,” and to use its response curve as a 
basis for pass/fail limits. It is convenient to view the 
response of the golden unit as relatively flat, even if 
the true response is irregular.

Generator EQ
Generator EQ (equalization) allows you to vary the APx 
generator level by frequency in a sweep or multitone 
signal, in compliance with a curve defined in an EQ 
table. This enables compensation for a non-flat 
response in the device under test, as described in 
Stimulus Equalization. 

An alternative to Generator EQ that can
accomplish a similar goal (for analog out-
puts) is to insert a filter in the output signal
path. See Output EQ on page 246.

Measurements that can use Generator 
EQ
The Generator EQ feature addresses this requirement 
by allowing you to specify and attach an equalization 
table to the APx sine sweep or multitone generator for 
the following measurements:

•Acoustic Response 

•Continuous Sweep 

•Frequency Response 

•Stepped Frequency Sweep 

•Multitone (see the next paragraph) 

Operational details can be found in the chapters for 
Acoustic Response, Continuous Sweep, Frequency 
Response and Stepped Frequency Sweep. 

Multitone signal equalization
Since the multitone measurement does not use a 
swept sine signal, generator equalization cannot be 
applied in the same way. You can, however, effect the 
same functionality for multitone measurements. For 
multitone, the equalization is applied by adjusting the 
levels of individual tones during the multitone wave-
form creation process. See page 499.

Applying Generator EQ
For instructions for using a generator equalization 
table with specific measurements, see the EQ head-
ing in the Common Controls section for Acoustic 
Response, Continuous Sweep, Frequency Response, 
Acoustic Response or Stepped Frequency Sweep. For 
Multitone, Import EQ Table on page 499.

Editing the Generator EQ table

This dialog allows you to import, edit and export gener-
ator equalization tables.

Add Point 
Add Point inserts a blank frequency point (row) below 
the current selection in the table. Enter a level value 
for each new point. You can edit the frequency or level 
value arbitrarily.

Delete Selected Points 
Delete Selected Points removes the selected points 
(rows) from the table.

Invert 
Use this control to invert the EQ curve. This is useful 
for creating a compensation curve from a measured 
response curve.

Zoom 
Click on this button and then drag a marquee in the 
graph to zoom.
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Reset Zoom/Pan 
Click on this button to revert to the original zoom and 
pan views.

Graph Properties 
This button opens a Graph Properties dialog, where 
you can select ranges, names and log/lin characteris-
tics for the EQ curve graph.

Clear Table 
Clear Table removes all points (rows) from the table.

Sort Ascending 
Sort Ascending sorts the table by frequency, ascend-
ing toward the bottom of the table.

Import 
Import opens a file browser window to select and open 
compatible EQ table files from disk. Excel, CSV and 
Audio Precision legacy *.adx and *.atsx are sup-
ported.

Export 
Export opens a file browser window to save the cur-
rent EQ table as an Excel or CSV file.

Y Unit
Choose the Y-axis (level) unit here.

Comparison of Output EQ to 
Generator EQ.

Output EQ
For analog outputs, Output EQ (equalization) allows 
you to insert an EQ filter in the output signal path, 
after the APx generator. This enables compensation 
for a non-flat response in the device under test, as 
described in Stimulus Equalization on page 244.

An alternative to Output EQ that can accom-
plish a similar goal for some measure-
ments is to vary the APx generator level by
frequency in a sweep or multitone signal.
See Generator EQ on page 245.

Creating or importing an EQ curve
Open the EQ menu in Signal Path Setup: Output Con-
figuration. Choose

•Create New or

•Browse for file.

The EQ response curve is specified in the Edit Output 
EQ Table dialog, and response curves can be imported 
and saved. The response curve can be easily inverted.

Output Equalization Generator Equalization

Design

Arbitrary 30-pole fil-
ter approximating 
settings in Output EQ 
Table, implemented 
in the digital domain.

Run-time generator 
amplitude adjust-
ment by frequency, 
corresponding to set-
tings in Generator 
EQ Table.

Output 
Connector

analog outputs only any analog or digital 
output

Signal source

any generator or file 
sourced signal, 
except AG52 special 
signals (square and 
DIM).

Sine signals used in 
Stepped Frequency 
Sweep, Acoustic 
Response, Fre-
quency Response,
Continuous Sweep, 
Loudspeaker Pro-
duction Test and 
Multitone measure-
ments only.

Channel 
count

two channels maxi-
mum

all channels

Availability applied per signal 
path

applied per mea-
surement

APx555 note

APx555 High-Perfor-
mance Analog Gen-
erator: Output EQ is 
available as a User 
Interface
choice, but is actu-
ally implemented by 
the Generator Equal-
ization method.
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Design
The equalization filter is implemented in the digital 
domain near the end of the output signal path, before 
the digital-to-analog converters (DACs). Th e filter has 
a fixed number of poles (30). The EQ response beyond 
the range specified in the curve is unspecified.

Application
The equalization filter is only applied to analog out-
puts.

The filter can be applied to a maximum of 2 channels. 
If more than two output channels are specified in Sig-
nal Path Setup: Output Configuration, the filter is 
made inactive.

The filter is applied to all audio signals generated in 
DSP, including sine wave, square wave, sweeps, IMD 
signals, multitone, noise and any non-coded arbitrary 
generator waveform signal output from files on disc, 
including POLQA and PESQ stimuli. The filter cannot 
be applied to the square wave and DIM signals gener-
ated in the AG52 option.

Generator output limiting
DAC generator 
If the combination of generator level and offset set-
tings and the applied Output EQ curve would require 
the APx generator to exceed its maximum level, the fil-
ter is scaled so that the maximum never exceeds a 
point 1 dB below the maximum generator output level 
(which varies with instrument hardware and configura-
tion), while preserving the EQ curve shape. A warning 
is shown in the Status Bar when such a condition 
exists. 

High Performance Sine Generator
If the combination of generator level setting and the 
applied Output EQ curve requires the APx generator to 
exceed its maximum level, the APx generator is held at 
its maximum level until the required level falls below 
the maximum. A warning is shown in the Status Bar 
when such a condition exists. 

Generator output limiting when using complex 
waveforms
If you are testing with complex waveforms (such as 
speech waveforms for PESQ or POLQA) and find that 
the generator limiting feature of Output EQ reduces 
the level so far that you cannot attain the necessary 
Active Speech Level at the transducer, an alternative 
method is to use the APx EQ .wav Files Utility. Read 
about the utility by searching for the file “APx EQ .wav 
Files Utility Instructions.pdf” at ap.com.

Interaction with Generator EQ
If Generator EQ is in effect for a measurement, it over-
rides Output EQ. Output EQ is disabled for that mea-
surement.

Automation
You can import (and optionally invert) an Output EQ 
curve into Signal Path Setup during an automated 
sequence. See Select Output EQ Curve Step on page 
654.

Editing the Output EQ table

This dialog allows you to import, edit and export Out-
put EQ tables. 

The points in the table are represented graphically by 
the Target trace in the graph. The Design trace rep-
resents the actual filter curve.

Add Point 
Add Point inserts a blank frequency point (row) below 
the current selection in the table. Enter a level value 
for each new point. You can edit the frequency or level 
value arbitrarily.

Delete Selected Points  
Delete Selected Points removes the selected points 
(rows) from the table.

Invert  
Use this control to invert the EQ curve. This is useful 
for creating a compensation curve from a measured 
response curve.

Zoom  
Click on this button and then drag a marquee in the 
graph to zoom.

Reset Zoom/Pan  
Click on this button to revert to the original zoom and 
pan views.

Graph Properties  
This button opens a Graph Properties dialog, where 
you can select ranges, names and log/lin characteris-
tics for the EQ curve graph.
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Clear Table 
Clear Table removes all points (rows) from the table.

Sort Ascending  
Sort Ascending sorts the table by frequency, ascend-
ing toward the bottom of the table.

Import  
Import opens a file browser window to select and open 
compatible EQ table files from disk. Excel, CSV and 
Audio Precision legacy *.adx and *.atsx are sup-
ported.

Export  
Export opens a file browser window to save the cur-
rent EQ table as an Excel or CSV file.

Y Unit
Choose the Y-axis (level) unit here.

Input EQ
Input Equalization allows you to insert a filter into the 
input signal path for all audio inputs. This enables 
compensation for a non-flat microphone response in 
the system under test. Input Equalization can also be 
used to compensate for loudspeaker response in 
acoustic testing.

Creating or importing an EQ curve
Open the EQ menu in Signal Path Setup: Input Config-
uration. Choose

•Create New or

•Browse for file.

The EQ response curve is specified in the Edit Input 
EQ Table dialog, and response curves can be imported 
and saved. The response curve can be easily inverted.

Design
The equalization filter is implemented in the digital 
domain early in the input signal path. The filter has a 
fixed number of poles (30). The EQ response beyond 
the range specified in the curve is unspecified.

Application
The equalization filter can be applied to all audio 
inputs, and also to demodulated jitter inputs. The fil-
ter can be applied to a selection of available channels.

Editing the Input EQ table

This dialog allows you to import, edit and export Out-
put EQ tables. The points in the table are represented 
graphically by the trace in the graph.

Add Point 
Add Point inserts a blank frequency point (row) below 
the current selection in the table. Enter a level value 
for each new point. You can edit the frequency or level 
value arbitrarily.

Delete Selected Points  
Delete Selected Points removes the selected points 
(rows) from the table.

Invert  
Use this control to invert the EQ curve. This is useful 
for creating a compensation curve from a measured 
response curve.

Zoom  
Click on this button and then drag a marquee in the 
graph to zoom.

Reset Zoom/Pan  
Click on this button to revert to the original zoom and 
pan views.

Graph Properties  
This button opens a Graph Properties dialog, where 
you can select ranges, names and log/lin characteris-
tics for the EQ curve graph.

Clear Table 
Clear Table removes all points (rows) from the table.

Sort Ascending  
Sort Ascending sorts the table by frequency, ascend-
ing toward the bottom of the table.
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Import  
Import opens a file browser window to select and open 
compatible EQ table files from disk. Excel, CSV and 
Audio Precision legacy *.adx and *.atsx are sup-
ported.

Export  
Export opens a file browser window to save the cur-
rent EQ table as an Excel or CSV file.

Y Unit
Choose the Y-axis (level) unit here.
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Acoustic Response Measurements

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

The Acoustic Response measurements are designed 
to facilitate loudspeaker testing using an APx500 
Series analyzer with a measurement microphone and 
an audio power amplifier.

Typically, the APx500 generator output is connected to 
the power amplifier, which in turn is connected to the 
loudspeaker under test. A measurement microphone 
is located in the acoustic field of the loudspeaker, and 
the output of the microphone preamplifier is con-
nected to an APx500 analyzer input.

Acoustic Response is a chirp-based measurement, 
using a brief Farina log-swept sine “chirp” stimulus 
that moves continuously across a specified range of 
frequencies. The DUT output is acquired by the ana-
lyzer and is mathematically deconvolved to provide a 
number of results.

Most of the settings in Acoustic Response are similar 
to Continuous Sweep and are straightforward. The key 
difference is adjusting the Time Window (see page 
252) to focus the measurement on the desired region 
of the acquired data. 

Loudspeaker Testing using 
Acoustic Response
Acoustic Response needs careful setup and precision 
third-party instruments to obtain good loudspeaker 
testing results. You must have a measurement micro-
phone and its associated power supply and preampli-
fier, a microphone calibrator, a suitable acoustic 
space, and in most cases a high-quality audio power 
amplifier.

This first section takes you through the basics of set-
ting up a loudspeaker testing system, using Acoustic 
Response result tools such as Impulse Response and 

Energy Time Curve to optimize the APx processing for 
best measurements.

Positioning the Loudspeaker and Mea-
surement Microphone in the Acoustic 
Space

Loudspeaker measurements can be made in various 
acoustic spaces: outdoors, within rooms, or even 
within special isolation enclosures. The choice of 
acoustic space will affect the optimal positioning of 
the loudspeaker and microphone, and will affect the 
measurement results. This is because it is desirable to 
measure only the sound traveling directly from the 
loudspeaker to the microphone, and to avoid measur-
ing sound that has traveled a reflected path, from the 
loudspeaker to a reflecting surface and then to the 
microphone.

Close reflections are more troublesome than distant 
reflections, because they typically have greater ampli-
tude and because they may reach the microphone 
before the impulse response of the system has 
decayed.

The best measurement results, then, are typically 
made in acoustic spaces that create minimal close 
reflections: outdoors, or in large rooms. Floors, walls, 
ceilings, tables and other objects reflect sound waves, 
and even in a large room care must be taken to mount 
the loudspeaker and microphone at a distance from 
any reflecting surface.
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Sound travels at approximately 343 meters per sec-
ond (1125 feet per second) in air at 20 °C (68 °F); 
this speed varies primarily with air temperature and 
humidity, and to a minor extent with pressure and den-
sity. This means that in ordinary conditions a sound 
wave takes approximately 3 ms to travel 1 m, or 
approximately 0.9 ms to travel 1 ft.

A standard distance between the loudspeaker under 
test and the measurement microphone is 1 m. Other 
distances can be used. Ideally, the path of first reflec-
tion is longer (in time) than the system impulse 
response.

Connecting the Loudspeaker and Mea-
surement Microphone

Configuring APx500 for Acoustic 
Response measurements
After launching APx500, go to Signal Path Setup to 
configure the analog outputs and inputs for proper 
interface to the audio power amplifier and the mea-
surement microphone.

Reduce the number of output and input channels to 
the number actually required for your test. This 
improves both system performance and clarity of dis-
play.

For best performance, reduce the system bandwidth 
to 40 kHz or even 20 kHz. Few loudspeakers have 
ultrasonic response, and the APx500 software runs 
more efficiently at reduced bandwidth.

Verify system electrical and acoustic 
paths
In Verify Current Connections, be sure that the genera-
tor level is not set too high, and that the generator fre-
quency is appropriate for your loudspeaker. If the 
audio power amplifier has high gain or the loud-
speaker is very sensitive, it may be possible to dam-
age the loudspeaker, even at the default generator 
setting of 100 mVrms. You may want to set Global 
Vmax (page 60).

Click the Generator ON and verify that the loud-
speaker and microphone are connected and operat-
ing properly.

Calibrating the Measurement Micro-
phone and APx500
It is not required that loudspeaker measurements be 
made in reference to an acoustic calibrator, but it is 
often done. APx500 can use an acoustic calibration as 
a dBSPL reference and report measurement results 
against that reference.

You must have an acoustic calibrator such as the 
MMC-3 available from Audio Precision to calibrate the 
system.

Two calibration levels are in standard use for acoustic 
calibration: 94 dB SPL and 114 dB SPL. If both are 
available on your calibrator, select the level most 
suited to your measurement. Mount the calibrator 
firmly on the microphone capsule and turn it ON.

In APx500, go to Signal Path Setup > References > 
Input References and click Mic Cal / Set dBSPL... In 
the Calibrator Level field, enter the calibrator setting 
(94 dB SPL or 114 dB SPL, set in the previous step. 
Then select the input channel (usually Channel 1) and 
click Set 1 to enter that level as dBSPL1. See Mic Cal 
/ Set dBSPL on page 95.

Adjusting the Time Window
The Time Window is a unique feature of the Acoustic 
Response measurement that is used to select the por-
tion of the acquired data that is used for analysis. The 
full set of controls for the Time Window are available 
from the Impulse Response result panel. The Impulse 
Response and Energy Time Curve (ETC) result views 
are useful in adjusting the Time Window to optimize 
the measurement results. 

For loudspeaker measurement, the Time Window is 
typically used to select only the direct sound from the 
loudspeaker, excluding reflections from the acoustic 
environment.

In an open project, the Time Window can be adjusted 
and readjusted at will, and will affect all the current 
measured data. When a project is saved, the latest 
Time Window is saved with the project. When the proj-
ect is opened, the Time Window associated with the 
saved data can be viewed on the Impulse Response 
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and ETC results for those measurements, but cannot 
be adjusted. New appends have an active Time Win-
dow that can be fully adjusted.

Time Window display
Gray areas on Impulse Response and ETC result 
graphs
The regions of the Impulse Response and ETC results 
that are outside of the Time Window are partially 
obscured by a gray mask superimposed on the graph. 
Additionally, the Impulse Response graph shows the 
shape of the Time Window as a dashed line.

Gray areas on other result graphs
The adjustment of the Time Window excludes certain 
time-domain regions from analysis. This affects the 
reliability of low-frequency measurements in fre-
quency-domain results. In these results, you will notice 
that the graphs show a gray mask overlaying a portion 
of the low frequencies. This indicates that the mea-
surement results in the masked area are unreliable. 
The masked area will change as the Time Window is 
adjusted.

Time Window Start and End time set-
tings
On the Impulse Response and ETC graphs, 0 on the X-
axis corresponds to the start time of the APx genera-
tor (the instant that the first audio sample is output 
when Start is pressed). An additional 50 ms is added 
to the acquisition before 0 to include any activity 
within the APx system, such as internal ADC/DAC ring-
ing. (This is required for correct processing of the con-
tinuous sweep acquisition).

Time Window Controls
These controls duplicate the controls available in the 
Time Window Settings dialog and on the Impulse 
Response result panel.

Start and End
By default, Start: Auto is checked, causing the begin-
ning of the Time Window to correspond to the begin-
ning of the acquisition, at about –50 ms. 

In most cases, the end of the Time Window should be 
set to a point just before the first reflection by enter-
ing a value in the Time Window End field, or by drag-
ging the Time Window cursor on the graph using the 
mouse cursor. This is the default behavior, and is cor-
rect for the majority of acoustic tests.

In Loopback, the default Time Window settings place 
the peak of the impulse response at 0. In real testing 
in an acoustic environment, device and acoustic delay 
will delay the acquired signal, placing the peak of the 
impulse later on the graph. The arrival time of the 
impulse shown on the Impulse Response graph is the 
same as the value displayed in the Delay result.

In some circumstances, however, acoustic reflections 
or ambient noise can cause the Start: Auto Time Win-
dow span to be chosen incorrectly (typically, in situa-
tions where the amplitude of the first reflection is 
larger at the microphone than the amplitude of the ini-
tial signal).

In such a case, deselect Start: Auto. The start time will 
be reset to a default value of 0.00, and the Start field 
will allow user input. You will now be able to adjust 
both Time Window Start and Time Window End (by 
dragging with the mouse cursor or by entering a new 
value into the Time Window fields) to include the 
desired portion of the signal for analysis.

Time Window Type and Taper
A Time Window selects regions of the time-domain 
acquisition to include or exclude from analysis. A win-
dow provides a central flat, rectangular region with 
tapers on each side that smoothly transition from 0 to 
1 (for the Start taper) and 1 to 0 (for the End taper). 

See Legacy Time Windows on page 270 for
Time Window behavior in APx versions prior
to version 4.2.

The Auto: Start Time Window setting, when combined 
with a carefully selected End time is correct for most 
applications. However, you can further refine the 
shape of the Time Window using controls in the Time 
Window Settings dialog. Click the Window  but-
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ton on the Impulse Response result panel to open the 
Time Window Settings dialog.

Taper
Type

The Type menu offers a list of taper shapes, each of 
which uses the specified type of windowing function 
(page 583) to window the impulse response before 
calculating its FFT. The AP-Equiripple window is the 
default. The Start and End window tapers follow the 
shapes available from this menu. 

•Track Peak
Track Peak aligns the window to the peak of the 
impulse in a specific way for each acquisition. This 
can cause the window to include or exclude 
slightly different ranges across multiple acquisi-
tions. 
In Track Peak, the window is designed with two 
regions, shown as A and B in the illustration below. 
The A region extends from Start time to the 
impulse peak, and the B region extends from the 
impulse peak to End time.

•Fixed
Fixed sets the window at the same place in time 
(defined by Start and End times) across acquisi-
tions. The Start and End taper percentages are 
calculated for the entire window width, without 
respect to regions.

Start
Start defines the width of the Start taper as a percent-
age of the A region (for Track Peak), or as a percent-
age of the total width of the window (for Fixed). By 
default, the Start taper is set to 10%.

End
End defines the width of the End taper as a percent-
age of the B region (for Track Peak), or as a percent-

age of the total width of the window (for Fixed). By 
default, the End taper is set to 10%.

Impulse Response graph using AP-Equiripple window,
Track Peak, with Start and End tapers set to 40%.

Time
The Time controls on this dialog duplicate the settings 
on the Impulse Response result panel.

Note: The Auto Start Time checkbox and
Time Window Start feature are not avail-
able for the acoustic response component
of the Loudspeaker Production Test mea-
surement.

Example
Let’s run through this procedure once as an example, 
using the default Time Window settings.

Set up and run an Acoustic Response measurement. 
In most acoustic environments, a strong second peak 
can be observed that corresponds to the first acous-
tic reflection. 

You can make this adjustment in either the Impulse 
Response view or the ETC view, but the peak is often 
more easily viewed in the ETC result.

In the ETC view, move the Time Window End by drag-
ging it with the mouse cursor to a point just before the 
first reflection, as shown in the ETC graph on page 
261.

Confirm the correct placement of the Time Window 
End this by observing the first reflection peak and the 
Time Window end placement in the Impulse Response 
view, which should look like the graph on page 261.

Further confirm by measuring the lengths of the 
acoustic paths, and obtaining the difference between 
the direct path and the first reflection path (B+C-A, as 
shown in the diagram on page 251). That distance 
should agree closely with the position of the Time Win-
dow End, when using distance units.
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Signal Path Setup configuration
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup. 

Acoustic Response measurements, in earlier imple-
mentations, have only supported closed-loop configu-
rations. With APx500 4.6 or later, open-loop 
configurations such as None (External) or File Input 
are supported.

Closed Loop configuration
Acoustic Response results
Three Acoustic Response results are used to adjust for 
an optimal measurement:

Other results provide key Acoustic Response measure-
ment results:

* For an APx515 with the APX-SW-ACR option key, the 
Rub and Buzz results are not available. See APX-SW-
SPK-PT and APX-SW-SPK-RD on page 241 for options 
that include Rub and Buzz.

† This result is not available in Closed Loop Configura-
tion.

Operation, Closed Loop
Closed Loop is the conventional Acoustic Response 
configuration, with behavior that will be familiar to APx 
users.

Start 
Click the Start button to run the measurement and 
read the results.

Append Graph Data  checkbox
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is  
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 

and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Open Loop  checkbox
Continuous Sweep measurements can be made in 
closed-loop or open-loop configurations. By default, 
the Open Loop checkbox is unchecked , and the 
measurement is in its default configuration, Closed 
Loop.

•Impulse 
Response

•Energy Time 
Curve (ETC)

•Delay

•RMS Level 
(Freq. Response)

•Level and 
Distortion

•Rub and Buzz*

•Relative Level •THD Ratio •Rub and Buzz 
Crest Factor*

•Deviation •THD Level •Rub and Buzz 
Peak Ratio*

•Phase •Distortion 
Product Ratio

•Frequency Shift †

•Group Delay •Distortion 
Product Level

•Acquired 
Waveform

Acoustic Response controls, Closed Loop
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Generator
See Generator Waveforms and Controls in Chapter 6 
for detailed information about using the APx Genera-
tor and setting Waveform, Level and Frequency in vari-
ous contexts.

Be sure that you have set the generator
Level low enough that the loudspeaker will
not be damaged. Also, be sure you have set
the generator Start and Stop frequencies so
that the loudspeaker will not be damaged
by out-of-band signals. See page 252 for
more information.

Frequencies
Start
Stop
These controls set the frequency range of the sweep. 
Available ranges vary with instrument type.

Note that the actual sweep stimulus signal
begins below the defined Start Frequency
and is swept upward, reaching the Start
Frequency at the end of the Pre-Sweep
time, as described below in Pre-Sweep and
Sweep Duration Fields. Further, the stimu-
lus signal is actually swept to 110% of the
designated Stop Frequency (or to the
Nyquist frequency, whichever is lower).

See page 316 for more about chirp sweep frequency 
ranges, which are dependent upon the instrument.

Levels
Levels Track Ch1  checkbox
If Level Tracks Ch1 is checked, all output channels are 
set to the level entered for channel 1. If it is 
unchecked, each channel can be set to a different 
output level.

Sweep
Set the chirp sweep level here. Available ranges vary 
with instrument type. 

DC Offset
Set any DC offset here. Available ranges vary with 
instrument type. See Generator Waveforms and Con-
trols in chapter 6 for a detailed explanation.

EQ
You can equalize the generator signal to make a pre-
emphasized stimulus. See Generator Equalization 
(page 245) for a general discussion of this feature.

Choosing generator equalization
Select None, Relative or Absolute from the EQ drop-
down menu.

•None applies no equalization to the generator.

•Relative applies the gain or loss specified in the 
EQ table to the current generator level for each 
channel.

•Absolute sets the generator level for all channels 
to the level specified in the EQ table. Note: when 
Absolute is selected, current channel level settings 
are lost.

Edit
If you have chosen to equalize the generator signal, 
you can edit the EQ table here. See Edit EQ Table on 
page 245.

Channels 
Select the channels to output the generated signal. By 
default, all available channels are selected.

Durations
The chirp stimulus time parameters are set here.

Pre-Sweep
To enable the DUT to stabilize before the beginning of 
the defined chirp sweep measurement, there is a vari-
able Pre-Sweep time. For Acoustic Response measure-
ments, the default for Pre-Sweep is 0 s. Minimum is 
0 s; maximum is 1 s. Longer Pre-Sweep settings allow 
more time for DUT stabilization, but increase measure-
ment time.

Sweep
The actual chirp sweep stimulus signal begins below 
the defined Start Frequency and is swept upward, 
reaching the Start Frequency at the end of the Pre-
Sweep time. The sum of the times in Pre-Sweep and 
Sweep is the total sweep length. The default for 
Sweep is 350.0 ms. Minimum is 100.0 ms; maximum 
is 5 s. Longer Sweep settings provide greater resolu-
tion and signal-to-noise ratio, but increase measure-
ment time.

Analyzer
There are no local filters available for this
measurement; the global filters in Signal
Path Setup > Input/Output will affect the
Continuous Sweep acquisition, if set. See
Chapter 102 for more information about fil-
tering.

Signal Processing
Extend Acquisition
By default, a continuous sweep measurement makes 
an acquisition slightly longer than the stimulus, to 
include possible time-delayed artifacts created in the 
DUT to be acquired and displayed. By default, the 



Chapter 26: Acoustic Response Measurements

APx500 User’s Manual 257

acquisition is extended 50 ms longer than the stimu-
lus.

In some cases, you may want to extend the acquisi-
tion further. Enter a new value in the Extend Acquisi-
tion By field. Minimum extension is 0 s; maximum is 
3 s.

Averages
Averaging several chirps can remove uncorrelated 
data from the results (for acoustic measurements, this 
is usually background noise). The chirp will be run the 
number of times set in the Averages field, and the 
results will be averaged for display. The maximum 
number of averages is 1000.

Mic Cal / dBSPL...
This button opens the Microphone Calibration / Set 
dBSPL, dbSPL2 dialog when not in Acoustic (Input) 
Mode, or  Microphone Calibration / Set dBSPL Per-
channel dialog when in Acoustic (Input) Mode. These 
dialogs are also available from the Signal Path Setup 
> Input Configuration and Signal Path Setup > Refer-
ences panels.

Nesting
Acoustic Response sweeps can be nested. Read about 
Nested Sweeps beginning on page 235.

Secondary Source (nested sweeps)
Select the secondary sweep source here. This is the 
outside, nesting parameter that is varied to change 
the conditions for the primary sweep through a num-
ber of iterations. Available choices are dependent 
upon instrument hardware, options, and Input/Output 
settings.

Advanced Settings
Advanced Settings include output level and offset set-
tings and input ranging settings. To view or modify 
these settings, click Advanced Settings. See Advanced 
Settings for chirp-based measurements on page 318.

Open Loop configuration
Acoustic Response results
Three Acoustic Response results are used to adjust for 
an optimal measurement:

•Impulse 
Response

•Energy Time 
Curve (ETC)

•Delay †

Acoustic Response controls, Open Loop
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Other results provide key Acoustic Response results:

* For an APx515 with the APX-SW-ACR option key, the 
Rub and Buzz results are not available. See page 241 
for more information.

† These results are not available in Open Loop configura-
tion.

The primary differences in Open Loop operation and 
Closed Loop operation are 

•signal generation and analysis are two separate 

operations, initiated using the  

and  buttons, and

•a pilot tone is generated as part of the stimulus 
signal, and is required for analysis. See Chirp with 
Pilot Tone on page 319 for illustrations and more 
information. Also see Mixed Delay Across Chan-
nels in Open Loop Chirp-based Acquisitions on 
page 320.

Append Graph Data  checkbox
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is  
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Open Loop  checkbox
For Open Loop configuration, be sure the Open Loop 
box is  checked.

When you check the Open Loop box , you will notice 
that the Acoustic Response user interface panel 
changes. The Start button is replaced with Generate 
and Analyze buttons, the Generator section has an 
additional Pilot Tone frequency control, a Pilot column 
is added to the Level controls, the Durations section 
has more controls, and Iterations, Trigger and Fre-
quency Correction controls have been added. Extend 
Acquisition has been removed.

Generate Button 
In Open Loop configuration, signal generation and 
analysis operations are separated. The first task is to 
define a Generator chirp stimulus with its associated 
pilot tone, and click Generate to output the signal to 
the connector selected in Signal Path Setup. In the 
case of None (External), a dialog will open where you 
can specify the location and format for the audio file 
to be recorded to the PC.

The signal definition made in the Generator also 
defines the signal characteristics expected by the Ana-
lyzer for the measurement. These are stored in the 
project file.

Analyze Button 
The second task is to present the output signal from 
the DUT to the selected analyzer Input connector and 
click Analyze. If the DUT output is an audio file, use 
File Input.

Generator
The Generator panel is replaced by the Gen-
erator Signal panel when Signal Path Setup
> Output Configuration is set to None (Exter-
nal). See below.

See Generator Waveforms and Controls in Chapter 6 
for detailed information about using the APx Genera-
tor and setting Waveform, Level and Frequency in vari-
ous contexts.

Be sure that you have set the generator
Level low enough that the loudspeaker will
not be damaged. Also, be sure you have set
the generator Start and Stop frequencies so
that the loudspeaker will not be damaged
by out-of-band signals. See page 252 for
more information.

Frequencies
Pilot Tone
In an open loop chirp measurement, a pilot tone pre-
cedes the chirp to synchronize the analyzer to the 
stimulus signal. Choose a frequency that is within a 
range expected to pass though your DUT without 
much change or interference. 200 Hz is the minimum 
pilot tone frequency; 40% of the sample rate is the 
maximum pilot tone frequency. 1 kHz is the default.

Start
Stop
These controls set the frequency range of the sweep. 
Available ranges vary with instrument type.

•RMS Level 
(Freq. Response)

•THD Ratio •Rub and Buzz 
Peak Ratio*

•Relative Level •THD Level •SoneTrac Resid-
ual Waveform

•Deviation •Distortion 
Product Ratio

•SoneTrac Rub and 
Buzz

•Phase † •Distortion 
Product Level

•Frequency Shift

•Group Delay † •Rub and 
Buzz*

•Acquired 
Waveform

•Level and 
Distortion

•Rub and 
Buzz Crest 
Factor*
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Note that the actual sweep stimulus signal
begins below the defined Start Frequency
and is swept upward, reaching the Start
Frequency at the end of the Pre-Sweep
time, as described below in Pre-Sweep and
Sweep Duration Fields. Further, the stimu-
lus signal is actually swept to 110% of the
designated Stop Frequency (or to the
Nyquist frequency, whichever is lower).

See page 316 for more about chirp sweep frequency 
ranges, which are dependent upon the instrument.

Levels
Levels Track Ch1  checkbox
If Level Tracks Ch1 is checked, all output channels are 
set to the level entered for channel 1. If it is 
unchecked, each channel can be set to a different 
output level.

Pilot
Set the pilot tone level here. Choose a level that is 
likely to provide a stable pilot tone after passing 
through your DUT. Available ranges vary with instru-
ment type and Global Vmax settings. Read more about 
Global Vmax on page 60. When saving to a file for 
smart speaker testing, set the pilot to a level in the 
same range as the speech signal, typically –3 dBFS.

Sweep
Set the chirp sweep level here. Available ranges vary 
with instrument type and Global Vmax settings.

DC Offset
Set any DC offset here. Available ranges vary with 
instrument type. See Generator Waveforms and Con-
trols in chapter 6 for a detailed explanation.

EQ
You can equalize the generator signal to make a pre-
emphasized stimulus. See Generator Equalization 
(page 245) for a general discussion of this feature.

Choosing generator equalization
Select None, Relative or Absolute from the EQ drop-
down menu.

•None applies no equalization to the generator.

•Relative applies the gain or loss specified in the 
EQ table to the current generator level for each 
channel.

•Absolute sets the generator level for all channels 
to the level specified in the EQ table. Note: when 
Absolute is selected, current channel level settings 
are lost.

Edit
If you have chosen to equalize the generator signal, 
you can edit the EQ table here. See Edit EQ Table on 
page 245.

Channels 
Select the channels to output the generated signal. By 
default, all available channels are selected.

Durations
The pilot tone and chirp stimulus time parameters are 
set here. See Chirp with Pilot Tone on page 319 for 
illustrations and more information.

Pilot Tone
Enter the duration of the pilot tone here. Choose a 
duration that is likely to provide a stable pilot tone 
after passing through your DUT, but is not longer than 
necessary. 200 ms is the default duration. The lower 
limit is 100 cycles of pilot tone (100 ms with a pilot 
frequency of 1 kHz); the upper limit is 5 s.

Note that the pilot tone is tapered at the
trailing end with a fixed 5 ms raised cosine
taper.

Post-Pilot Silence
Set the duration of the silence after the pilot tone but 
before the beginning of the chirp pre-sweep here. 
100 ms is the default duration. The lower limit is 
10 ms; the upper limit is 5 s.

Pre-Sweep
To enable the DUT to stabilize before the beginning of 
the defined chirp sweep measurement, there is a vari-
able Pre-Sweep time. For Acoustic Response measure-
ments, the default for Pre-Sweep is 0 s. Minimum is 
0 s; maximum is 1 s. Longer Pre-Sweep settings allow 
more time for DUT stabilization, but increase measure-
ment time.

Sweep
The actual chirp sweep stimulus signal begins below 
the defined Start Frequency and is swept upward, 
reaching the Start Frequency at the end of the Pre-
Sweep time. The sum of the times in Pre-Sweep and 
Sweep is the total sweep length. The default for 
Sweep is 350.0 ms. Minimum is 100.0 ms; maximum 
is 5 s. Longer Sweep settings provide greater resolu-
tion and signal-to-noise ratio, but increase measure-
ment time.

Additional Silence
APx inserts a mandatory minimum post-sweep silence 
at the end of the chirp, calculated in consideration of 
possible frequency shift (and therefore possible total 
duration changes) and other duration settings. The 
purpose of this silence is to adequately separate stim-
ulus signals in multiple iterations. You can optionally 
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insert more post-sweep silence here. Minimum is 0 s; 
maximum is 5 s.

Iterations
For an Acoustic Response measurement in open loop 
configuration, you have the option of defining a stimu-
lus (pilot tone plus chirp) that repeats a number of 
times. By default, Iterations is set to 1. You can 
increase the Iterations up to 1000.

Generator Signal
Generator Signal is only available if Signal Path Setup 
> Output Configuration is set to None (External). In 
this case, the Generator will create an audio file on 
the PC. The sample rate and number of channels are 
set here.

Audio File Settings
Sample Rate
Choose the sample rate for the audio file that will be 
generated.

Channels
Choose channel count for the audio file that will be 
generated.

When  is clicked, a Save Generator 
File (see page 468) dialog will open where you can 
specify the location and format for the audio file to be 
recorded to the PC.

Analyzer
In open loop configuration, the pilot tone is used to 
trigger the synchronous acquisition of the chirp, and to 
adjust the frequency of the acquisition, if necessary.

There are no local filters available for this
measurement; the global filters in Signal
Path Setup > Input/Output will affect the
Continuous Sweep acquisition, if set. See
Chapter 102 for more information about fil-
tering.

Trigger
An open loop chirp acquisition is triggered by the pilot 
tone. Passage of a test signal through a DUT can shift 
the frequencies of the test signal (usually because of 
clock/sample rate differences). Levels may be 
affected, and noise or other interfering signals may be 
added. 

The pilot tone must be of a sufficient level and within 
a defined range of frequency deviation (±3%) to trig-
ger the acquisition.

Input
Input selects the input that will trigger the acquisition 
if more than one input has been configured. If only 
one input has been configured, the control is hidden.

Channel
Auto selects the channel with the highest level pilot 
tone as the trigger channel. Alternatively, you can 
specify a specific channel from the menu.

Level Threshold
The Level Threshold is the minimum pilot signal level 
that will trigger an acquisition. The default is 50 mV.

Timeout
The trigger Timeout is the maximum time that the ana-
lyzer waits for a pilot tone trigger, after the Analyze 
button is clicked. The default value is 30 s.

Signal Processing
Frequency Correction
Passage of a test signal through a DUT can shift the 
frequencies of the entire signal, usually because of 
sample rate differences. In many cases, it is desirable 
to correct the frequencies of the acquisition so that 
they match the stimulus frequencies, and provide 
expected audio measurement results. In other cases, 
the distortions caused by this frequency shift are the 
important measurement results.

Passage of a test signal through a DUT can shift the 
frequencies of the entire signal, usually because of 
sample rate differences. In many cases, it is desirable 
to correct the frequencies of the acquisition so that 
they match the stimulus frequencies, and provide 
expected audio measurement results. In other cases, 
the distortions caused by this frequency shift are the 
important measurement results.

With Frequency Correction checked, APx will correct 
the frequency of the acquisition by comparing the fre-
quency of the incoming pilot tone with the frequency 
of the pilot tone in the project file.

Mic Cal / dBSPL...
This button opens the Microphone Calibration / Set 
dBSPL, dbSPL2 dialog when not in Acoustic (Input) 
Mode, or  Microphone Calibration / Set dBSPL Per-
channel dialog when in Acoustic (Input) Mode. These 
dialogs are also available from the Signal Path Setup 
> Input Configuration and Signal Path Setup > Refer-
ences panels.

Nesting
The Nesting > Secondary Source control is not avail-
able when Acoustic Response is in Open Loop configu-
ration.
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Advanced Settings
Advanced Settings include output level and offset set-
tings and input ranging settings. To view or modify 
these settings, click Advanced Settings. See Advanced 
Settings for chirp-based measurements on page 318.

Impulse Response

The Impulse Response provides a graphical display of 
the IR of the loudspeaker and acoustic space. This 
view is useful in setting up an acoustic measurement 
in conjunction with the Energy Time Curve view, using 
the Time Window. For more information about impulse 
response, see page 313. 

Time Window controls
These controls duplicate the controls available in the 
Time Window Settings dialog and on the ETC result 
panel.

Window...
The Window  button opens the Time Window 
Settings dialog, discussed on page 252.

Auto:
When Auto is checked, the Time Window Start time is 
automatically set. See page 252.

Start:
When Auto is not checked, you can enter a Time Win-
dow Start time here. Alternatively, you can drag the 
Time Window Start on the graph using the mouse cur-
sor. Use the drop-down menu  to select Time Win-
dow units.

End
You can enter a Time Window End time here. Alterna-
tively, you can drag the Time Window End on the graph 
using the mouse cursor. Use the drop-down menu  
to select Time Window units.

Display Interpolation
For time-domain displays such as Impulse Response, 
ETC and Acquired Waveform, the APx500 graphs are 
normally plotted using sinc function interpolation. 
Interpolation adds points to the displayed trace that 
do not exist in the measured data, to make data 
trends more easily visualized. The default in APx is to 
have Interpolation On for time-domain displays. How-
ever, digital domain signals are sometimes best 
understood when viewing actual samples, with inter-
polation switched Off. Go to Graph Properties (page 
763) to set interpolation On or Off.

Interpolation can cause limit failure markers to appear 
to be in an incorrect location. See “Interpolation and 
limit failure markers” on page 800 for an explanation.

Units
Units available for Impulse Response are:

Energy Time Curve (ETC)

The Energy Time Curve (ETC) provides a graphical dis-
play of the ETC of the loudspeaker and acoustic 
space. This view is useful in setting up an acoustic 
measurement. See More About the Energy Time Curve 
on page 270.

Time Window controls
These controls duplicate the controls available in the 
Time Window Settings dialog and on the Impulse 
Response result panel.

X-axis
Y-axis 
same-domain

Y-axis 
cross-domain

•s (seconds) •x/y •D/V
— or—
•V/D
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Units
Units available for Energy Time Curve are:

Level (Frequency Response)

The Level result provides a graphical display of the fre-
quency response of the loudspeaker.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Units
Units available for Acoustic Response Level are:

Relative Level

The Relative Level result is a continuous sweep mea-
surement that provides a graphical display of the fre-
quency response of each channel. In this result the 
DUT output level is plotted against frequency, relative 
to the level at a selected frequency set in the Ref Fre-
quency field.

This enables you to specify the frequency that will be 
set as 0 dB and view the response in relation to that 
frequency. A midband frequency such as 1 kHz is 
often set as the reference frequency, and is the 
default here.

Mode
Normalized at Reference
Enter a reference frequency for normalization in the 
Ref Frequency field. The measured level at the fre-
quency you choose is set as 0 dB on the graph, and 
the DUT response is plotted in relation to this refer-
ence. You can change the Ref Frequency at any time 
(except after appending) and the graph will immedi-
ately be redrawn to reflect the new setting.

Auto-Centered in Limits
This control is only usable if upper and lower limits are 
set on this graph. In some applications, the general 
conformance of a trace to the shape of a set of limits 
is of importance, with absolute level less important or 
irrelevant. Auto-Centered in Limits centers the data 
trace relative to the upper and lower limits. To exclude 
possible exceptional data points at frequency 
extremes, the frequency range that is considered for 
the centering operation is constrained by the values in 
the Min and Max fields. 

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

X-axis Y-axis (analog) Y-axis (digital)

•s •Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Ref Frequency
Choose a Reference Frequency here.

Units
Units available for Acoustic Response Relative Level 
are:

Deviation

The Acoustic Response Deviation result is a single 
value measurement computed from the continuous 
sweep acquisition. In this result the frequency devia-
tion (the total range of frequency variation) of each 
channel is displayed as a meter bar. You can specify a 
minimum and maximum frequency to define the range 
be considered in the deviation measurement.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Min
Set the minimum frequency of the range of interest 
here.

Max
Set the maximum frequency of the range of interest 
here.

Smoothing
Octave smoothing is a common technique in loud-
speaker response measurement, useful in revealing 
trends by smoothing out anomalies in the response 
curve. The APx500 implementation uses a hybrid FFT 
bin averaging and interpolation technique to achieve 
smooth results even at very low bin densities.

Smoothing effectively passes the raw response data 
through a constant-Q bandpass filter that is swept 
with the continuous sweep signal. The bandwidth of 
this filter is selected in the Smoothing field.

Units
Units available for Acoustic Response Deviation are

•dB

Delay

This result is not available in open loop con-
figuration.

The Acoustic Response Delay result is a single value 
measurement computed from the impulse response. 
Delay displays the time delay between the generator 
output and analyzer input for each channel. For Acous-
tic Response testing, this is effectively the acoustic 
delay between the loudspeaker and the measure-
ment microphone.

This result is primarily useful for setting up an Acous-
tic Response test, in conjunction with the ETC view 
and the Impulse Response view. 

Units
Units available for Acoustic Response Delay are

•s (seconds)

•ft (feet)

•m (meters)

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Phase

This result is not available in open loop con-
figuration.

The Acoustic Response Phase result is a continuous 
sweep measurement that displays the DUT output 
phase for each channel, plotted against frequency.

See page 408 for more information about phase mea-
surements.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Mode
Acoustic Response Phase has four result modes:

Relative to Ch1
In this mode, the absolute phase of channel one is 
subtracted from the absolute phase of channels num-
bered greater than 1. The result is plotted against fre-
quency for each channel numbered 2 and above, 
showing the phase difference (from channel 1) for 
each channel. Since channel 1 is used as the refer-
ence, it is not plotted in this result. This mode shows 
“unwrapped” phase differences.

Input-to-output
In the input-to-output mode, the absolute phase of 
each channel, from device input to device output, is 
plotted against frequency, “unwrapped.” Input-to-out-
put mode includes device delay.

Input-to-output, wrapped
This mode shows the same result as input-to-output 
phase, but “wrapped” within the range of –180° to 
+180°.

Input-to-output, excess
This mode shows the input-to-output phase 
(unwrapped), but removes the linear component (the 
average group delay of the system), leaving the 
“excess phase.” 

Some devices have linear phase only over a portion of 
their passband. For such devices, including frequency 
ranges where the phase is non-linear affects the 
excess phase result, which becomes dependent on 
the stop frequency of the measurement. Although the 
measurement is technically correct, the variation of 
the result with stop frequency is disconcerting and not 
particularly useful.

You may (optionally) use the Min: and Max: settings to 
set the expected linear phase range of the device 
under test. For this result, the device delay is com-
puted as the best linear fit to the phase data between 
the Min frequency and the Max frequency. Excess 
phase is then computed as the difference from the lin-
ear fit.

Min and Max frequencies cannot extend beyond 
sweep Start and Stop frequencies.

See page 309 for more information about wrapped 
and unwrapped phase.

Units
Units available for Acoustic Response Phase are:

Group Delay

This result is not available in open loop con-
figuration.

Group delay is a measure of the rate of change of 
phase shift as a function of frequency. Group delay 
can also be described as a time delay of a group of 
frequencies with respect to the generator.

X-axis Y-axis 

•Hz •deg
•dHz •rad
•F/R
•%Hz
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The Group Delay result is a continuous sweep mea-
surement that displays the group delay measured in 
each channel, plotted against frequency.

Units
Units available for Acoustic Response Group Delay are:

Level and Distortion

The Acoustic Response: Level and Distortion result is 
a continuous sweep measurement that provides a 
graphical display of the fundamental level vs. fre-
quency and the distortion level vs. frequency of the 
loudspeaker connected to each channel, plotted on 
the same graph. Distortion curves included total dis-
tortion level, H2 distortion level and H3 distortion 
level.

Units
Units available for Acoustic Response Level and Dis-
tortion are:

THD Ratio

The THD Ratio result is a continuous sweep measure-
ment that provides a graphical display of the har-
monic distortion response of each channel. In this 
result the ratio of the level of the THD (total harmonic 
distortion) to the total signal in the DUT output is plot-
ted against frequency.

See page 310 for more information about THD.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Calculation Mode
Select the calculation method for computing distor-
tion ratios. Options are:

•IEC

•IEEE

The IEC calculation method takes the sum of the har-
monics as the numerator and the sum of the harmon-
ics plus the fundamental as the denominator.

The IEEE calculation is made by taking the sum of the 
harmonics as the numerator and the fundamental as 
the denominator. See More About Calculation Mode 
on page 451.

Normalized Checkbox
Results can be normalized by checking the Normalize 
checkbox. Normalized results can eliminate distortion 
artifacts caused by external sources of distortion like 
room reflections. See More about Normalized Results 
on page 451.

X-axis Y-axis

•Hz •s (seconds)
•dHz
•F/R
•%Hz

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Units
Units available for Acoustic Response THD Ratio are:

THD Level

The THD Level result is a continuous sweep measure-
ment that provides a graphical display of the har-
monic distortion response of each channel. In this 
result the level of the THD (total harmonic distortion) 
in the DUT output is plotted against frequency.

See page 310 for more information about THD.

Units
Units available for Acoustic Response THD Level are:

Distortion Product Ratio

The Acoustic Response Distortion Product Ratio result 
is a continuous sweep measurement that provides a 
graphical display of the selected harmonic distortion 
products present in each channel. In this result the 
ratio of the level of the selected harmonic distortion 
product to the fundamental in the DUT output is plot-
ted against frequency.

Additional Controls for Distortion Prod-
uct Ratio
Calculation Mode
Select the calculation method for computing distor-
tion ratios. Options are:

•IEC

•IEEE

The IEC calculation method takes the sum of the har-
monics as the numerator and the sum of the harmon-
ics plus the fundamental as the denominator.

The IEEE calculation is made by taking the sum of the 
harmonics as the numerator and the fundamental as 
the denominator. See More About Calculation Mode 
on page 451.

Normalized Checkbox
Results can be normalized by checking the Normalize 
checkbox. Normalized results can eliminate distortion 
artifacts caused by external sources of distortion like 
room reflections. See More about Normalized Results 
on page 451.

Harmonics
For a graph of the ratio of one specific harmonic prod-
uct to the signal level, select Single Harmonic and set 
the Harmonic Number to your choice, from 2nd har-
monic to 20th harmonic.

For a graph of the sum of the levels of any combina-
tion of harmonic products (from H2 through H20), 
divided by the signal level, select Sum of Harmonics. 

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Then click Select Harmonics... to open a result defini-
tion dialog.

Units
Units available for Acoustic Response Distortion Prod-
uct Ratio are:

Distortion Product Level

The Acoustic Response Distortion Product Level result 
is a continuous sweep measurement that provides a 
graphical display of the selected harmonic distortion 
products present in each channel. In this result the 
level of the selected harmonic distortion product in 
the DUT output is plotted against frequency.

Additional Controls for Distortion Prod-
uct Level
Harmonics
For a graph of the level of one specific harmonic prod-
uct, select Single Harmonic and set the Harmonic 
Number to your choice, from 2nd harmonic to 20th 
harmonic. 

For a graph of the level of the sum of several or all 
harmonic products (from H2 through H20), select Sum 
of Harmonics, then click Select Harmonics... to open a 
result definition dialog.

Units
Units available for Acoustic Response Distortion Prod-
uct Level are:

Rub and Buzz

Rub and Buzz good result

Rub and Buzz poor result

For an APx515 with the APX-SW-ACR option
key, the Rub and Buzz results are not avail-
able. See page 241 for more information
about software options.

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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The Acoustic Response: Rub and Buzz result uses a 
log chirp measurement to display the Rub and Buzz 
Crest Factor and Peak Ratio for each channel. See 
More about Loudspeaker Testing on page 271 for a 
more detailed discussion of using rub and buzz and 
modulated noise in loudspeaker testing.

Rub and Buzz presents two results on one dual axis 
graph. In the APx implementation, detection of rub 
and buzz requires a simultaneous interpretation of 
both of these results; a rub and buzz crest factor 
result is plotted in reference to the left Y-axis, and a 
rub and buzz peak ratio result is plotted in reference 
to the right Y-axis. Limit behavior is different on a 
graph with dual axes. See Drawing limits for XY Graphs 
(dual axis) on page 795 and Editing limits for XY 
Graphs (dual axis) on page 795.

For convenience, the Rub and Buzz Crest Factor and 
the Rub and Buzz Peak Ratio graphs are also avail-
able as independent results (shown next), displaying 
the same data as the corresponding axis of the com-
bined Rub and Buzz result described in this topic.

Additional Controls for Rub and Buzz
High-pass Factor
The data plotted on these graphs is high-pass filtered 
to reveal the rub and buzz signature results. The filter 
tracks the chirp stimulus frequency, moving upward 
with the sweep. The corner frequency of the filter is 
the product of the instantaneous chirp frequency mul-
tiplied by the High-pass Factor, which can be set in the 
range from 5 to 30. This results in a graph where the 
X-axis represents the stimulus frequency, and the plot-
ted data represent the much higher frequency sounds 
generated by the interaction of the stimulus fre-
quency with loose particles or rubbing components 
within the loudspeaker system. For interpretation of 
the results, see More About Loudspeaker Testing on 
page 271.

Units
Units available for Rub and Buzz are:

Rub and Buzz Crest Factor
This result is the Crest Factor trace from the Rub and 
Buzz result, displayed without the overlay of the Peak 
Ratio trace.

Rub and Buzz Peak Ratio
This result is the Peak Ratio trace from the Rub and 
Buzz result, displayed without the overlay of the Crest 
Factor trace.

SoneTrac Residual Waveform

The Acoustic Response: SoneTrac Residual Waveform 
result provides a view of the residual waveform in a 
time-domain XY graph. The waveform data can be 
exported as a WAV file for later analysis or playback. 

Additional Controls for SoneTrac Resid-
ual Waveform
High-pass Factor
The data plotted on these graphs is high-pass filtered 
to reveal the rub and buzz signature results. The filter 
tracks the chirp stimulus frequency, moving upward 
with the sweep. The corner frequency of the filter is 
the product of the instantaneous chirp frequency mul-
tiplied by the High-pass Factor, which can be set in the 
range from 1 to 20 and can be entered as a decimal 
fraction to two decimals. This results in a graph where 
the X-axis represents the stimulus frequency, and the 
plotted data represent the much higher frequency 
sounds generated by the interaction of the stimulus 
frequency with loose particles or rubbing components 
within the loudspeaker system. For interpretation of 
the results, see More About Loudspeaker Testing on 
page 271.

High-pass Frequency 
Isolate relevant frequencies from lower frequencies to 
tune SoneTrac Rub and Buzz results by modifying the 
High-pass Frequency value. Frequencies between 5 Hz 
and 100 MHz can be entered as a decimal fraction to 
two decimals. The default High-pass Frequency is 20 
Hz.

Low-pass Frequency
Isolate the relevant frequencies from higher frequen-
cies to tune SoneTrac Rub and Buzz results by adding 
a low-pass filter. Frequencies between 5 Hz and 100 

X-axis Y-axes

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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MHz can be entered as a decimal fraction to two deci-
mals. The default Low-pass Frequency is 2 kHz.

Controls are not available for imported data
or saved project data.

Units
Units available for SoneTrac Residual Waveform are:

SoneTrac Rub and Buzz

The Acoustic Response: SoneTrac Rub and Buzz is an 
XY result that displays rub and buzz effects produced 
by defects within a loudspeaker. In addition to the 
High-pass Factor control shared with the legacy Rub 
and Buzz result, it has additional controls to filter out 
noise and isolate the rub and buzz effects on the 
graph. 

Additional Control for SoneTrac Rub 
and Buzz
High-pass Factor
The data plotted on these graphs is high-pass filtered 
to reveal the rub and buzz signature results. The filter 
tracks the chirp stimulus frequency, moving upward 
with the sweep. The corner frequency of the filter is 
the product of the instantaneous chirp frequency mul-
tiplied by the High-pass Factor, which can be set in the 
range from 1 to 20 and can be entered as a decimal 
fraction to two decimals. This results in a graph where 
the X-axis represents the stimulus frequency, and the 
plotted data represent the much higher frequency 
sounds generated by the interaction of the stimulus 
frequency with loose particles or rubbing components 
within the loudspeaker system. For interpretation of 
the results, see More About Loudspeaker Testing on 
page 271.

High-pass Frequency 
Isolate relevant frequencies from lower frequencies to 
tune SoneTrac Rub and Buzz results by modifying the 
High-pass Frequency value. Frequencies between 5 Hz 
and 100 MHz can be entered as a decimal fraction to 

two decimals. The default High-pass Frequency is 20 
Hz.

Low-pass Frequency
Isolate the relevant frequencies from higher frequen-
cies to tune SoneTrac Rub and Buzz results by adding 
a low-pass filter. Frequencies between 5 Hz and 100 
MHz can be entered as a decimal fraction to two deci-
mals. The default Low-pass Frequency is 2 kHz.

Decimation
Set the decimation factor here. Decimation reduces 
data points and smooths result graphs. Supported 
decimation factors are:

•None

•1/24 Octave

•1/12 Octave

•1/6 Octave

•1/3 Octave

Detector
When a decimation other than None is selected, 
choose one of the following detector methods:

•RMS

For each selected frequency, an Nth-octave band-
pass filter is centered on the frequency and the 
bandpass RMS value is computed and displayed.

•Peak
For each selected frequency, the peak value of the 

frequencies in the Nth-octave bandwidth centered 
on the frequency is found and displayed.

Controls are not available for imported data
or saved project data.

Units
Units available for SoneTrac Rub and Buzz are:

X-axis Y-axis

•s (seconds) •V

X-axis Y-axes

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Acoustic Response: Frequency 
Shift

This result is not available in Closed Loop
Configuration.

The Acoustic Response: Frequency Shift result is a sin-
gle value result computed by comparing the fre-
quency of the acquired pilot tone with the generated 
pilot tone in an open loop measurement. In this view 
the degree of frequency shift of each channel is dis-
played as a meter bar. 

Units
Units available for Acoustic Response: Frequency Shift 
are

•%

•ppm

Acquired Waveform

The Acquired Waveform view is a continuous sweep 
measurement that displays the acquired waveform for 
each channel. Acquired waveform is plotted against 
time.

Interpolation
For time-domain displays, the APx500 graphs are nor-
mally plotted using sinc function interpolation. Interpo-

lation adds points to the displayed trace that do not 
exist in the measured data, to make data trends more 
easily visualized. The default in APx is to have Interpo-
lation On. However, digital domain signals are some-
times best understood when viewing actual samples, 
with interpolation switched Off. Also see “Interpola-
tion and limit failure markers” on page 800.

Units
Units available for Acquired Waveform are:

More about ETC
The acquired Acoustic Response data is transformed 
into the frequency domain where further processing is 
performed, including the application of a Hilbert Trans-
form. This result is then inverse transformed back to 
the time domain for display. This result is commonly 
called the energy time curve, or ETC.

The ETC is only an approximation of the actual energy 
arriving at the microphone, since this energy can 
never be known without the simultaneous measure-
ment of both the velocity and the pressure of the 
sound; the term energy time curve is actually a misno-
mer. A more accurate term sometimes found in techni-
cal papers is the “analytic signal magnitude,” but as 
“energy time” has become common usage that term 
is used here.

Interpretations of ETC measurements can be mislead-
ing. The Energy Time Curve view is included in Acous-
tic Response as an aid in identifying first reflections 
for optimal setting of the Time Window. 

The energy time curve is useful for determining arrival 
times and relative energy distribution in time. It is the 
log magnitude of the impulse response, and may be 
considered as similar to the envelope of the IR, trac-
ing along the top of the IR curve but not showing any 
of the negative excursions.

Legacy Time Windows
Acoustic Response time windowing features have 
been made more powerful and flexible with version 
4.2. Some users may find it desirable to maintain the 
Time Window shapes available in earlier versions. The 
Time Window in APx version 4.2 can be set to match 
the windows used in earlier versions, which are dis-
cussed next.

X-axis Y-axis (analog) Y-axis (digital)

•s (seconds) •V •D
•hex
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Time Windows in APx500 v2.x through 
v4.0

The Time Window available in APx v 2.x through v4.0 
used AP-Equiripple-shaped tapers and Track Peak. 
The start taper was fixed at 90% of the A region, and 
the end taper was fixed at 95% of the B region. Read a 
description of Track Peak on page 253. 

Time Windows in APx500 v4.1
The Time Window available in APx 4.1 used Hann-
shaped tapers and Track Peak. The start taper was 
fixed at 100% of the A region, and the end taper was 
fixed at 100% of the B region. Read a description of 
Track Peak on page 253. 

More about Loudspeaker Testing
Loudspeakers can exhibit faults in several domains.

Response measurements
Loudspeaker response measurements focus on fre-
quency, phase and distortion response at one or more 
level settings. Log-swept sine (chirp) measurements 
such as APx Acoustic Response are particularly effec-
tive for loudspeaker response measurements; 

stepped sine measurement and impulse response 
measurements can also be useful.

Rub and Buzz detection
Mechanical defects, such as a rubbing coil or parti-
cles in the gap, can introduce a number of different 
spurious signals into the acoustic output of a loud-
speaker system. Rub and buzz signals are characteris-
tically of higher frequency than the stimulus tone that 
excites the defect, and are of high crest factor. 

In the Audio Precision implementation (see page 267), 
rub and buzz is detected by a process that first uses 
high-pass filtering, providing a residuals-only signal. 
The filter corner frequency slides upward during the 
measurement, tracking a multiple of the chirp stimu-
lus frequency. This is followed by a crest factor mea-
surement of the filtered residual, and a peak ratio 
measurement of the filtered residual vs. the unfil-
tered rms signal.

•Rub and buzz crest factor = residual signal peak / 
residual signal RMS.

•Rub and buzz peak ratio = residual signal peak / 
main (unfiltered) signal RMS. 

A combination of high residuals crest factor (above 
12 dB) and high peak ratio (above –40 dB) is a reli-
able indicator of a rub and buzz defect.

In APx500, rub and buzz detection is provided as an 
additional result to the Acoustic Response measure-
ment. Both crest factor and peak ratio are shown on 
the same graph, using dual axes. The graph traces 
can be scaled and panned so that results indicating a 
defect fall on the same area of the graph, providing a 
helpful visual correspondence.

Because rub and buzz defects are impulsive and not 
periodic, averaging of results is not recommended. 
Averaging can make the defect signature disappear 
entirely.

Air Leak detection
Loudspeaker designs may specify a completely sealed 
enclosure, or an enclosure vented with acoustic ports. 
In either case, air leaks can degrade the perfor-
mance, and can add spurious signals to the acoustic 
output of the system. A Modulated Noise ratio mea-
surement is provided in software option SW-SPK-RD 
and SW-SPK-PT as an air leak detection tool. 

Read about Modulated Noise and air leak detection 
on page 480.

Impedance/Thiele-Small
See Chapter 55.

The Impedance/Thiele-Small measurement measures 
the complex impedance of a loudspeaker driver, pro-
viding impedance response curves and Thiele-Small 
parameters.
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Loudspeaker Production Test
See Chapter 62.

In addition to a measurement microphone, if your APx 
analyzer does not have the following built-in capabili-
ties, external versions are required for Loudspeaker 
Production test:

•power amplifier

•microphone power supply

•sense resistor for impedance measurements

An acoustic isolation chamber is optional.

The two types of measurements are

•an acoustic measurement, providing frequency 
response, phase, distortion and rub and buzz 
results
and

•an electromechanical impedance measurement, 
providing impedance response curves and a sub-
set of Thiele-Small parameter results.

The underlying technologies used for Loudspeaker 
Production Test measurements are the Log Chirp and 
Fast Sweep stimulus signals, which provide both 
acoustic and impedance results in one fast measure-
ment.
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ANSI S3.22 IMD Frequency Sweep
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

IMD measurements use two tones of different fre-
quencies summed into a stimulus signal. For the ANSI 
S3.22 IMD Frequency Sweep measurement, one fre-
quency (F1) is drawn sequentially from the sweep 
table, while the other frequency (F2) is equal to the F1 
frequency minus the difference frequency (125 Hz).

At each step of the sweep, the total frequency distor-
tion is computed as the ratio of the RMS sum of the 
selected distortion products to the RMS sum of the 
measured fundamentals (F1 and F2), and plotted as a 
function of F1.

The following equation shows the method used to get 
the total difference frequency distortion percentage:

Where 

An = amplitude of the nth distortion product

Af1, Af2 = amplitude of the stimulus signal

The results are displayed as a Total Difference Fre-
quency Distortion result, with the swept frequency on 
the X-axis and the Total Difference Frequency Distor-
tion on the Y-axis.

The ANSI S3.22 IMD Frequency Measurement pro-
duces two results: Total Difference Frequency Distor-
tion and Difference Frequency Distortion.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Measurement
For a default sweep of 400 Hz to 5.0 kHz in 45 steps, 
simply click Start. If you want to specify other parame-
ters for your sweep, review Generator settings, dis-

100
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cussed below. Click Start when you have configured 
the settings.

Append Graph Data
Measured data are grouped in a Data Set (see page 
240), which contains all acquisition results. Normally, 
the current graph data are deleted each time you start 
a new measurement. If the Append Graph Data box is 

 checked, previous data are retained and grouped 
as additional data sets, as are any imported data. The 
Data Sets Panel displays the Data Set(s) in the mea-
surement, and provides a visibility checkbox, a Time 
acquisition field, and a Notes field for each data set. 
You can append many data sets.

Generator
ANSI S3.22 IMD Frequency Sweep measurements are 
made in a closed-loop configuration.

Start Frequency 1
Set the sweep start frequency here. The default is 400 
Hz.

Start Frequency 2
Displays the starting frequency for the second fre-
quency, which is 125 Hz lower than Start Frequency 1 
(f1 - 125 Hz). It is for informational purposes only, and 
is not editable.

Stop Frequency 1
Set the sweep stop frequency here. The default is 5 
kHz.

Stop Frequency 2
Displays the ending frequency, which is 125 Hz lower 
Stop Frequency 1 (f1 - 125 Hz). It is for informational 
purposes only, and is not editable.

Level
Set the Level here. The level should be adjusted so 
that the total level of f1 and f2 is 65 dB SPL.

Split
The Split setting defeats the summing of the two IMD 
frequencies within the generator. Instead, the signals 
are “split” and routed independently to channel 
outputs. Frequency 1 is routed to even-numbered 
channels, and Frequency 2 is routed to odd-numbered 
channels. 
Acoustic testing of microphones sometimes uses two 
stimulus loudspeakers, each with a single frequency 
component of an IMD stimulus. The stimulus signals 
are summed acoustically at the microphone element. 
This method provides a distortion result for the 
microphone while minimizing the distortion 
contributions of the loudspeakers.

Offset
Set any DC offset to the generator signal here.

Sweep
Set the sweep type. Options are:

•Logarithmic; use the Points field to set the number 
of logarithmically-spaced points. 

•Linear, which provides two methods of adjusting 
spacing: the Points fields or the Step Size field. 

•ISO R-Series (the default), which provides a selec-
tion of standard frequency points based on the 
ISO 3 series of preferred numbers. Select from the 
following ISO Spacing options:
R10 (1/3rd Octave)
R20 (1/6th Octave)
R40 (1/12th Octave)
R80 (1/24th Octave)

•Custom. Click Edit to open the Data Points dialog, 
where you can set points arbitrarily, or load or save 
sweep table files. 

Points > Edit
Open the Data Points dialog to edit, import or export 
the sweep points table. 

Advanced Settings
Advanced settings include Input Range and Settling. 
To view or modify these settings, click Advanced Set-
tings. See page 427.

Result Details
See Chapter 109 for more information about units of 
measurement.

ANSI S3.22 IMD Frequency Sweep: 
Total Difference Frequency Distortion

The ANSI S3.22 IMD Frequency Sweep: Total Differ-
ence Frequency Distortion result is an X/Y measure-
ment that provides a graphical display of the total 
difference frequency distortion, which is computed in 
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accordance with the ANSI S3.22 recommendation for 
hearing aid measurements. 

Units
Units available for ANSI S3.22 IMD Frequency Sweep: 
Total Difference Frequency Distortion:

ANSI S3.22 IMD Frequency Sweep: 
Difference Frequency Distortion

The ANSI S3.22 IMD Frequency Sweep: Difference 
Frequency Distortion result plots the difference fre-
quency distortion as a function of F1, with the graph 
showing a trace for each of F2, -d3, and -d2, with each 
trace plotted vs. F2. If multiple input channels are 
measured, traces for different input channels can be 
displayed by selecting the desired channel from the 
channel menu in the Results Settings bar.

Units
Units available for ANSI S3.22 IMD Frequency Sweep: 
Difference Frequency Distortion:

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis Y-axis (Acoustic)

•Hz •Vrms •dBSPL
•dHz •dBV •Pa
•F/R •dBu
•%Hz •dBrA

•dBrB
•DBSPL1
•DBSPL2
•dBm
•W (watts)
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Bandpass Frequency Sweep
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

The Bandpass Frequency Sweep measurement uses a 
sine wave stimulus signal that is moved across a 
range of frequencies in a specified number of points. 
The results are filtered using a bandpass filter that 
tracks the sweep frequency. Choose the filter width 
with the Selectivity control. X axis is generator fre-
quency; Y axis is DUT output.

Bandpass Frequency Sweep measurement results 
available in APx500 are:

All of these results are available from a single mea-
surement.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Start
For a default sweep of 20 kHz to 20 Hz in 31 logarith-
mic steps, simply click Start. If you want to specify 
other parameters for your sweep, review Generator 
and Analyzer settings, discussed below. Click Start 
when you have approved the settings.

Append Graph Data
Normally, the current graph data for all results is 
deleted each time you start a new measurement. If 
the Append box is checked, the current data is kept in 
memory as a Data Set (see page 240), and the new 

measurement data is appended as a new data set. 
You can append many Data Sets.

•RMS Level •Relative Level •Peak Level
•Gain •Deviation •Average Jitter 

Level
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Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

Waveform
Select Sine for a closed loop measurement using the 
internal generator. If you select Browse for file to 
choose a generator waveform file, see “Using Sweep 
Tables with Stepped Frequency Sweep Measure-
ments” on page 599.

High Performance Sine Generator / DAC Genera-
tor
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Start Frequency
Set the sweep start frequency here.

Stop Frequency
Set the sweep stop frequency here.

Sweep
Choose

•Logarithmic point spacing 

•Linear point spacing 

•ISO R-Series point spacing 

•Custom
Edit sweep spacing and number of Points to cre-
ate a Custom sweep. 

ISO Spacing
For ISO R-Series sweeps, select the ISO Spacing here. 
Choose

•R10 (1/3rd Octave), which sets points using the 
1/3 octave preferred values.

•R20 (1/6th Octave), which sets points using the 
1/6 octave preferred values.

•R40 (1/12th Octave), which sets points using the 
1/12 octave preferred values.

•R80 (1/24th Octave), which sets points using the 
1/24 octave preferred values.

Points
For Logarithmic or Linear, set the number of sweep 
points here.

Points > Edit
Open the Data Points dialog to edit, import or export 
the sweep points table.

Step Size
For linear sweeps, enter the Step Size here.

Level
Set the signal level here. This level may be changed if 
generator equalization is used, and can be adjusted 
on a per-channel basis in Advanced Settings (see 
page 600).

Offset
Set any DC offset to the generator signal here.

EQ
You can optionally modify the sweep with by applying a 
equalization curve to the generator. See Generator 
Equalization on page 245 for a general discussion of 
this feature. Choose

•None, which applies no equalization to the genera-
tor. 

•Relative, which applies the gain or loss specified 
in the EQ table to the current generator level for 
each channel. 

•Absolute, which sets the generator level for all 
channels to the levels specified in the EQ table.
Note: when Absolute is selected, current channel 
level settings are lost. 

Click the Edit button to create or change the EQ curve. 
See the Edit EQ Table dialog discussion on page 245.

Channels
Toggle specific output channels on or off by clicking on 
the Channel number button.

Analyzer
This measurement can be configured to measure jit-
ter in Signal Path Setup > Input > Measure. Read 
detailed information about jitter generation and mea-
surement beginning on page 104.

Filters
This measurement uses a tunable band-
pass filter. No local low pass, high pass or
weighting filters are available for this mea-
surement. 
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment. Read more about APx Filters in Chap-
ter 102.
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Selectivity
In the Bandpass Frequency Sweep measurement you 
can choose from a number of bandpass filter widths 
using the Selectivity control. The list is ordered from 
narrowest at the top, to widest at the bottom. The fil-
ter is tuned to the APx generator frequency, and fol-
lows the sweep.

•Window width
This is the window width of the underlying FFT, typ-
ically only a few hertz wide. This selection has very 
steep skirts and a flat top.

•1/24 octave
This selection has –3 dB points that are 1/24 
octave apart.

•1/12 octave
This selection has -–3 dB points that are 1/12 
octave apart.

•1/9 octave
This selection has –3 dB points that are 1/9 
octave apart.

•1/6 octave
This selection has –3 dB points that are 1/6 
octave apart.

•1/3 octave
This selection has –3 dB points that are 1/3 
octave apart.

•1 octave
This selection has –3 dB points that are 1 octave 
apart.

All of the “x octave” filters are equivalent to
second-order analog bandpass filters, with
6 dB/octave skirts. Q is chosen to achieve
the specif ied bandwidth at the –3 dB
points.

File List

This control is available if the Input Configuration in 
Signal Path Setup is set to one of the two File choices. 
Read more about analyzing audio files in Chapter 24. 

Sweep Table
The Sweep Table menu, and the Points,
View/Edit and Track Channel controls dis-
cussed below, are not shown for a closed
loop sweep that uses the internal genera-

tor. In that case, the stimulus sweep defini-
tion is directly available to the analyzer and
these controls are unnecessary.

When the measurement is configured so that the 
stimulus sweep definition is not available to the ana-
lyzer (in External Source, Generator Waveform or File 
Input configurations), you must select a Sweep Table 
(see page 599) that matches the definition of the 
sweep you are using.

The Sweep Table menu lists the embedded sweep 
tables and any new tables that have been added to 
the project. Select a table from the Sweep Table 
menu, or choose Create New or Browse for a sweep 
table file.

Points
This field displays the number of points in the sweep 
points table provided to the analyzer.

View / Edit
For embedded sweep tables, click View (see page 
599) to view or export the table, or to create a WAV file 
from the table. For other sweep tables, click Edit to 
edit, view or export the table, or to create a WAV file 
from the table (see page 600).

Selectivity
See the Selectivity discussion on the previous page.

Track Channel
When using a sweep table (in External Source, Gener-
ator Waveform or File Input configurations), the ana-
lyzer must determine the relation of the incoming 
signal to the sweep table. When Auto is selected, the 
analyzer continually polls the all channel inputs 
throughout the sweep, switching between channels as 
necessary to track the input with the highest signal 
level.

Alternatively, you can select a specific input channel 
for the analyzer to use for sweep tracking.

Advanced Settings
If your test requires special adjustments or settings, 
click Advanced Settings. See page 600. See Chapter 
109 for more information about units of measure-
ment.

Data Set
If you have appended or imported graph data, the 
Data Set panel in the area beneath the graph display 
will be populated. Choose the data set(s) to be dis-
played on the graph. See page 240 for more informa-
tion about Data Sets.
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RMS Level

Bandpass Frequency Sweep: RMS Level results uses a 
sine wave stimulus signal that is moved across a 
range of frequencies in a specified number of points. 
This is the conventional frequency response sweep, 
bandpass filtered.

Units
Units available for Bandpass Frequency Sweep Level 
results are:

Gain

Gain is a Bandpass Frequency Sweep result that pro-
vides a graphical display of the voltage gain in each 
channel. In this result the DUT gain is plotted against 
frequency. The Bandpass Frequency Sweep Gain mea-
surement is not available in External Source configura-
tion.

Gain results are not available when Exter-
nal Source is selected as the output config-
uration, when File is selected as the input
configuration or when a generator wave-
form file is selected as the test signal.

Units
Units available for Bandpass Frequency Sweep: Gain 
are:

Relative Level

The Bandpass Frequency Sweep: Relative Level result 
uses a sine wave stimulus signal that is moved across 
a range of frequencies in a specified number of 
points, providing a conventional frequency response 
sweep. Additionally, in this result the response curve 
is plotted in relation to the measured level at a 
selected frequency. This enables you to specify the 
frequency where the relative response will be unity 
and to view the response in relation to that frequency. 
A midband frequency such as 1 kHz is often set as the 
reference frequency, and is the default here.

Mode
Normalized at Reference
Enter a reference frequency for normalization in the 
Ref Frequency field. The measured level at the fre-
quency you choose is set as 0 dB on the graph, and 
the DUT response is plotted in relation to this refer-
ence. You can change the Ref Frequency at any time 
(except after appending) and the graph will immedi-
ately be redrawn to reflect the new setting.

Auto-Centered in Limits
This control is only usable if upper and lower limits are 
set on this graph. In some applications, the general 

X-axis Y-axis (analog) Y-axis (digital) Jitter

•Hz •Vrms •dBFS •UI
•dHz •dBV •FS •dBUI
•F/R •dBu •%FS •s
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis
Y-axis 
same-domain

Y-axis 
cross-domain

•Hz •x/y •FS/Vrms
•dHz •% •dB(FS/Vrms)
•F/R •ppm —or—
•%Hz •dB •Vrms/FS

•dB(Vrms/FS)
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conformance of a trace to the shape of a set of limits 
is of importance, with absolute level less important or 
irrelevant. Auto-Centered in Limits centers the data 
trace relative to the upper and lower limits. To exclude 
possible exceptional data points at frequency 
extremes, the frequency range that is considered for 
the centering operation is constrained by the values in 
the Min and Max fields. 

Ref Frequency
Choose a Reference Frequency here.

Units
Units available for Bandpass Frequency Sweep: Rela-
tive Level are:

Deviation

The Bandpass Frequency Sweep: Deviation result 
uses a sine wave stimulus signal that is moved across 
a range of frequencies in a specified number of 
points. This result is a single value measurement com-
puted from the stepped sweep that shows the fre-
quency deviation (the total range of frequency 
variation) of each channel as a meter bar. You can 
specify a minimum and maximum frequency to define 
the range of the deviation measurement.

Min
Set the minimum frequency of the range of interest 
here.

Max
Set the maximum frequency of the range of interest 
here.

Units
Units available for Bandpass Frequency Sweep: Devia-
tion are

•dB

Peak Level

Bandpass Frequency Sweep: Peak Level results uses 
a sine wave stimulus signal that is moved across a 
range of frequencies in a specified number of points. 
This is a frequency response sweep, bandpass fil-
tered, with peak-scaled results.

Units
Units available for Bandpass Frequency Sweep Peak 
Level results are:

Average Jitter Level

Bandpass Frequency Sweep: Average Jitter Level 
results uses a sine wave stimulus signal that is moved 
across a range of frequencies in a specified number of 
points. The result is the bandpass filtered DUT jitter 
output, average scaled. 

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis (analog) Y-axis (digital) Jitter

•Hz •V •D •UI
•dHz •hex •dBUI
•F/R •s
•%Hz
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Units
Units available for Bandpass Frequency Sweep Aver-
age Jitter Level results are:

X-axis Jitter

•Hz •UI
•dHz •dBUI
•F/R •s
•%Hz
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Bandpass Level
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

The Bandpass Level measurement provides a band-
pass-filtered single-value result displaying the output 
level from each DUT channel, as measured at each 
analyzer input.

A bandpass filter is designed to pass a band of fre-
quencies narrower than the system bandwidth. This 
range is called the passband. The selectivity of the fil-
ter determines the width of the passband; a highly 
selective filter will have a narrow passband.

Bandpass filters are often used for noise measure-
ments, restricting the measurement to the frequency 
range of interest.

Bandpass Level results available in APx500 are:

Average Jitter Level results are only avail-
able when Jitter is selected in Signal Path
Setup > Input/Output > Measure.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Analyzer
This measurement can be configured to measure jit-
ter in Signal Path Setup > Input > Measure. Read 

•RMS Level •Average Jitter Level
•Peak Level
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detailed information about jitter generation and mea-
surement beginning on page 104.

Selectivity
In the Bandpass Level measurement you can choose 
from a number of bandpass filter widths using the 
Selectivity control. The list is ordered from narrowest 
at the top, to widest at the bottom.

•Window width
This is the window width of the underlying FFT, typ-
ically only a few hertz wide. This selection has very 
steep skirts and a flat top.

•1/24 octave
This selection has -3 dB points that are 1/24 
octave apart.

•1/12 octave
This selection has -3 dB points that are 1/12 
octave apart.

•1/9 octave
This selection has -3 dB points that are 1/9 octave 
apart.

•1/6 octave
This selection has -3 dB points that are 1/6 octave 
apart.

•1/3 octave
This selection has -3 dB points that are 1/3 octave 
apart.

•1 octave
This selection has -3 dB points that are 1 octave 
apart.

•Rectangular Band
This selection has very steep skirts and a flat top. 
The user defines the lower and upper frequency 
cutoff points. See Min Freq: / Max Freq: below.

All of the “x octave” filters are equivalent to second-
order analog bandpass filters, with 6 dB/octave skirts. 
Q is chosen to achieve the specified bandwidth at the 
–3 dB points.

Bandpass Tuning Mode
The “Window width” and “x octave” filters are cen-
tered at some user-defined frequency for each mea-
surement. This can be

•Generator Frequency
The current APx audio generator frequency.
When the generator channels are outputting dif-
ferent frequencies (Split Frequency generation), 
the bandpass filter center is set to the Frequency 
A. This mode is not available when using a genera-
tor waveform file.

•Jitter Generator Frequency
The current APx jitter generator frequency, when 
jitter generation is available and enabled. Read 

detailed information about jitter generation and 
measurement beginning on page 104.

•Measured Frequency
The current measured frequency.
When the analyzer channels are receiving differ-
ent frequencies, the bandpass filter for each chan-
nel is centered on the frequency in that channel.

•Fixed Frequency
A fixed frequency selected by the user. 
When Fixed Frequency is selected, a Filter Freq: 
entry field becomes available beneath the Band-
pass Tuning Mode control.

Min Freq: / Max Freq:
When Rectangular Band is the Selectivity choice, 
these fields become available for lower and upper fre-
quency cutoff point entry.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
single value measurements on page 427.

See Chapter 109 for more information about units of 
measurement.

RMS Level

RMS Level provides a single-value meter result, dis-
playing of the rms output level from each DUT chan-
nel, as measured at each analyzer input.
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Units
Units available for RMS Level are

Peak Level

Peak Level provides a single-value meter result, dis-
playing of the peak output level from each DUT chan-
nel, as measured at each analyzer input.

Units
Units available for Peak Level are

Average Jitter Level

Average Jitter Level provides a single-value meter 
result, displaying the average jitter level from the digi-
tal receiver.

Units
Units available for Average Jitter Level are

Analog Signals Digital Signals Jitter signals

•Vrms •dBFS •UI
•dBV •FS •dBUI
•dBu •%FS •s
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

Analog Signals Digital Signals Jitter signals

•Vrms •dBFS •UI
•dBV •FS •dBUI
•dBu •%FS •s
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

Analog Signals Digital Signals Jitter signals

•Vrms •dBFS •UI
•dBV •FS •dBUI
•dBu •%FS •s
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Bandpass Level Sweep
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

The Bandpass Level Sweep measurement provides a 
stimulus signal that is moved across a range of levels 
in a series of points. The DUT output is acquired by 
the analyzer, and filtered using a bandpass filter. 
Bandpass Level Sweep measurements are not sup-
ported in the External Source configuration.

Bandpass Level Sweep results available in APx500 
are:

All of these results are available from a single mea-
surement.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

The Bandpass Level Sweep measurement uses the 
selected waveform option at the frequency and range 
of levels set in the Signal Generation panel as the test 
signal. This signal will be swept from the Start Level to 
the Stop Level in the set number of Points. The DUT 
output is acquired by the analyzer, and filtered using a 
bandpass filter. 

Note: if Output Configuration is set to Blue-
tooth (A2DP Source profile), the Bluetooth
hardware imposes a –54 dBFS cutoff. Sig-
nals below –54 dBFS are not transmitted.
Please consider this when defining the
range of levels for your sweep. 

Start
For a default sweep of 1 mVrms to 2 Vrms in 31 loga-
rithmic steps, simply click Start. If you want to specify 
other parameters for your sweep, review Generator 
and Analyzer settings, discussed below. Click Start 
when you have approved the settings.

•RMS Level •Linearity •Average Jitter 
Level

•Gain •Peak Level
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Append Graph Data
Normally, the current graph data for all results is 
deleted each time you start a new measurement. If 
the Append box is checked, the current data is kept in 
memory as a Data Set (see page 240), and the new 
measurement data is appended as a new data set. 
You can append many Data Sets.

Generator
Waveform
The configuration for this measurement must be the 
closed-loop configuration, using the APx generator as 
a stimulus.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings.

Start Level, Stop Level and Sweep 
Points
The sweep moves between two levels, set in the Start 
Level and Stop Level fields. The default levels are 
1.000 mVrms and 2.000 Vrms.

The sweep moves in a specified number of step 
points, set in the Points field. The minimum is 2 
points; maximum is 65,535. The default setting is 31.

The sweep point spacing is set by selecting one of the 
following choices in the Sweep field: 

•Logarithmic (the default); use the Points field to 
set the number of logarithmically spaced points;

•Linear, which provides two methods of adjusting 
spacing: the Points field or the Step Size field; or 

•Custom. Click Edit to open the Data Points dialog, 
where you can set points arbitrarily, or load or save 
sweep table files.

Viewing or Editing the Sweep Points Table

You can view or edit the current sweep points at any 
time.

Click Edit to open the Data Points dialog and display 
the sweep points table. The table shows each sweep 
point and its corresponding level. You can edit this 
table to add or delete points, or to change the level of 
a point. Points can be sorted or reversed in order 
using the controls on the right.

A sweep points table can be saved as a *.csv file or as 
a Microsoft Excel *.xlsx file. A compatible *.csv or 
*.xlsx file can be opened and used as a sweep points 
table.

Analyzer
This measurement uses a tunable band-
pass filter. No low pass, high pass or weight-
i n g  f i l t e r s  a r e  a v a i l a b le  fo r  t h i s
measurement. 
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment. Read more about APx Filters in Chap-
ter 102.

Selectivity
In the Bandpass Level Sweep measurement you can 
choose from a number of bandpass filter widths using 
the Selectivity control. The list is ordered from narrow-
est at the top, to widest at the bottom. The Window 
Width and x Octave filters are tuned according to the 
Bandpass Tuning Mode setting.
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•Window width
This is the window width of the underlying FFT, typ-
ically only a few hertz wide. This selection has very 
steep skirts and a flat top.

•1/24 octave
This selection has –3 dB points that are 1/24 
octave apart.

•1/12 octave
This selection has –3 dB points that are 1/12 
octave apart.

•1/9 octave
This selection has –3 dB points that are 1/9 
octave apart.

•1/6 octave
This selection has –3 dB points that are 1/6 
octave apart.

•1/3 octave
This selection has –3 dB points that are 1/3 
octave apart.

•1 octave
This selection has –3 dB points that are 1 octave 
apart.

•Rectangular Band
This selection has very steep skirts and a flat top. 
The user defines the lower and upper frequency 
cutoff points. See Min Freq: / Max Freq: below.

All of the “x octave” filters are equivalent to
second-order analog bandpass filters, with
6 dB/octave skirts. Q is chosen to achieve
the specif ied bandwidth at the –3 dB
points.

Min Freq: / Max Freq:
When Rectangular Band is the Selectivity choice, 
these fields become available for lower and upper fre-
quency cutoff point entry.

Bandpass Tuning Mode
The “Window width” and “x octave” filters are cen-
tered at some user-defined frequency for each step of 
the measurement. This can be

•Generator Frequency
The APx generator frequency for the current step. 
When the generator channels are outputting dif-
ferent frequencies (Split Frequency generation), 
the bandpass filter center is set to Frequency A.

•Jitter Generator Frequency
The current APx jitter generator frequency, when 
jitter generation is available and enabled. Read 
detailed information about jitter generation and 
measurement beginning on page 104.

•Measured Frequency
The measured frequency for the current step. 
When the analyzer channels are receiving differ-

ent frequencies, the bandpass filter for each chan-
nel is centered on the frequency in that channel.

•Fixed Frequency
A fixed frequency selected by the user. When Fixed 
Frequency is selected, a Filter Freq: entry field 
becomes available beneath the Tune Mode con-
trol.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
Stepped Level Sweeps on page 611. See Chapter 109 
for more information about units of measurement.

RMS Level

The Bandpass Level Sweep: RMS Level result uses a 
sine wave stimulus signal that is moved across a 
range of levels in a series of points. X axis is genera-
tor level; Y axis is the bandpass filtered DUT output 
level.
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Units
Units available for Level are:

Gain

The Bandpass Level Sweep: Gain result uses a sine 
wave stimulus signal that is moved across a range of 
levels in a series of points. X axis is generator level; Y 
axis is gain in the DUT. Gain is a ratio, calculated by 
dividing the bandpass filtered DUT output level by the 
generator level.

Units
Y-axis units available for Gain are: 

Linearity

The Bandpass Level Sweep: Linearity result uses a 
sine wave stimulus signal that is moved across a 
range of levels in a series of points. X axis is genera-
tor level; Y axis is linearity in the DUT. Linearity is a 
ratio, calculated by dividing the bandpass filtered DUT 
output level by the generator level, normalized for a 
chosen relative level.

Mode
Normalized at Reference

Enter a reference level for normalization in the Rela-
tive Level field. To calculate linearity, each channel is 
normalized so that a linearity of unity (0 dB) is at the 
same measured DUT output level. Set this reference 
level in the Relative Level field. Default Relative Level 
is 1 Vrms (analog), 1 FS (digital). You can change the 
Relative Level at any time (except after appending) 
and the graph will immediately be redrawn to reflect 
the new setting.

Auto-Centered in Limits
This control is only usable if upper and lower limits are 
set on this graph. In some applications, the general 
conformance of a trace to the shape of a set of limits 

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •Vrms •dBFS
•Vp •FS •dBV •FS
•Vpp •%FS •dBu •%FS
•dBV •dBrG •dBrA •dBrA
•dBu •dBrB •dBrB
•dBrG •dBSPL1 •dBSPL1
•dBm •dBSPL2 •dBSPL2
•W (watts) •dBm

•W (watts)

Y-axis (jitter)

•UI
•dBUI
•s

X-axis (analog) X-axis (digital)
Y-axis
same-domain

Y-axis
cross-domain

•Vrms •dBFS •x/y •FS/Vrms
•Vp •FS •% •dB(FS/

Vrms)
•Vpp •%FS •ppm —or—
•dBV •dBrG •dB •Vrms/FS
•dBu •dB(Vrms/

FS)
•dBrG
•dBm
•W (watts)
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is of importance, with absolute level less important or 
irrelevant. Auto-Centered in Limits centers the data 
trace relative to the upper and lower limits. To exclude 
possible exceptional data points at level extremes, the 
amplitude range that is considered for the centering 
operation is constrained by the values in the Min and 
Max fields.

Units
Units available for Linearity are:

Peak Level

The Bandpass Level Sweep: Peak Level result uses a 
sine wave stimulus signal that is moved across a 
range of levels in a series of points. X axis is genera-
tor level; Y axis is the bandpass filtered DUT output 
level, scaled in peak units.

Units
Units available for Peak Level are:

Average Jitter Level

The Bandpass Level Sweep: Average Jitter Level result 
uses a sine wave stimulus signal that is moved across 
a range of levels in a series of points. X axis is genera-
tor level; Y axis is the bandpass filtered DUT output jit-
ter level, scaled in average units.

Units
Units available for Average Jitter Level are:

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •%
•Vpp •%FS •ppm
•dBV •dBrG •dB
•dBu
•dBrG
•dBm
•W (watts)

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •V •D
•Vp •FS
•Vpp •%FS
•dBV •dBrG
•dBu Y-axis (jitter)

•dBrG •UI
•dBm •dBUI
•W (watts) •s

X-axis (analog) X-axis (digital) Y-axis (jitter)

•Vrms •dBFS •UI
•Vp •FS •dBUI
•Vpp •%FS •s
•dBV •dBrG
•dBu
•dBrG
•dBm
•W (watts)
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CMRR
(Sequence Mode)

CMRR is an analog measurement that uses
hardware features found only in the 2-chan-
nel analog output circuitry fitted in an
APx515, 525, 526, 555 or 582. CMRR
measurements are not available in Exter-
nal Source configuration.

CMRR is an abbreviation of Common Mode Rejection 
Ratio. For a differential input such as a balanced 
audio input, “common mode” refers to a signal com-
mon to both the + and – inputs. Common mode sig-
nals are typically spurious signals picked up from the 
environment common to both leads, or sometimes a 
dc offset common to both leads. Common mode sig-
nals should be rejected to a high degree by differen-
tial amplifier inputs.

The CMRR measurement provides a single-value 
result, displaying the CMRR in each DUT channel.

Also see Chapter 32 for information about CMRR-IEC 
measurements.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
This measurement must be made in the closed-loop 
configuration with balanced analog outputs, using the 
APx generator as a stimulus.

To measure CMRR, Click Start. The generator will out-
put a sine wave to the DUT on the selected generator 
channels at the level and frequency set in the Signal 
Generation panel.

For the first half of the measurement, the generator is 
connected to the DUT in normal (differential) mode 
and a measurement of the normal mode rms level is 
made. The generator outputs are automatically 
switched to common mode using a pair of matched 

source resistors, one in each leg of the output circuit. 
A second measurement is made. The ratio of the two 
results is displayed as the Common Mode Rejection 
Ratio (CMRR).

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
single value measurements on page 427.
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CMRR

Units
Units available for CMRR are

•x/y

•dB

See Chapter 109 for more information about units of 
measurement.
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CMRR IEC
(Sequence Mode)

CMRR-IEC is an analog measurement that
uses hardware features found only in the 2-
channel analog output module fitted in an
APx525, 526, 555 or 582. CMRR measure-
ments are not available in External Source
configuration.

CMRR IEC is a technique for measuring CMRR 
described in the International Electrotechnical Com-
mission document IEC60268-3 that differs from the 
conventional technique used in the basic CMRR mea-
surement discussed in Chapter 31. Use this method to 
produce CMRR results that satisfy IEC60268-3.

The CMRR IEC measurement provides single-value 
results showing the CMRR in each DUT channel by the 
IEC technique, which a unbalances the generator out-
put circuit first on one leg, then on the other. 

An initial differential-mode measurement is made, at 
the specified output voltage, differentially. Then, the 
circuit is switched to common-mode, and is config-
ured such that the pin 2 leg has a source resistance 
10 Ω greater than the pin 3 leg. A CMRR measure-
ment is made and stored. The circuit is then config-
ured such that the pin 3 leg has a source resistance 
10 Ω greater than the pin 2 leg. A second CMRR mea-
surement is made. The final CMRR IEC result is the 
worst-case of the pin 2 or pin 3 measurements.

CAUTION: Note that the common-mode
measurements are made at the specified
voltage, but applied between ground and
the common mode point. This means that
the voltage at the input of the DUT, mea-
sured to ground, will be twice what the volt-
age to ground would be for the differential
signal. This may be a problem for some
DUTs.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-

puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
This measurement must be made in the closed-loop 
configuration with balanced analog outputs, using the 
APx generator as a stimulus.

To measure CMRR IEC, Click Start. The generator will 
output a sine wave to the DUT on the selected genera-
tor channels at the level and frequency set in the Sig-
nal Generation panel.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
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waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
single value measurements on page 427.

CMRR IEC

The CMRR Pin 2 and CMRR Pin 3 results are interme-
diate results, and are provided for diagnostic pur-
poses. Report the data displayed in the CMRR IEC 
result.

Units
Units available for CMRR IEC are

•x/y

•dB

See Chapter 109 for more information about units of 
measurement.
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Compare Encoded Bitstream to Reference
(Sequence Mode)

This measurement is not available to the
APx515.

This measurement allows you to compare the data in 
a coded audio bitstream to a reference file. It does not 
support comparison of linear PCM (IEC60958) bit-
streams.

A typical use case is a coded audio (e.g. DTS, Dolby) 
compliance test, where a test disc (e.g., a Blu-ray Disc 
or DVD) or test stream, and matching reference files 
are provided by a coded audio licensor to a licensee 
for verification of device compliance. The licensee 
plays the disc in bitstream mode or streams the data 
via an HDMI or other digital connection, for analysis in 
an APx analyzer whose HDMI sink EDID is configured 
to indicate support for such a bitstream. A bit-accu-
rate comparison is made. If even one bit from the DUT 
does not match the reference file, the measurement 
indicates a failure.

A number of frames at both the beginning and the end 
of the comparison can be excluded from triggering a 
measurement failure. These frames are received and 
examined, but any data mismatches are ignored. Use 
of these excluded areas prevents errors during disc 
player “spin up” and “spin down” times from causing 
the comparison to fail.

Received anomalies and their locations are reported, 
along with statistical summaries. For error frames, the 
hex data of both the reference file and the incoming 
data stream can be viewed.

Operation in Closed Loop mode
This measurement can be used in closed-loop mode 
to verify the compliance of a device such as an HDMI 
or IEC60958 repeater. If the APx DSIO module is fit-
ted (for chip-level interface), HDMI or IEC60958 trans-
mitter or receiver integrated circuits can be tested.

For Closed Loop operation, go to Signal Path Setup 
and select a digital output as your Output Configura-
tion.

Signal Generation
Waveform
Choose a coded generator waveform file here. The 
same file will be used as the reference file for the 
comparison. The filename, description and frame 
count will be displayed in the associated fields.

Supported file formats:

•Dolby Digital (*.ac3)

•Dolby Digital Plus (*.ec3)
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•Dolby TrueHD (*.mlp)

•MAT (*.mat)

•DTS (*.dts, *.cpt)

•DTS HD (*.dtshd)

•DTS:X (*.dtsx, *.cptx, *.dtsxm)

Operation in Open Loop (External 
Source) mode
For Open Loop (External Source) operation such as 
disc player testing, go to Signal Path Setup and select 
None (External) as your Output Configuration.

Analyzer
Reference File:
Choose a reference file here. The file data must be bit-
for-bit identical to the embedded coded data in the bit-
stream played from the DUT; typically, you will be using 
a test disc and matching test reference file provided 
by the coded audio licensor.

The Description and Frame Count will be displayed in 
the associated fields.

Initial Sync
Timeout

Many devices require a period of time to start, stabi-
lize and synchronize after a play command has been 
issued. Set the maximum time allowed to wait for a 
valid frame here.

Excluded Frames
During startup, many devices issue invalid frames or 
skip frames altogether. You can exclude a range of 
frames at the beginning and the end of an acquisi-
tion, so that invalid frames in these regions will not 
cause the measurement to fail.

Initial Limit
Set the number of frames to exclude at the beginning 
of the acquisition in this field. The adjacent field 
shows the duration of the excluded range in seconds. 
This setting is also displayed as a gray band at the left 
side of the bar graph in the measurement panel.

Final Limit
Set the number of frames to exclude at the end of the 
acquisition in this field. The adjacent field shows the 
duration of the excluded range in seconds. This set-
ting is also displayed as a gray band at the right side 
of the bar graph in the measurement panel.

Prompt User
You can optionally create an on-screen User Prompt 
for this measurement. 

Settings
The optional User Prompt has Settings properties simi-
lar to the Pass/Fail Prompts, which are discussed on 
page 639.

Results for Compare Encoded Bit-
stream to Reference
Overview
There are three possible results for this measurement.

•Failed due to timeout.

•Failed due to frame error.

•Passed.

Bar Graph Display

The top of the results area has a bar graph display 
that indicates received frames. Invalid frames are 
shown in red; valid frames are shown in blue. The 
excluded areas are represented by gray bands at the 
left and the right of the display.

Statistical and Descriptive Results

The center of the results area reports statistical and 
descriptive information as text, for diagnostic pur-
poses.

Reference File Frame Count
The number of frames in the reference file.

Received Frame Count
The number of valid frames received.

Valid Frame Range
The range(s) of valid frames.

Skipped Frame Range
The range(s) of skipped frames.

Excluded Error Frame Range
Error range(s) of error frames in the excluded areas.

Error Frame Number
The number of the error frame found in the data area 
(between the excluded areas).
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Error Frame Description
A description of the type of fault found in the error 
frame.

Data Grid viewer

The bottom of the results area displays specific infor-
mation about invalid and skipped frames.

The Frame window allows you to select among the 
invalid or skipped frames for more information, which 
is shown in the data grid below.

The data grid displays hex values for 24 bytes of the 
selected frame, for both the reference file and the 
acquired data.

DTS:X
DTS:X files are only supported when the output is 
HDMI, or Digital Serial with 8 channels at 192 kHz 
sample rate.

For *.dtsxm files selected in a Compare Encoded Bit-
stream measurement, the number of received frames 
will match the number of frames reported in the file.

When .dtsx or .cptx files are selected, the measure-
ment will receive twice the number of frames that the 
source file indicates it contains.
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Continuous Sweep Measurements

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

Continuous Sweep is a chirp-based measurement, 
using a brief Farina log-swept sine “chirp” stimulus 
that moves continuously across a specified range of 
frequencies. The DUT output is acquired by the ana-
lyzer and is mathematically deconvolved to provide a 
number of results. For more information about chirp-
based measurements, go to page 315.

Continuous Sweep measurements can be made in 
closed loop or open loop configurations, which are dis-
cussed in Chapter 24. By default, the Open Loop 
checkbox is  unchecked, and the measurement is 
in its default configuration, closed loop. If the Open 
Loop box is  checked, the measurement is in its 
open loop configuration.

The controls for closed loop operation begin here. The 
controls for open loop operation begin on page 304.

Signal Path Setup configuration
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Continuous Sweep measurements, in earlier imple-
mentations, have only supported closed loop configu-
rations. With APx500 4.6 or later, open loop 
configurations such as None (External) or File Input 
are supported. Read more about Closed Loop and 
Open Loop configurations beginning in Chapter 24.

Closed Loop Configuration
Continuous Sweep Results
Continuous Sweep results available in APx500 are:

† This result is not available in Closed Loop Configura-
tion.

Operation, Closed Loop
See the illustration on the next page.

Closed Loop is the conventional Continuous Sweep 
configuration, with behavior that will be familiar to APx 
users.

Start 
Click the Start button to run the measurement and 
read the results.

Append Graph Data  checkbox
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is  
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

•Level •THD Ratio •Crosstalk 
One Channel Driven

•Gain •THD Level •Acquired 
Crosstalk Waveform 
One Channel Driven

•Relative 
Level

•Distortion 
Product Ratio

•Crosstalk, 
One Channel Undriven

•Deviation •Distortion 
Product Level

•Frequency Shift †

•Phase •Impulse 
Response

•Acquired 
Crosstalk Waveform 
One Channel Undriven

•Group Delay •Acquired 
Waveform
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Read more about Data Sets beginning on page 766.

Open Loop  checkbox
Continuous Sweep measurements can be made in 
closed-loop or open-loop configurations. By default, 
the Open Loop checkbox is unchecked , and the 
measurement is in its default configuration, Closed 
Loop.

Generator
See Generator Waveforms and Controls in Chapter 6 
for detailed information about using the APx Genera-
tor and setting Waveform, Level and Frequency in vari-
ous contexts.

Frequencies
Start
Stop
These controls set the frequency range of the sweep. 
Available ranges vary with instrument type.

Note that the actual sweep stimulus signal
begins below the defined Start Frequency
and is swept upward, reaching the Start
Frequency at the end of the Pre-Sweep
time, as described below in Pre-Sweep and
Sweep Duration Fields. Further, the stimu-
lus signal is actually swept to 110% of the
designated Stop Frequency (or to the
Nyquist frequency, whichever is lower).

See page 315 for more about chirp sweep frequency 
ranges, which are dependent upon the instrument.

Levels
Levels Track Ch1  checkbox
If Level Tracks Ch1 is checked, all output channels are 
set to the level entered for channel 1. If it is 
unchecked, each channel can be set to a different 
output level.

Sweep
Set the chirp sweep level here. Available ranges vary 
with instrument type. 

DC Offset
Set any DC offset here. Available ranges vary with 
instrument type. See Generator Waveforms and Con-
trols in chapter 6 for a detailed explanation.

EQ
You can equalize the generator signal to make a pre-
emphasized stimulus. See Generator Equalization 
(page 245) for a general discussion of this feature.

Choosing generator equalization
Select None, Relative or Absolute from the EQ drop-
down menu.

•None applies no equalization to the generator.

•Relative applies the gain or loss specified in the 
EQ table to the current generator level for each 
channel.

•Absolute sets the generator level for all channels 
to the level specified in the EQ table. Note: when 
Absolute is selected, current channel level settings 
are lost.

Continuous Sweep controls, Closed Loop
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Edit
If you have chosen to equalize the generator signal, 
you can edit the EQ table here. See Edit EQ Table 
(page 245).

Channels 
Select the channels to output the generated signal. By 
default, all available channels are selected.

Durations
The chirp stimulus time parameters are set here.

Pre-Sweep
To enable the DUT to stabilize before the beginning of 
the defined chirp sweep measurement, there is a vari-
able Pre-Sweep time. For Continuous Sweep measure-
ments, the default for Pre-Sweep is 100.0 ms. 
Minimum is 0 s; maximum is 1 s. Longer Pre-Sweep 
settings allow more time for DUT stabilization, but 
increase measurement time.

Sweep
The actual chirp sweep stimulus signal begins below 
the defined Start Frequency and is swept upward, 
reaching the Start Frequency at the end of the Pre-
Sweep time. The sum of the times in Pre-Sweep and 
Sweep is the total sweep length. The default for 
Sweep is 350.0 ms. Minimum is 100.0 ms; maximum 
is 5 s. Longer Sweep settings provide greater resolu-
tion and signal-to-noise ratio, but increase measure-
ment time.

Channel Delay
Channel Delay is only available when Crosstalk Mode 
is set to High Accuracy.

The Channel Delay control allows you to specify a 
delay before the Start moments for each channel 
when in one of the High Accuracy Crosstalk modes.

If the Channel Delay is zero or very short, the slew rate 
limiting of a DUT or the time constant in AC Coupling 
can cause a transient when energy from the sweep in 
a previous channel appears in the analysis of the cur-
rent channel. The default Channel Delay is 500 ms. If 
DC coupled and the DUT does not have appreciable 
slew rate limiting, Channel Delay can be set to a very 
low value, or 0.

Analyzer
There are no local filters available for this measure-
ment; the global filters in Signal Path Setup > Input/
Output will affect the Continuous Sweep acquisition, if 
set. See Chapter 102 for more information about filter-
ing.

Signal Processing
Extend Acquisition
By default, a continuous sweep measurement makes 
an acquisition slightly longer than the stimulus, to 
include possible time-delayed artifacts created in the 
DUT to be acquired and displayed. By default, the 
acquisition is extended 50 ms longer than the stimu-
lus.

In some cases, you may want to extend the acquisi-
tion further. Enter a new value in the Extend Acquisi-
tion By: field. Minimum extension is 0 s; maximum is 
3 s.

Crosstalk Mode
Crosstalk Mode is unavailable when multiple inputs 
are configured.

Choose the mode of crosstalk measurement (or 
None). This selection changes the sweep alignment in 
time across channels, and may affect other continu-
ous sweep results. For more information, see Continu-
ous Sweep Crosstalk modes on page 317.

Choices are:

•None

•High speed (default)

•High accuracy, one channel driven

•High accuracy, one channel undriven

Nesting
When in Closed Loop configuration, Continuous 
sweeps can be nested. Read about Nested Sweeps 
beginning on page 235.

Secondary Source
Select the secondary sweep source here. This is the 
outside, nesting parameter that is varied to change 
the conditions for the primary sweep through a num-
ber of iterations. Available choices are dependent 
upon instrument hardware, options, and Signal Path 
Setup Input/Output settings.

Advanced Settings
Advanced Settings include output level and offset set-
tings and input ranging settings. To view or modify 
these settings, click Advanced Settings. See Advanced 
Settings for chirp-based measurements on page 318
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Open Loop Configuration
Continuous Sweep Results
Continuous Sweep results available in APx500 are:

* These results are not available in Open Loop Config-
uration.

Operation, Open Loop
The primary differences in Open Loop operation and 
Closed Loop operation are 

•signal generation and analysis are two separate 

operations, initiated using the  

and  buttons, and

•a pilot tone is generated as part of the stimulus 
signal, and is required for analysis. See Chirp with 
Pilot Tone on page 319 for illustrations and more 
information. Also see Mixed Delay Across Chan-
nels in Open Loop Chirp-based Acquisitions on 
page 320.

Append Graph Data  checkbox
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is  
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Open Loop  checkbox
For Open Loop configuration, be sure the Open Loop 
box is  checked.

When you check the Open Loop box , you will notice 
that the Continuous Sweep user interface panel 
changes. The Start button is replaced with Generate 
and Analyze buttons, the Generator section has an 
additional Pilot Tone frequency control, a Pilot column 
is added to the Level controls, the Durations section 

has more controls, and Iterations, Trigger and Fre-
quency Correction controls have been added. Extend 
Acquisition and Crosstalk Mode have been removed.

Generate Button 
In Open Loop configuration, signal generation and 
analysis operations are separated. The first task is to 
define a Generator chirp stimulus with its associated 
pilot tone, and click Generate to output the signal to 
the connector selected in Signal Path Setup. In the 

•Level •THD Ratio •Crosstalk 
One Channel Driven*

•Gain •THD Level •Acquired Crosstalk
Waveform
One Channel Driven*

•Relative 
Level

•Distortion 
Product Ratio

•Crosstalk, 
One Channel Undriven*

•Deviation •Distortion 
Product Level

•Frequency Shift

•Phase* •Impulse 
Response

•Acquired Crosstalk
Waveform 
One Channel Undriven*

•Group 
Delay*

•Acquired 
Waveform

Continuous Sweep controls, Open Loop
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case of None (External), a dialog will open where you 
can specify the location and format for the audio file 
to be recorded to the PC.

The signal definition made in the Generator also 
defines the signal characteristics expected by the Ana-
lyzer for the measurement. These are stored in the 
project file.

Analyze Button 
The second task is to present the output signal from 
the DUT to the selected analyzer Input connector and 
click Analyze. If the DUT output is an audio file, use 
File Input.

Generator
The Generator panel is replaced by the Gen-
erator Signal panel when Signal Path Setup
> Output Configuration is set to None (Exter-
nal). See below.

See Generator Waveforms and Controls in Chapter 6 
for detailed information about using the APx Genera-
tor and setting Waveform, Level and Frequency in vari-
ous contexts.

Frequencies
Pilot Tone
In an open loop chirp measurement, a pilot tone pre-
cedes the chirp to synchronize the analyzer to the 
stimulus signal. Choose a frequency that is within a 
range expected to pass though your DUT without 
much change or interference. 200 Hz is the minimum 
pilot tone frequency; 40% of the sample rate is the 
maximum pilot tone frequency. 1 kHz is the default.

Start
Stop
These controls set the frequency range of the sweep. 
Available ranges vary with instrument type.

Note that the actual sweep stimulus signal
begins below the defined Start Frequency
and is swept upward, reaching the Start
Frequency at the end of the Pre-Sweep
time, as described below in Pre-Sweep and
Sweep Duration Fields. Further, the stimu-
lus signal is actually swept to 110% of the
designated Stop Frequency (or to the
Nyquist frequency, whichever is lower).

See page 315 for more about chirp sweep frequency 
ranges, which are dependent upon the instrument.

Levels
Levels Track Ch1  checkbox
If Level Tracks Ch1 is checked, all output channels are 
set to the level entered for channel 1. If it is 
unchecked, each channel can be set to a different 
output level.

Pilot
Set the pilot tone level here. Choose a level that is 
likely to provide a stable pilot tone after passing 
through your DUT. Available ranges vary with instru-
ment type and Global Vmax settings. Read more about 
Global Vmax on page 60. When saving to a file for 
smart speaker testing, set the pilot to a level in the 
same range as the speech signal, typically –3 dBFS.

Sweep
Set the chirp sweep level here. Available ranges vary 
with instrument type and Global Vmax settings.

DC Offset
Set any DC offset here. Available ranges vary with 
instrument type. See Generator Waveforms and Con-
trols in chapter 6 for a detailed explanation.

EQ
You can equalize the generator signal to make a pre-
emphasized stimulus. See Generator Equalization 
(page 245) for a general discussion of this feature.

Choosing generator equalization
Select None, Relative or Absolute from the EQ drop-
down menu.

•None applies no equalization to the generator.

•Relative applies the gain or loss specified in the 
EQ table to the current generator level for each 
channel.

•Absolute sets the generator level for all channels 
to the level specified in the EQ table. Note: when 
Absolute is selected, current channel level settings 
are lost.

Edit
If you have chosen to equalize the generator signal, 
you can edit the EQ table here. See Edit EQ Table 
(page 245).

Channels 
Select the channels to output the generated signal. By 
default, all available channels are selected.

Durations
The pilot tone and chirp stimulus time parameters are 
set here. See Chirp with Pilot Tone on page 319 for 
illustrations and more information.

Pilot Tone
Enter the duration of the pilot tone here. Choose a 
duration that is likely to provide a stable pilot tone 
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after passing through your DUT, but is not longer than 
necessary. 200 ms is the default duration. The lower 
limit is 100 cycles of pilot tone (100 ms with a pilot 
frequency of 1 kHz); the upper limit is 5 s.

Note that the pilot tone is tapered at the
trailing end with a fixed 5 ms raised cosine
taper.

Post-Pilot Silence
Set the duration of the silence after the pilot tone but 
before the beginning of the chirp pre-sweep here. 
100 ms is the default duration. The lower limit is 
10 ms; the upper limit is 5 s.

Pre-Sweep
To enable the DUT to stabilize before the beginning of 
the defined chirp sweep measurement, there is a vari-
able Pre-Sweep time. For Continuous Sweep measure-
ments, the default for Pre-Sweep is 100.0 ms. 
Minimum is 0 s; maximum is 1 s. Longer Pre-Sweep 
settings allow more time for DUT stabilization, but 
increase measurement time.

Sweep
The actual chirp sweep stimulus signal begins below 
the defined Start Frequency and is swept upward, 
reaching the Start Frequency at the end of the Pre-
Sweep time. The sum of the times in Pre-Sweep and 
Sweep is the total sweep length. The default for 
Sweep is 350.0 ms. Minimum is 100.0 ms; maximum 
is 5 s. Longer Sweep settings provide greater resolu-
tion and signal-to-noise ratio, but increase measure-
ment time.

Additional Silence
APx inserts a mandatory minimum post-sweep silence 
at the end of the chirp, calculated in consideration of 
possible frequency shift (and therefore possible total 
duration changes) and other duration settings. The 
purpose of this silence is to adequately separate stim-
ulus signals in multiple iterations. You can optionally 
insert more post-sweep silence here. Minimum is 0 s; 
maximum is 5 s.

Iterations
For a Continuous Sweep measurement in open loop 
configuration, you have the option of defining a stimu-
lus (pilot tone plus chirp) that repeats a number of 
times. By default, Iterations is set to 1. You can 
increase the Iterations up to 1000.

Generator Signal
Generator Signal is only available if Signal Path Setup 
> Output Configuration is set to None (External). In 
this case, the Generator will create an audio file on 
the PC. The sample rate and number of channels are 
set here.

Audio File Settings
Sample Rate
Choose the sample rate for the audio file that will be 
generated.

Channels
Choose channel count for the audio file that will be 
generated.

When  is clicked, a Save Generator 
File (see page 468) dialog will open where you can 
specify the location and format for the audio file to be 
recorded to the PC.

Analyzer
In open loop configuration, the pilot tone is used to 
trigger the synchronous acquisition of the chirp, and to 
adjust the frequency of the acquisition, if necessary.

There are no local filters available for this
measurement; the global filters in Signal
Path Setup > Input/Output will affect the
Continuous Sweep acquisition, if set. See
Chapter 102 for more information about fil-
tering.

Trigger
An open loop chirp acquisition is triggered by the pilot 
tone. Passage of a test signal through a DUT can shift 
the frequencies of the test signal (usually because of 
clock/sample rate differences). Levels may be 
affected, and noise or other interfering signals may be 
added. 

The pilot tone must be of a sufficient level and within 
a defined range of frequency deviation (±3%) to trig-
ger the acquisition.

Input
Input selects the input that will trigger the acquisition 
if more than one input has been configured. If only 
one input has been configured, the control is hidden.

Channel
Auto selects the channel with the highest level pilot 
tone as the trigger channel. Alternatively, you can 
specify a specific channel from the menu.

Level Threshold
The Level Threshold is the minimum pilot signal level 
that will trigger an acquisition. The default is 50 mV.

Timeout
The trigger Timeout is the maximum time that the ana-
lyzer waits for a pilot tone trigger, after the Analyze 
button is clicked. The default value is 30 s.
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Signal Processing
Frequency Correction
Passage of a test signal through a DUT can shift the 
frequencies of the entire signal, usually because of 
sample rate differences. In many cases, it is desirable 
to correct the frequencies of the acquisition so that 
they match the stimulus frequencies, and provide 
expected audio measurement results. In other cases, 
the distortions caused by this frequency shift are the 
important measurement results.

With Frequency Correction checked, APx will correct 
the frequency of the acquisition by comparing the fre-
quency of the incoming pilot tone with the frequency 
of the pilot tone in the project file.

Nesting
The Nesting > Secondary Source control is not avail-
able when Continuous Sweep is in Open Loop configu-
ration.

Advanced Settings
Advanced Settings include output level and offset set-
tings and input ranging settings. To view or modify 
these settings, click Advanced Settings. See Advanced 
Settings for chirp-based measurements on page 318.

Result Details
See Chapter 109 for more information about units of 
measurement.

Continuous Sweep: Level

The Level result is a continuous sweep measurement 
that provides a graphical display of the frequency 
response of each channel. In this result the DUT out-
put level is plotted against frequency.

If the settings are identical, this will provide the same 
results as the Frequency Response: Level result.

Units
Units available for Continuous Sweep: Level are:

Continuous Sweep: Gain

The Gain result is a continuous sweep measurement 
that provides a graphical display of the frequency 
response of each channel. In this result the DUT gain 
is plotted against frequency.

Units
Units available for Continuous Sweep: Gain are:

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis
Y-axis 
same-domain

Y-axis 
cross-domain

•Hz •x/y •FS/Vrms
•dHz •% •dB(FS/Vrms)
•F/R •ppm —or—
•%Hz •dB •Vrms/FS

•dB(Vrms/FS)
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Continuous Sweep: Relative Level

The Relative Level result is a continuous sweep mea-
surement that provides a graphical display of the fre-
quency response of each channel. In this result the 
DUT output level is plotted against frequency, relative 
to the level at a selected reference frequency. This 
enables you to specify the frequency that will be set as 
0 dB and view the response in relation to that fre-
quency. A midband frequency such as 1 kHz is often 
set as the reference frequency, and is the default 
here.

If the settings are identical, this will provide the same 
results as the Frequency Response: Relative Level 
result.

You can change the reference frequency at any time 
(except after appending) and the graph will immedi-
ately redraw around the new reference.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Mode
Normalized at Reference

Enter a reference frequency for normalization in the 
Ref Frequency field. The measured level at the fre-
quency you choose is set as 0 dB on the graph, and 
the DUT response is plotted in relation to this refer-
ence. You can change the Ref Frequency at any time 
(except after appending) and the graph will immedi-
ately be redrawn to reflect the new setting.

Auto-Centered in Limits
This control is only usable if upper and lower limits are 
set on this graph. In some applications, the general 
conformance of a trace to the shape of a set of limits 
is of importance, with absolute level less important or 
irrelevant. Auto-Centered in Limits centers the data 
trace relative to the upper and lower limits. To exclude 
possible exceptional data points at frequency 
extremes, the frequency range that is considered for 

the centering operation is constrained by the values in 
the Min and Max fields. 

Units
Units available for Continuous Sweep: Relative Level 
are:

Continuous Sweep: Deviation

Continuous Sweep Deviation is a single value result 
computed from the continuous sweep acquisition. In 
this result the frequency deviation (the total range of 
frequency variation) of each channel is displayed as a 
meter bar. You can specify a minimum and maximum 
frequency to define the range be considered in the 
deviation measurement.

To measure Continuous Sweep Deviation, first enter a 
frequency range in the Min Frequency and Max Fre-
quency fields below the graph; or, accept the default 
20 Hz to 20 kHz range. Click Start. you can change 
the deviation Min Frequency or Max Frequency set-
tings at any time and the meter bars will immediately 
redraw to reflect the new settings.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Min
Set the minimum frequency of the range of interest 
here.

Max
Set the maximum frequency of the range of interest 
here.

Units
Units available for Continuous Sweep: Deviation are
dB

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Continuous Sweep: Phase

This result is not available in open loop con-
figuration.

The Continuous Sweep: Phase result displays the DUT 
output phase for each channel, plotted against fre-
quency. See page 408 for more information about 
phase measurements.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Mode
Continuous Sweep Phase has four result modes:

Relative to Ch1
In this mode, the absolute phase of channel one is 
subtracted from the absolute phase of channels num-
bered greater than 1. The result is plotted against fre-
quency for each channel numbered 2 and above, 
showing the phase difference (from channel 1) for 
each channel. Since channel 1 is used as the refer-
ence, it is not plotted in this result. This mode shows 
“unwrapped” phase differences.

Input-to-output
In the input-to-output mode, the absolute phase of 
each channel, from device input to device output, is 
plotted against frequency, “unwrapped.” Input-to-out-
put mode includes device delay.

Input-to-output, wrapped
This mode shows the same result as input-to-output 
phase, but “wrapped” within the range of –180° to 
+180°.

Input-to-output, excess
This mode shows the input-to-output phase 
(unwrapped), but removes the linear component (the 
average group delay of the system), leaving the 
“excess phase.” 

Some devices have linear phase only over a portion of 
their passband. For such devices, including frequency 

ranges where the phase is non-linear affects the 
excess phase result, which becomes dependent on 
the stop frequency of the measurement. Although the 
measurement is technically correct, the variation of 
the result with stop frequency is disconcerting and not 
particularly useful.

You may (optionally) use the Min: and Max: settings to 
set the expected linear phase range of the device 
under test. For this result, the device delay is com-
puted as the best linear fit to the phase data between 
the Min frequency and the Max frequency. Excess 
phase is then computed as the difference from the lin-
ear fit.

Min and Max frequencies cannot extend beyond 
sweep Start and Stop frequencies.

See more information about wrapped and unwrapped 
phase in the next paragraphs.

Units
Units available for Continuous Sweep: Phase are:

More about Wrapped and 
Unwrapped Phase
Wrapped phase results
Phase angles within a circle are typically expressed in 
degrees within the range of 0° to 360°. Using this 
frame of reference, if the phase of a signal has shifted 
by exactly 360°, it is considered to have “wrapped” 
back to 0° and is now “back in phase.” Raw, 
unwrapped phase values are converted to wrapped 
values by subtracting 360 n times, until there is a 
remainder between 0° and 360°. This remainder is 
the wrapped value. For example, an unwrapped phase 
measurement of 742° would be displayed as a 
wrapped value of 22°. APx500 expresses wrapped 
phase using the range of –180° to +180°.

Unwrapped phase results
Phase angles of many thousands of degrees can be 
shown in an unwrapped phase mode.

X-axis Y-axis 

•Hz •deg
•dHz •rad
•F/R
•%Hz
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Continuous Sweep: Group Delay

This result is not available in open loop con-
figuration.

Group delay is a measure of the rate of change of 
phase shift as a function of frequency. Group delay 
can also be described as a time delay of a group of 
frequencies with respect to the generator.

The Group Delay result is a continuous sweep mea-
surement that displays the group delay measured in 
each channel, plotted against frequency.

Units
Units available for Continuous Sweep: Group Delay 
are:

Continuous Sweep: THD Ratio

The THD Ratio result is a continuous sweep measure-
ment that provides a graphical display of the har-
monic distortion response of each channel. In this 
result the ratio of the level of the THD (total harmonic 

distortion) to the fundamental in the DUT output is 
plotted against frequency.

See more information about THD below.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Calculation Mode
Select the calculation method for computing distor-
tion ratios. Options are:

•IEC

•IEEE

The IEC calculation method takes the sum of the har-
monics as the numerator and the sum of the harmon-
ics plus the fundamental as the denominator.

The IEEE calculation is made by taking the sum of the 
harmonics as the numerator and the fundamental as 
the denominator. See “More About Calculation Mode” 
on page 451.

Normalized Checkbox
Results can be normalized by checking the Normalize 
checkbox. Normalized results can eliminate distortion 
artifacts caused by external sources of distortion like 
room reflections. See “More about Normalized 
Results” on page 451.

Units
Units available for Continuous Sweep: THD Ratio are:

More about THD
THD is an abbreviation for Total Harmonic Distortion. 
This refers to the sum of all the harmonic distortion 
products in a measurement. Noise is not included in a 
THD measurement.

THD without the noise was not easily done until the 
advent of FFT measurement techniques. The APx500 
implementation measures only the bins that contain 
harmonic distortion products, producing a result that 
is not influenced by DUT noise or spurious interfering 
signals. In a very low-noise system, the THD result will 
be the same as the THD+N result.

The FFT method that provides THD results also brings 
the capability to selectively measure discrete har-
monic distortion products.

In the various THD and Distortion Product ratio mea-
surements in APx, the rms level of the measured dis-
tortion is divided by the rms level of the fundamental, 
unlike the THD+N ratio results discussed above, 

X-axis Y-axis

•Hz •s (seconds)
•dHz
•F/R
•%Hz

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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where the ratio is to the total signal. The difference is 
negligible for all reasonable distortion levels.

Also see More about THD+N on page 619.

Continuous Sweep: THD Level

The THD Level result is a continuous sweep measure-
ment that provides a graphical display of the har-
monic distortion response of each channel. In this 
result the level of the THD (total harmonic distortion) 
in the DUT output is plotted against frequency.

See the previous topic for more information about 
THD.

Units
Units available for Continuous Sweep: THD Level are:

Continuous Sweep: Distortion Prod-
uct Ratio

The Continuous Sweep Distortion Product Ratio result 
is a continuous sweep measurement that provides a 
graphical display of the selected harmonic distortion 
products present in each channel. In this result the 
ratio of the level of the selected harmonic distortion 
product to the fundamental in the DUT output is plot-
ted against frequency.

Select the harmonic distortion product(s) you wish to 
view using the Harmonics controls, described below.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Calculation Mode
Select the calculation method for computing distor-
tion ratios. Options are:

•IEC

•IEEE

The IEC calculation method takes the sum of the har-
monics as the numerator and the sum of the harmon-
ics plus the fundamental as the denominator.

The IEEE calculation is made by taking the sum of the 
harmonics as the numerator and the fundamental as 
the denominator. See “More About Calculation Mode” 
on page 451.

Normalized Checkbox
Results can be normalized by checking the Normalize 
checkbox. Normalized results can eliminate distortion 
artifacts caused by external sources of distortion like 
room reflections. See “More about Normalized 
Results” on page 451.

Harmonics
For a graph of the ratio of one specific harmonic prod-
uct to the signal level, select Single Harmonic and set 
the Harmonic Number to your choice, from 2nd har-
monic to 20th harmonic.

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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For a graph of the sum of the levels of any combina-
tion of harmonic products (from H2 through H20), 
divided by the signal level, select Sum of Harmonics. 
Then click Select Harmonics... to open a result defini-
tion dialog.

Units
Units available for Continuous Sweep Distortion Prod-
uct Ratio are:

Continuous Sweep: Distortion Prod-
uct Level

The Continuous Sweep Distortion Product Level result 
is a continuous sweep measurement that provides a 
graphical display of the selected harmonic distortion 
products present in each channel. In this result the 
level of the selected harmonic distortion product in 
the DUT output is plotted against frequency.

Select the harmonic distortion product(s) you wish to 
view using the Harmonics controls, described below.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Harmonics
For a graph of the level of one specific harmonic prod-
uct, select Single Harmonic and set the Harmonic 
Number to your choice, from 2nd harmonic to 20th 
harmonic. 

For a graph of the level of the sum of several or all 
harmonic products (from H2 through H20), select Sum 
of Harmonics, then click Select Harmonics... to open a 
result definition dialog.

Units
Units available for Continuous Sweep Distortion Prod-
uct Level are:

Continuous Sweep: Impulse 
Response

The Impulse Response result is a continuous sweep 
measurement that displays the impulse response for 
each channel. Impulse response is plotted against 
time.

See page 313 for more information about impulse 
response.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Interpolation
For time-domain displays, the APx500 graphs are nor-
mally plotted using sinc function interpolation. This is 
the default setting. However, digital domain signals 
are sometimes best understood when viewing actual 
samples, with no interpolation. Turn display interpola-
tion ON or OFF here.

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Units
Units available for Impulse Response are:

More about Impulse Response
The impulse response of the DUT is derived from the 
APx500 log-swept continuous sweep measurement. 
This gives the same result (although with better signal 
to noise ratio) as would be produced by stimulating 
the DUT with an impulse and observing the output in 
the time domain. This result is useful to study arti-
facts that move or spread the stimulus in the time 
domain, such as delay, reverberation, echo or reflec-
tion, etc.

Impulse response is a property of the device or sys-
tem under test, and for same-domain measurements 
(analog to analog, for example) the impulse response 
is unitless, which we represent in APx500 as “x/y”. For 
cross-domain measurements, the impulse response is 
expressed as the relationship between output and 
input. A DAC, for example, has an impulse response 
expressed in units of V/D. See Chapter 109 for more 
information about units of measurement.

An ideal impulse response does not change with stim-
ulus level.

Continuous Sweep: Acquired Wave-
form

The Acquired Waveform result is a continuous sweep 
measurement that displays the Acquired Waveform for 
each channel. See page 315 for more information 
about acquired waveform.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Interpolation
For time-domain displays, the APx500 graphs are nor-
mally plotted using sinc function interpolation. Interpo-
lation adds points to the displayed trace that do not 
exist in the measured data, to make data trends more 
easily visualized. The default in APx is to have Interpo-
lation On. However, digital domain signals are some-
times best understood when viewing actual samples, 
with interpolation switched Off. Also see “Interpola-
tion and limit failure markers” on page 800.

Units
Units available for Acquired Waveform are:

Continuous Sweep: Crosstalk, One 
Channel Driven

This result is not available in open loop con-
figuration.

The Crosstalk, One Channel Driven result provides a 
graphical display of the crosstalk from a selected 
source channel into each of the other channels. See 
page 336 for more information about crosstalk.

Units
Crosstalk is expressed as a ratio, with the crosstalk in 
the measured channel divided by the actual signal 
level in that channel. The result is typically stated in 
decibels.

Units available for Continuous Sweep: Crosstalk, One 
Channel Driven are:

X-axis
Y-axis 
same-domain

Y-axis 
cross-domain

•s (seconds) •x/y •D/V
—or—
•V/D

X-axis Y-axis (analog) Y-axis (digital)

•s (seconds) •V •D
•hex

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Continuous Sweep: Acquired Cross-
talk Waveform, One Channel Driven

This result is not available in open loop con-
figuration.

The Acquired Crosstalk Waveform, One Channel Driven 
result is a continuous sweep measurement that dis-
plays the Acquired Crosstalk Waveform for each 
undriven channel. This acquisition is only made when 
Crosstalk Mode is set to High Accuracy, One Channel 
Driven. See page 315 for more information about 
acquired waveform.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Interpolation
For time-domain displays, the APx500 graphs are nor-
mally plotted using sinc function interpolation. Interpo-
lation adds points to the displayed trace that do not 
exist in the measured data, to make data trends more 
easily visualized. The default in APx is to have Interpo-
lation On. However, digital domain signals are some-
times best understood when viewing actual samples, 
with interpolation switched Off. Also see “Interpola-
tion and limit failure markers” on page 800.

Units
Units available for Acquired Crosstalk Waveform are:

Continuous Sweep: Crosstalk, One 
Channel Undriven

This result is not available in open loop con-
figuration.

The Crosstalk, One Channel Undriven result is a con-
tinuous sweep measurement that provides a graphi-
cal display of the combined crosstalk into each 
channel from all the other channels. See page 336 for 
more information about crosstalk.

To measure make a continuous sweep Crosstalk, One 
Channel Undriven measurement, first select a source 
channel the Source list beneath the graph. Click Start. 
You can select another Source channel, and repeat 
the test by clicking Start again.

You can change the Source channel selection at any 
time (except after appending) and the graph will 
immediately redraw to show crosstalk from that new 
source.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Source
Designate a channel as the Source for crosstalk 
results.

Units
Crosstalk is expressed as a ratio, with the crosstalk in 
the measured channel divided by the fundamental sig-
nal level in that channel. The result is typically stated 
in decibels.

Units available for Continuous Sweep: Crosstalk, One 
Channel Undriven are:

X-axis Y-axis (analog) Y-axis (digital)

•s (seconds) •V •D
•hex

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Continuous Sweep: Frequency 
Shift

This result is not available in Closed Loop
Configuration.

The Continuous Sweep: Frequency Shift result is a sin-
gle value result computed by comparing the fre-
quency of the acquired pilot tone with the generated 
pilot tone in an open loop measurement. In this view 
the degree of frequency shift of each channel is dis-
played as a meter bar. 

Units
Units available for Continuous Sweep: Frequency Shift 
are

•%

•ppm

Continuous Sweep: Acquired Cross-
talk Waveform, One Channel 
Undriven

The Acquired Crosstalk Waveform, One Channel 
Undriven result is a continuous sweep measurement 
that displays the Acquired Crosstalk Waveform for 
each channel. This acquisition is only made when 
Crosstalk Mode is set to High Accuracy, One Channel 
Undriven. See page 315 for more information about 
acquired waveform.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Interpolation
For time-domain displays, the APx500 graphs are nor-
mally plotted using sinc function interpolation. Interpo-
lation adds points to the displayed trace that do not 
exist in the measured data, to make data trends more 
easily visualized. The default in APx is to have Interpo-
lation On. However, digital domain signals are some-
times best understood when viewing actual samples, 
with interpolation switched Off. Also see “Interpola-
tion and limit failure markers” on page 800.

Units
Units available for Acquired Crosstalk Waveform are:

More about Acquired Waveforms
After having passed through the DUT, the continuous 
sweep waveform is acquired into memory for analysis. 
The Acquired Waveform result is a time-domain dis-
play of the waveform as acquired.

Acquired Waveform, flat DUT.

Acquired Waveform, EQ’d DUT.

More about chirp-based measure-
ments
The APx500 Continuous Sweep, Acoustic Response, 
Frequency Response, Impedance/Thiele Small and 
Loudspeaker Production Test measurements use a 
Farina log-swept sine, often called a chirp or log chirp, 
as a stimulus. 

The use of log-swept sine chirps as stimuli and the 
subsequent analysis was pioneered by Dr. Angelo 

X-axis Y-axis (analog) Y-axis (digital)

•s (seconds) •V •D
•hex
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Farina of the University of Parma, Italy. Farina showed 
that a deconvolution of the input and output signals 
yields time separated impulses of the linear and har-
monic responses of the system being tested. By care-
fully time-windowing and transforming the various 
impulses, the individual response functions can be 
recovered from which many different measurements 
can then be derived mathematically. In other words, 
almost every common audio measurement can be 
obtained from a single brief acquisition.

Chirp-based measurements Frequency Response, 
Impedance/Thiele Small and Loudspeaker Production 
Test must be used in a closed-loop configuration. Con-
tinuous Sweep and Acoustic Response measure-
ments can be used in closed-loop or open-loop 
configurations.

Advantages
A Farina chirp is quite fast and can provide many high-
resolution results from a single acquisition. A typical 
APx continuous sweep chirp measurement currently 
returns 17 results, each made up of many thousands 
of data points across multiple channels, across a 
range that, depending upon configuration, could be as 
wide as 4 Hz to 96 kHz, in about 2 seconds.

Limitations
1. Open-loop configurations are not supported for 

Frequency Response, Impedance/Thiele Small or 
Loudspeaker Production Test measurements. For 
these measurements, total delay through device 
or system under test for closed-loop configura-
tions must be less than 3 seconds.

2. Sweeps with Stop frequencies less than 1 kHz are 
not supported. See “Sweep range,” below.

3. Harmonic Distortion is measured using the THD 
method. This method may produce different 
results from the traditional THD+N method. See 
“More about THD” on page 310 and “More about 
THD+N” on page 619.

4. When using the Continuous Sweep measurement 
in closed loop and Crosstalk Type is set to High 
Speed, the measurement generates chirps that 
are delayed from channel to channel, with channel 
2 slightly later than 1, channel 3 slightly later than 
2, and so on. These staggered chirps enable the 
processing algorithms to determine the interchan-
nel crosstalk, all from the same acquisition. In 
some circumstances, the staggered chirps can 
produce unexpected results. See “Continuous 
Sweep Crosstalk modes” on page 317 and “Solu-
tions for Unexpected Continuous Sweep Crosstalk 
Results” on page 318.
High Speed Crosstalk is not supported in the other 
chirp-based measurements, and is not supported 
in Continuous Sweep in open loop configuration.

Sweep range
For 2-channel analog outputs, the chirp can be swept 
from a minimum of 0.1 Hz to a maximum of 80.1 kHz. 
For digital output, the maximum frequency is 1/2 the 
current Sample Rate. The default range is 20 Hz to 
20 kHz. Start Frequency can be set to any frequency 
within the range of 0.1 Hz to a frequency equal to 1/2 
the current Stop Frequency.

For 8-channel analog outputs, the chirp can be swept 
from a minimum of 5.0 Hz to a maximum of 80.1 kHz. 
For digital output, the maximum frequency is 1/2 the 
current Sample Rate. The default range is 20 Hz to 
20 kHz. Start Frequency can be set to any frequency 
within the range of 5.0 Hz to a frequency equal to 1/2 
the current Stop Frequency.

For analog output, Stop Frequency can be set to any 
frequency within the range of 1 kHz to 80.1 kHz 
(depending upon system bandwidth setting). For digi-
tal output, the maximum frequency is 1/2 the current 
Sample Rate.

Note that the stimulus signal is actually
swept to 110% of the designated Stop Fre-
quency (or to the Nyquist frequency, which-
ever is lower).

Pre-sweep
The total length of the Farina chirp stimulus includes a 
pre-sweep time in addition to the sweep time. The pre-
sweep is an extension of the chirp that begins slightly 
below the specified start frequency, reaching the start 
frequency at the end of the pre-sweep time. The 
amplitude of the pre-sweep is modulated from zero to 
the sweep level during the pre-sweep, and the stimu-
lus begins at a zero-crossing point to avoid destabiliz-
ing the Device Under Test and creating an initial 
transient “pop.” Pre-sweep times can be set from 0 s 
to 1 s, with a default of 100 ms. Note that in open 
loop configuration, the chirp stimulus also includes a 
pilot tone, which adds to the duration of the stimulus 
and acquisition.

Sweep
The duration of the chirp sweep can be adjusted from 
a minimum of 100 ms to a maximum of 5 s, with a 
default of 350 ms. A shorter length, of course, pro-
vides for a faster test: stimulus, acquisition and pro-
cessing time are all reduced. Longer sweeps provide 
greater resolution and a better signal-to-noise ratio. 
The 350 ms default length is a good compromise 
between speed and resolution with excellent results.

Extend Acquisition
This control is only available in a closed-loo0p configu-
ration. The DUT output is acquired, digitized and pro-
cessed in DSP. The length of the acquisition is usually 
somewhat longer than the stimulus sweep to allow for 
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time-delayed artifacts created in the DUT. In APx500, 
the acquisition can be extended up to 3.00 s after end 
of stimulus. The default is 50 ms.

Input Range
The analyzer inputs must be ranged to provide an opti-
mal acquisition level for a continuous sweep. The 
APx500 implementation uses autoranging, with the 
first range set to the lowest level for the best noise 
performance. If this range is too low, data from the 
out-of-range sweep are discarded. The input range is 
moved up and the sweep is repeated. This process 
may result in several sweep attempts before the cor-
rect range is determined; however, since the sweeps 
are very fast (typically one second) the total acquisi-
tion time is short.

If your sweep is a step in an automated sequence that 
you would like to run as fast as possible, you can opti-
mize the speed of the ranging process by setting the 
range floor to the correct range for the measurement. 
Ranging is set on the Advanced Settings panel (page 
318).

Troubleshooting Unexpected Continu-
ous Sweep Results
Continuous sweep measurements can quickly gather 
data for many results across multiple channels. How-
ever, adverse conditions in the DUT or system under 
test can produce unexpected results when using Con-
tinuous Sweep. These conditions include high distor-
tion (such as clipping), presence of spurious signals 
(hum, buzz or other signals), or high crosstalk, includ-
ing crosstalk of distortion products within the DUT.

The solution generally is to configure or adjust the 
DUT or system under test to minimize these condi-
tions. In some cases, you may have to choose another 
APx measurement for your test.

Continuous Sweep Crosstalk 
modes
Overview
APx500 offers a selection of Crosstalk modes for Con-
tinuous Sweep when in closed loop. These modes 
affect the time-alignment of the sweep stimulus 
across channels, and the results available for Continu-
ous Sweep Crosstalk, One Channel Driven and Contin-
uous Sweep Crosstalk, One Channel Undriven. 

These choices offer an alternative to the original Con-
tinuous Sweep crosstalk mode (High Speed), which 
required that the continuous sweep stimulus signal be 
delayed across output channels.

The High Speed crosstalk method relies on starting 
the sweep at different times, across channels. For 
example, the sweep in channel 1 starts at T0, the 
sweep in channel 2 starts at T1, and so on. In analy-

sis, the signals “crosstalking” from other channels can 
be identified by their time offsets. This method 
enables the measurement of multichannel crosstalk 
very quickly, in one sweep cycle.

The time-offset stimulus and the analysis required to 
separate the crosstalk signals can create confusing 
artifacts in the results; it returns no results at all 
below 1 kHz; in some circumstances, it can affect 
other continuous sweep results. The Crosstalk Type 
selection feature allows you to use the High Speed 
method or choose alternatives that do not use time-
offset sweep signals. The High Accuracy crosstalk 
modes provide excellent results, but require multiple 
sweep cycles and more test time.

Crosstalk Type
None
Sweeps are aligned in time across channels. There is 
only one sweep cycle, with no crosstalk results.

High speed (default)
Sweeps are offset in time across channels. There is 
one sweep cycle, and high-speed crosstalk results are 
reported for both Crosstalk, One Channel Undriven 
and Crosstalk, One Channel Driven results. 

High accuracy, one channel driven
Sweeps are aligned in time across channels. There 
are n sweep cycles, where n = channel count. Only 
one channel is driven per sweep cycle. With each 
sweep cycle, the driven channel is advanced to the 
next channel, until all channels have been tested. 
Crosstalk, One Channel Driven are reported.

High accuracy, one channel undriven
Sweeps are aligned in time across channels. There 
are n sweep cycles, where n = channel count. All chan-
nels but one are driven per sweep cycle. With each 
sweep cycle, the undriven channel is advanced to the 
next channel, until all channels have been tested. 
Crosstalk, One Channel Undriven results are reported.

Comparison of measurement results
As mentioned above, a key difference in the crosstalk 
method is the type of stimulus signal used, whether 
the log chirp is aligned across channels, or offset.

High-speed results
No results are returned below 1 kHz. Results between 
2 kHz and the maximum sweep frequency agree well 
with the high-accuracy results. There is a small arti-
fact at the high-frequency end of the sweep.

High-accuracy results
Results are returned across the entire spectrum.
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Noise in continuous sweep crosstalk 
results
Since crosstalk results are often very low in ampli-
tude, the DUT noise or system noise is a measurable 
component of a crosstalk result when no bandpass fil-
tering is used. Since bandpass filtering is unavailable 
for continuous sweep measurements, we recommend 
using a relatively high stimulus level for continuous 
sweep crosstalk measurements.

Solutions for Unexpected Contin-
uous Sweep Crosstalk Results
Continuous Sweep High Speed cross-
talk method (staggered sweeps across 
channels)
When in closed loop and Continuous Sweep Crosstalk 
Type is set to High Speed, the Continuous Sweep mea-
surement generates log chirps that are delayed from 
channel to channel, with channel 2 slightly later than 
1, channel 3 slightly later than 2, and so on. These 
“staggered sweeps” enable the analysis software to 
identify crosstalk signals for all channels within one 
stimulus/response cycle.

For most testing, this method provides fast, accurate 
results. However, staggered sweeps and the analysis 
necessary to interpret the data produce some unex-
pected conditions and results, which can be compli-
cated by errors in cable connection or DUT 
characteristics.

•The FFT windowing required to focus on the cross-
talk data limits the range of the crosstalk mea-
surements to frequencies above 1 kHz.

•A DUT with different delays across channels will 
produce erroneous crosstalk results.

•Mis-connection or swapping of channel connec-
tions will produce erroneous crosstalk results.

•Similarly, mixing of channels within the DUT will 
produce erroneous crosstalk results.

•The heuristic required in the crosstalk analysis 
method creates a measurement floor that is 
higher than the true instrument floor. This mea-
surement floor is also dependent upon the mea-
surement setup, in particular the relationship 
between sweep range and sample rate/channel 
bandwidth. Crosstalk above the measurement 
floor is correctly measured.

Note: The Frequency Response and Acous-
tic Response measurements do not provide
crosstalk results at all, and thus do not use
staggered sweeps.

Alternative crosstalk methods using 
Continuous Sweep (simultaneous 
sweeps across channels)
Your measurement requirements or DUT characteris-
tics may make the staggered sweep method undesir-
able. 

The Continuous Sweep measurement provides cross-
talk by sequential stimulus/response cycles in these 
two Crosstalk Type selections:

•High accuracy, one channel driven

•High accuracy, one channel undriven

Alternative crosstalk methods using 
other methods
The alternative to using staggered sweeps is to run 
multiple stimulus/response cycles (one for each chan-
nel of interest), with the generator switched to OFF for 
the channel of interest for each cycle, requiring longer 
testing times.

For crosstalk meter measurements, you can use the 
Crosstalk, One Channel Driven, Crosstalk, One Chan-
nel Undriven, or Crosstalk, Custom measurements.

For crosstalk versus frequency stepped sweeps, you 
can use the Crosstalk Sweep, One Channel Driven, 
Crosstalk Sweep, One Channel Undriven, Crosstalk 
Sweep, Custom or Multitone crosstalk measurements.

Advanced Settings for chirp-
based measurements
The default settings here are appropriate for most 
measurements. You may want to make adjustments 
for special situations.

Signal Generation
You can set different output levels or DC offsets for 
each channel here.

If Levels Track Ch1 is checked (the default), the gen-
erator output level and offset values for channel 1 are 
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copied to the other channels, and output levels for 
channels greater than 1 cannot be edited. Any 
changes made to channel 1 are reproduced in the 
other channels.

To set individual generator output channel levels or 
offsets, uncheck the Levels Track Ch1 checkbox and 
enter values in the output channel Level or Offset 
fields.

Signal Acquisition and Analysis
Input Range

Digital inputs do not require ranging, and
Input Range settings are unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. 

Continuous Sweep based measurements use a modi-
fied autoranging process to find the correct input 
range.

The sweep acquisition begins in a particular range 
called the range floor, and moves up from there if nec-
essary. By default, the range floor is the lowest range, 
but you can specify a higher range by entering the 
value in the Minimum Range field.

If the initial range is correct for the signal, the acquisi-
tion is made and the data are processed and dis-
played. If this range is too low, data from the out-of-
range sweep are discarded. The input range is moved 
up and the sweep is repeated. This process may result 
in several sweep attempts before the correct range is 
determined; however, since the sweeps are very fast 
(typically one second) the total acquisition time is 
short.

If your sweep is a step in an automated sequence that 
you would like to run as fast as possible, you can opti-
mize the speed of the ranging process by setting the 
range floor to the correct range for the measurement.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently. 

Read more about ranging in Chapter 103.

Chirp with Pilot Tone
Acoustic Response and Continuous Sweep add a pilot 
tone before the chirp stimulus to synchronize the anal-
ysis when in Open Loop configuration. There are con-
trols in the measurement panels to set the level, 
frequency, and duration of the signals, and also the 
duration of the silence between the pilot tone and the 
chirp, and additional silence between iterations of the 
entire signal. The following diagrams will clarify these 
relationships.

Level Considerations
In these illustrations, the pilot tone and the chirp are 
set to the same level. You can set them to different 
levels, but do not set the pilot to a very high level rela-
tive to the chirp, e.g. +25 to +30 dB or more. The ana-
lyzer will fail to process the chirp correctly in this 
circumstance
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.

One complete stimulus signal, chirp-based measurement in open loop configuration.

Two iterations of a complete stimulus signal, chirp-based measurement in open loop configuration.

Duration and frequency tolerance relationships
When the stimulus is acquired by the analyzer, the 
pilot tone frequency is measured and compared to the 
pilot frequency defined in the project file. If the pilot 
tone frequency is beyond the frequency tolerance 
range of ±3%, the acquisition is abandoned.

DUT frequency shift produces a duration change of 
the entire stimulus signal that can cause inadequate 
separation of stimulus signals in acquisition of multi-
ple iterations. The pilot tone duration, post-pilot 
silence duration, sweep duration and mandatory mini-
mum post-chirp silence duration are constrained in 
relation to each other and calculated in consideration 
of possible DUT frequency shift of up to ±3%.

Mixed delay across channels in open 
loop chirp-based acquisitions
There are some use cases where channels of an 
acquisition may be delayed in relation to each other. 
This may be an acoustic delay due to microphone 
positions, or an electronic delay, or multiple record-
ings with arbitrary delays that have been combined 
into a multichannel audio file for analysis.

In any case, if the delay between the pilot/chirp signal 
on any channel is more than a few milliseconds, the 
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acquisition may be truncated for channels with longer 
delays, and the analysis will fail.

Mixed delay waveforms. Channel 2 is later than channel 1.

In the case of mixed delays across channels in an 
audio file, one solution is to time-align the channels in 
an intermediate step using a third-party audio editor 
such as Audacity. and use the edited file as an input 
to the APx analyzer.

Time aligned waveforms. Channels 1 and 2 begin within a 
few ms of each other.
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Crosstalk Sweep, Custom
(Sequence Mode)

Introduction
For the APx515, this measurement requires 
a software option. See page 241 for more
information about software options.

The Crosstalk Sweep, Custom measurement applies a 
stepped frequency sweep signal to the DUT. You must 
take steps to prevent the signal from stimulating the 
channel of interest, as described later in this chapter. 
The level measured at each frequency point in the 
undriven channel is compared to the level measured 
in a driven channel. The ratio is the crosstalk for that 
channel. X axis is generator frequency; Y axis is cross-
talk ratio.

Read more about crosstalk beginning on page 336.

The Crosstalk Sweep, One Channel Driven
measurement is not available in External
Source or in File Input configurations.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

Running the Measurement
The generator outputs the test signal on all channels. 
You must choose a channel of interest to examine, 
and remove the generator signal from that channel. 
The crosstalk (signal leakage) into the channel of 
interest from all of the remaining channels is mea-
sured.

Before you run the sweep, you must prevent the sig-
nal from stimulating the channel of interest, as dis-
cussed next.

Remove the generator signal from the channel of 
interest using one of the following methods:

1. Turn OFF a generator channel.
For many DUTs or systems under test, simply turn-
ing a channel of interest OFF at the generator will 

provide the most useful Crosstalk Seep, Custom 
results. Use one of the generator channel selec-
tion buttons. 

2. Interrupt a channel in the DUT or system under 
test.
For some DUTs or systems, interrupting the signal 
(by switching or disconnection) for the channel of 
interest may provide more useful results. In the 
special case of a DUT that has fewer inputs than 
outputs and where an input is routed within the 
DUT to more than one output, interrupting the sig-
nal within the DUT is the only way to measure 
crosstalk across some channel combinations.

You can select another channel of interest without 
turning off the generator. First, reconnect the current 
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channel of interest, then disconnect the new channel 
of interest. Read the updated results immediately.

For a default sweep of 20 kHz to 1 kHz in 15 logarith-
mic steps, simply click Start. The generator will output 
the sweep signal to the DUT on all available channels. 
Next, you must remove the generator signal from the 
channel of interest (as described above). Read the 
crosstalk measured in each the remaining channel 
from the graph display.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Generator
The configuration for this measurement must be the 
closed-loop configuration, using the APx generator as 
a stimulus.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Start
Set the sweep Start Frequency here.

Stop 
Set the sweep Stop Frequency here.

Sweep
Choose

•Logarithmic point spacing 

•Linear point spacing 

•ISO R-Series point spacing 

•Custom
Edit sweep spacing and number of Points to cre-
ate a Custom sweep. 

ISO Spacing
For ISO R-Series sweeps, select the ISO Spacing here. 
Choose

•R10 (1/3rd Octave), which sets points using the 
1/3 octave preferred values.

•R20 (1/6th Octave), which sets points using the 
1/6 octave preferred values.

•R40 (1/12th Octave), which sets points using the 
1/12 octave preferred values.

•R80 (1/24th Octave), which sets points using the 
1/24 octave preferred values.

Points
For Logarithmic or Linear, set the number of sweep 
points here.

Points > Edit
Open the Data Points dialog to edit, import or export 
the generator sweep points table. See page 599.

Step Size
For linear sweeps, enter the Step Size here.

Level
Set the signal level here. This level may be changed if 
generator equalization is used, and can be adjusted 
on a per-channel basis in Advanced Settings (see 
page 599).

Channels
Toggle specific output channels on or off by clicking on 
the Channel number button.

Analyzer
No local low pass, high pass or weighting fil-
ters are available for this measurement. 
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment. Read more about APx Filters in Chap-
ter 102.

Advanced Settings
If your test requires special adjustments or settings, 
click Advanced Settings. See page 600.

See Chapter 109 for more information about units of 
measurement.
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Crosstalk result

This result shows the crosstalk introduced into Chan-
nel 1 from Channel 2, with both channels driven but 
the Channel 1 connection between the generator and 
the DUT disconnected.

Units
Units available for Crosstalk Sweep, One Channel 
Undriven: Crosstalk are:

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Crosstalk Sweep, One Channel Driven
(Sequence Mode)

Introduction
For the APx515, this measurement requires 
a software option. See page 241 for more
information about software options.

The Crosstalk, One Channel Driven performs a series 
of stepped frequency sweeps where only one channel 
is driven at a time. Each sweep applies the stimulus 
signal to one channel only (initially, Channel 1). Each 
undriven channel is measured for crosstalk. Then the 
sweep is run again, with the next channel (Channel 2) 
driven. This cycle is repeated through the available 
output channels. The level measured at each fre-
quency point in the undriven channel(s) is compared 
to the level measured in the driven channel. The ratio 
of the two is the crosstalk result for that channel. X 
axis is generator frequency; Y axis is crosstalk ratio.

Read more about crosstalk beginning on page 336.

The Crosstalk Sweep, One Channel Driven
measurement is not available in External
Source or in File Input configurations.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

Running the Measurement
For a default sweep of 20 kHz to 1 kHz in 15 logarith-
mic steps, simply click Start. The generator will begin 
a series of sweeps, driving first Channel 1, then the 
next channel until the last available channel has been 
driven. If you want to specify other parameters for your 
sweep, review Generator and Analyzer settings, dis-
cussed below. Click Start when you have approved the 
settings.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 

measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Generator
The configuration for this measurement must be the 
closed-loop configuration, using the APx generator as 
a stimulus.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings.
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High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Start
Set the sweep Start Frequency here.

Stop 
Set the sweep Stop Frequency here.

Sweep
Choose

•Logarithmic point spacing 

•Linear point spacing 

•ISO R-Series point spacing 

•Custom
Edit sweep spacing and number of Points to cre-
ate a Custom sweep. 

ISO Spacing
For ISO R-Series sweeps, select the ISO Spacing here. 
Choose

•R10 (1/3rd Octave), which sets points using the 
1/3 octave preferred values.

•R20 (1/6th Octave), which sets points using the 
1/6 octave preferred values.

•R40 (1/12th Octave), which sets points using the 
1/12 octave preferred values.

•R80 (1/24th Octave), which sets points using the 
1/24 octave preferred values.

Points
For Logarithmic or Linear, set the number of sweep 
points here.

Points > Edit
Open the Data Points dialog to edit import or export 
the generator sweep points table. See page 599.

Step Size
For linear sweeps, enter the Step Size here.

Level
Set the signal level here. This level may be changed if 
generator equalization is used, and can be adjusted 
on a per-channel basis in Advanced Settings (see 
page 599).

Channels
Toggle specific output channels on or off by clicking on 
the Channel number button.

Analyzer
No local low pass, high pass or weighting fil-
ters are available for this measurement. 
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment. Read more about APx Filters in Chap-
ter 102.

Source
Set the Source control beneath the graph in the result 
panel to view the crosstalk signal(s) introduced into 
the non-source channel(s).

Advanced Settings
If your test requires special adjustments or settings, 
click Advanced Settings. See page 600.

See Chapter 109 for more information about units of 
measurement.

Crosstalk result

This result shows the crosstalk introduced into Chan-
nel 2, while Channel 1 is set as the Source.

Units
Units available for Crosstalk Sweep, One Channel 
Driven: Crosstalk ratio are:

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Crosstalk Sweep, One Channel Undriven
(Sequence Mode)

Introduction
For the APx515, this measurement requires 
a software option. See page 241 for more
information about software options.

The Crosstalk, One Channel Undriven measurement 
performs a series of stepped frequency sweeps where 
all channels but one are driven. Each sweep applies 
the stimulus signal to all channels except the undriven 
channel (initially, Channel 1). The undriven channel is 
measured for crosstalk. Then the sweep is run again, 
with the next channel (Channel 2) undriven. This cycle 
is repeated through the available output channels. 
The level measured at each frequency point in the 
undriven channel(s) is compared to the level mea-
sured in a driven channel. The ratio of the two is the 
crosstalk result for that channel. X axis is generator 
frequency; Y axis is crosstalk ratio.

Read more about crosstalk beginning on page 336.

The Crosstalk Sweep, One Channel Driven
measurement is not available in External
Source or in File Input configurations.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

Running the Measurement
For a default sweep of 20 kHz to 1 kHz in 15 logarith-
mic steps, simply click Start. The generator will begin 
a series of sweeps, driving first Channel 1, then the 
next channel until the last available channel has been 
driven. If you want to specify other parameters for your 
sweep, review Generator and Analyzer settings, dis-
cussed below. Click Start when you have approved the 
settings.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 

graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Generator
The configuration for this measurement must be the 
closed-loop configuration, using the APx generator as 
a stimulus.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings.
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High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Start
Set the sweep Start Frequency here.

Stop 
Set the sweep Stop Frequency here.

Sweep
Choose

•Logarithmic point spacing 

•Linear point spacing 

•ISO R-Series point spacing 

•Custom
Edit sweep spacing and number of Points to cre-
ate a Custom sweep. 

ISO Spacing
For ISO R-Series sweeps, select the ISO Spacing here. 
Choose

•R10 (1/3rd Octave), which sets points using the 
1/3 octave preferred values.

•R20 (1/6th Octave), which sets points using the 
1/6 octave preferred values.

•R40 (1/12th Octave), which sets points using the 
1/12 octave preferred values.

•R80 (1/24th Octave), which sets points using the 
1/24 octave preferred values.

Points
For Logarithmic or Linear, set the number of sweep 
points here.

Points > Edit
Open the Data Points dialog to edit import or export 
the generator sweep points table. See page 599.

Step Size
For linear sweeps, enter the Step Size here.

Level
Set the signal level here. This level may be changed if 
generator equalization is used, and can be adjusted 
on a per-channel basis in Advanced Settings (see 
page 599).

Channels
Toggle specific output channels on or off by clicking on 
the Channel number button.

Analyzer
No local low pass, high pass or weighting fil-
ters are available for this measurement. 
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment. Read more about APx Filters in Chap-
ter 102.

Advanced Settings
If your test requires special adjustments or settings, 
click Advanced Settings. See page 600.

See Chapter 109 for more information about units of 
measurement.

Crosstalk result

This result shows the crosstalk introduced into Chan-
nel 1 from Channel 2, and the crosstalk introduced 
into Channel 2 from Channel 1.

Units
Units available for Crosstalk Sweep, One Channel 
Undriven: Crosstalk are:

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Crosstalk, Custom
(Sequence Mode)

Crosstalk is unwanted leakage or bleed of a signal 
from one or more channels to other channels within a 
device.

The Crosstalk, Custom measurement result provides a 
measurement of the crosstalk into one undriven DUT 
channel, while the other channels are driven. For this 
measurement, the user must manually turn OFF or 
interrupt the signal to the undriven channel.

More Information
For more information about crosstalk, see page 336. 
Also see the Crosstalk, One Channel Drive measure-
ment in Chapter 39 and Crosstalk, One Channel 
Undriven measurement in Chapter 40.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

Be sure that external sources or input/generator files 
correspond with the Crosstalk “Driven Channel” set-
ting.

By default, the Crosstalk, Custom measurement uses 
a sine wave at the frequency and level set in the Sig-
nal Generation panel as the test signal. Since cross-
talk typically increases with frequency, 10 kHz has 
been selected as the default frequency.

Alternatively, you can select a generator waveform file 
as the test signal, using the file browser in the Wave-
form drop-down menu. See Chapter 6 for more infor-
mation about using Generator Waveform files.

The generator outputs the test signal on all channels. 
You must choose a channel of interest to examine, 
and remove the generator signal from that channel. 
The crosstalk (signal leakage) into the channel of 
interest from all of the remaining channels is mea-
sured.

To measure Crosstalk, Custom, turn the Generator On. 
The generator will output the test signal to the DUT on 
all channels. Next, you must remove the generator sig-
nal form the channel of interest (see below). Read the 
crosstalk measured in each remaining channel from 
the meter bar display.
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Removing the generator signal from the channel 
of interest
Remove the generator signal from the channel of 
interest using one of the following methods:

1. Turn OFF a generator channel.
For many DUTs or systems under test, simply turn-
ing a channel of interest OFF at the generator will 
provide the most useful Crosstalk, Custom results. 
Use one of the generator channel selection but-
tons. When in External Source mode, playing a 
waveform with the channel of interest silent will 
provide the same results.

2. Interrupt a channel in the DUT or system under 
test.
For some DUTs or systems, interrupting the signal 
(by switching or disconnection) for the channel of 
interest may provide more useful results. In the 
special case of a DUT that has fewer inputs than 
outputs and where an input is routed within the 
DUT to more than one output, interrupting the sig-
nal within the DUT is the only way to measure 
crosstalk across some channel combinations.

You can select another channel of interest without 
turning off the generator. First, reconnect the current 
channel of interest, then disconnect the new channel 
of interest. Read the updated results immediately.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings on 
page 427.

Crosstalk

The Crosstalk measurement result provides a single-
value measurement crosstalk in the DUT. In this case, 
the Channel 2 drive signal has been interrupted in the 
DUT, so crosstalk results only appear in Channel 2.

Crosstalk is usually expressed as a ratio, with the 
measured crosstalk in the unstimulated channel 
divided by the full signal level measured in a stimu-
lated channel. The result is typically stated in decibels 
or as a percentage.

Units
Crosstalk is usually expressed as a ratio, with the 
measured crosstalk in the unstimulated channel 
divided by the full signal level measured in a stimu-
lated channel. The result is typically stated in decibels 
or as a percentage.

Units available for crosstalk are

•x/y

•%

•ppm

•dB

See Chapter 109 for more information about units of 
measurement.
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Crosstalk, One Channel Driven
(Sequence Mode)

Crosstalk is unwanted leakage or bleed of a signal 
from one or more channels to other channels within a 
device.

The Crosstalk, One Channel Driven measurement 
result provides a measurement of the crosstalk into 
the unstimulated DUT channel(s), when one channel 
is stimulated. 

More Information
For more information about crosstalk, see page 336. 
Also see the Crosstalk, Custom measurement in Chap-
ter 38 and Crosstalk, One Channel Undriven measure-
ment in Chapter 40.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

Be sure that external sources or input/generator files 
correspond with the Crosstalk “Driven Channel” set-
ting.

By default, the Crosstalk, One Channel Driven mea-
surement uses a sine wave at the frequency and level 
set in the Signal Generation panel as the test signal. 
Since crosstalk typically increases with frequency, 
10 kHz has been selected as the default frequency.

The generator outputs the test signal on one channel 
only, called the “Driven Channel.” The crosstalk (sig-
nal leakage) in each of the remaining channels is 
measured.

To measure Crosstalk, One Channel Driven, turn the 
Generator ON. The generator will output the test sig-
nal to the DUT on the selected Driven Channel. 

Since the Crosstalk, One Channel Driven measure-
ment relies on your choice of a Driven Channel, as 
described above, deselecting other generator chan-
nels can produce ambiguous results. We recommend 
that for Crosstalk measurements all the generator 
channel selection buttons remain set to ON, the 
default condition.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
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which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Analyzer
The meter bar display excludes data from the Driven 
Channel; read the crosstalk measured in each remain-
ing channel from the active meter bars.

You can select another channel as the Driven Chan-
nel with the Generator ON, and read the updated 
results immediately.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings on 
page 427.

Crosstalk

The Crosstalk measurement result provides a single-
value measurement crosstalk in the DUT. In this case, 
the Driven Channel is Channel 1, so crosstalk results 
only appear in Channel 2.

Crosstalk is usually expressed as a ratio, with the 
measured crosstalk in the unstimulated channel 
divided by the full signal level measured in a stimu-
lated channel. The result is typically stated in decibels 
or as a percentage.

Units
Units available for crosstalk are

•x/y

•%

•ppm

•dB

See Chapter 109 for more information about units of 
measurement.
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Crosstalk, One Channel Undriven
(Sequence Mode)

Crosstalk is unwanted leakage or bleed of a signal 
from one or more channels to other channels within a 
device.

The Crosstalk, One Channel Undriven measurement 
result provides a measurement of the crosstalk into 
one unstimulated DUT channel (the undriven chan-
nel), while the other channels are stimulated. This 
Crosstalk measurement automatically steps the mea-
surement through the channels.

Note: The Crosstalk, One Channel Undriven
measurement is not available in External
Source configuration.

More Information
For more information about crosstalk, see page 336. 
Also see the Crosstalk, Custom measurement in Chap-
ter 38 and Crosstalk, One Channel Driven measure-
ment in Chapter 39.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
This measurement must be made in the closed-loop 
configuration with balanced analog outputs, using the 
APx generator as a stimulus.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings.

The Crosstalk, One Channel Undriven measurement 
uses a sine wave at the frequency and level set in the 
Signal Generation panel as the test signal. Since 
crosstalk typically increases with frequency, 10 kHz 
has been selected as the default frequency.

To run Crosstalk, One Channel Undriven, click Start. 
The generator will output the test signal to the DUT on 
all channels except Channel 1. After the first result is 
displayed, the measurement runs again with Channel 
1 turned ON, and Channel 2 OFF. This process repeats 
through all of the available channels. Read the cross-
talk measured in each remaining channel from the 
meter bar display.

Since the Crosstalk, One Channel Undriven measure-
ment relies on stimulating one channel at a time as 
described above, deselecting generator channel(s) will 
produce ambiguous results. We recommend that for 
Crosstalk, One Channel Undriven measurements all 
generator channel selection buttons remain set to ON, 
the default condition.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
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formance Sine Generator starting on page 83 for a 
comparison of features.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings on 
page 427.

Crosstalk

Units
Crosstalk is usually expressed as a ratio, with the 
measured crosstalk in the unstimulated channel 
divided by the full signal level measured in a stimu-
lated channel. The result is typically stated in decibels 
or as a percentage.

Units available for Crosstalk, One Channel Undriven 
are

•x/y

•%

•ppm

•dB

See Chapter 109 for more information about units of 
measurement.

More about Crosstalk
Crosstalk is expressed as a ratio. The measured cross-
talk level in a channel is divided by the measured level 
of the stimulus tone in the source channel. Crosstalk 
is typically stated in decibels (dB).

Crosstalk should normally be measured as a function 
of frequency, since the values are likely to vary 
strongly with frequency. The most common circuit 
mechanisms causing crosstalk are stray capacitive 
and inductive coupling. If circuit impedances are 
approximately constant with frequency, crosstalk 
caused by a single instance of capacitive coupling will 

increase with increasing frequency at a 6 dB per 
octave rate. That is, crosstalk due to single pole 
capacitive coupling will be 6 dB worse at 4 kHz than at 
2 kHz, etc. Crosstalk can also be caused by inductive 
coupling, shared power supplies, shared ground 
returns, etc., so the relationship is often not the sim-
ple capacitive coupling model.

For traditional techniques, crosstalk is measured 
selectively. That is, a narrow bandpass filter in the 
analyzer is tuned to the generator frequency, in order 
to measure crosstalk at or below the wideband noise 
level. This is not merely an academic concern; the 
human ear is able to distinguish coherent signals such 
as sine waves even when the signal amplitude is 
10 dB to 20 dB below the wideband noise level.

Crosstalk from “Channel X” to “Channel Y” is often not 
identical to crosstalk in the other direction, from 
“Channel Y” into “Channel X.” Circuit layout and com-
plex stray coupling mechanisms often result in some-
what different values for crosstalk in the two 
directions. Good values for crosstalk in electronic 
devices range from –50 dB and below, with crosstalk 
in better than –100 dB achievable by sufficient isola-
tion. When the application is stereo or surround 
sound, such values are far higher than really neces-
sary for a full effect. However, if the two devices are 
carrying independent program material, values of 
crosstalk of –60 dB to –70 dB and more are desir-
able.
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DC Level
(Sequence Mode)

The DC Level view provides a single-value result, the 
DC voltage present at the output of each DUT channel. 

Input coupling is forced to DC coupling
during this measurement.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Running the measurement with no stim-
ulus signal
No stimulus is required to measure DC Level. Simply 
open the measurement and read the DC Level pres-
ent at the analyzer inputs.

Generator
Running the measurement with a stimu-
lus signal
However, you can measure DC Level in the presence 
of signal, if desired. To measure DC Level in the pres-
ence of signal, click the Generator button to On. The 
generator will output the test signal to the DUT on the 
selected generator channels. Read the DC Level of 
each channel from the meter bar display.

Selecting the generator waveform
By default, the DC Level measurement uses a sine 
wave at the frequency and level set in the Signal Gen-
eration panel as the test signal. You can add a DC off-
set to the signal.

Alternatively, you can select a generator waveform file 
as the test signal, using the file browser in the Wave-
form drop-down menu.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 

and Frequency settings, or for information about using 
External Source.

Advanced Settings
Advanced Settings makes available individual chan-
nel output level and offset controls, and input ranging 
and settling controls. See Advanced Settings for DC 
Level measurements later in this chapter.

See Chapter 109 for more information about units of 
measurement.
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DC Level

The DC Level measurement provides a single-value 
result showing the DC voltage present at the output of 
each DUT channel.

The analog measurement range for DC Level depends 
upon the instrument model; for an APx515 it is from 
approximately ±10 µV to ±120 V. For an APx525 fam-
ily analyzer it is from approximately ±10 µV to ±160 V. 
For an APx582, 585 or 586 it is from approximately 
±10 µV to ±115 V.

Units

See Chapter 109 for more information about units of 
measurement.

More about DC in APx Analyzers
APx can measure DC Level using these measure-
ments:

•DC Level 

•Multitone: DC Level 

•Signal Analyzer: FFT Spectrum 

•Monitor: FFT Spectrum 

DC offset
Unless blocked by a capacitor or a transformer-cou-
pled output, analog audio devices will have some 
(usually very small) dc component in their output. Typi-
cal dc levels (often called dc offset) are in the range of 
–20 mV to +20 mV.

The embedded audio in a digital signal can have a dc 
component as well. This is usually very low in level, 
and may vary with the applied dither.

The Constant Value digital signal is “digital dc” of an 
arbitrary value.

APx can generate sine signals with an arbitrary dc off-
set, if desired. This facilitates “dc in the presence of 
signal” measurements.

DC in the presence of signal measure-
ments
APx can generate stimulus signals with AC and DC 
components, and can measure the dc component 
when it is an offset in an ac signal.

Coupling: AC or DC
Input signals can be analyzed and displayed in one of 
two coupling modes:

•AC
AC coupling blocks any dc signal component from 
analysis, displaying results for only the ac compo-
nents. As a consequence, AC coupling introduces 
a rolloff below 10 Hz. AC coupling is the default 
setting. For the DC Level measurement only, DC 
coupling is forced.

Note: Some measurements may require the
insertion of a small delay before analysis, to
allow for blocking filter settling after a tran-
sient (such as generator start).

•DC
DC coupling includes the dc signal component in 
analysis and display.

For the DC Level measurement, the APx sys-
tem is DC coupled regardless of user set-
tings.

Advanced Settings for DC Level 
measurements
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
You can set different output levels or DC offsets for 
each channel here.

If Levels Track Ch1 is checked (the default), the gen-
erator output level and DC offset values for channel 1 
are copied to the other channels, and values for chan-
nels greater than 1 cannot be edited. Any changes 
made to channel 1 are reproduced in the other chan-
nels.

To set individual generator output channel levels or 
offsets, uncheck the Levels Track Ch1 checkbox and 
enter values in the output channel Level or Offset 
fields.

Set Channel Assignments for special waveforms
For special waveforms like Sine Dual, you can specify 
the channel assignment.

Analog Digital

•V •D
•hex
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Set Channel Assignments for generator wave-
forms
For stereo or multichannel generator waveform files, 
you can set channel mapping. By default, channel 1 
audio is mapped to channel 1 output, channel 2 to 
channel 2, and so on. If the number of channels in the 
waveform file is less than the number of output chan-
nels, the waveform channels resume numbering at 1 
and wrap to the next available output channel. These 
assignments can be remapped by changing individual 
settings in the Wave Ch column, or by selection one of 
several presets from the Set Channel Assignments 
menu.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Delay Time
DC Level results can vary with noise-like characteris-
tics. When a noise measurement (or a DC Level mea-
surement) is run from the navigator or as part of a 
sequence, the acquisition is delayed for the time set 
here. This pause can avoid signal disruptions that may 
occur in the DUT when changing measurements. The 
Delay Time range is 0.0 s to 10.0 s; the default set-
ting is 300.0 ms.

Acquisition Time:
DC Level results can vary with noise-like characteris-
tics. Since noise is not periodic, a very short acquisi-
tion may display a result that is well above or below 
the average noise level. In a noise measurement the 
signal is acquired over a period of time between 
100 ms and 10 s, set in Acquisition Time. Longer 
acquisitions provide more repeatable results. The 
default acquisition time is 250 ms.
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DC Level (DCX)
(Sequence Mode)

DCX measurements require that a DCX-127 Multifunc-
tion Module be connected to the APx analyzer system, 
typically using an Audio Precision USB/APIB adapter 
connected to the PC.

The DCX-127 brings additional measurement and con-
trol features to an Audio Precision analyzer. The APx 
DC Level (DCX) measurement uses the DCX DMM (Dig-
ital Multimeter) mode to implement a precise DC volt-
age meter. Download the DCX-127 Multifunction 
Module User’s Guide from the Audio Precision Web 
site at ap.com for complete operational information 
for the DCX-127.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

The DCX-127 must be powered on and connected to 
the measurement PC using an Audio Precision USB/
APIB adapter.

Selecting the DC Level (DCX) measurement places the 
DCX in “DMM” mode. Note that you can configure the 
DCX DC Outputs or Auxiliary outputs in Signal Path 
Setup > DCX, independent of any settings or opera-
tion in the DC Level (DCX) measurement.

You can make a DC Level measurement with no stimu-
lus signal, or you can use the generator to provide a 
stimulus to investigate how an audio signal affects the 
DC Level at the output of a DUT. 

Running the measurement with no stim-
ulus signal
No stimulus is required to measure DC Level. Simply 
open the measurement and read the DC Level pres-
ent at the analyzer inputs.

Generator
Running the measurement with a stimu-
lus signal
You can also run this measurement in the closed-loop 
configuration, using the APx generator as a stimulus. 
See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

Analyzer
The DCX has a digital multimeter (DMM) that is config-
ured as DC voltmeter for this measurement. The APx 
analyzer is not used; all the data comes from the DCX.
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Range
Select a fixed range for the DC Level measurement, or 
select Auto.

•Auto

•500 V

•200 V

•20 V

•2 V

•200 mV

Rate
The Rate control allows you to select one of two meter 
reading rates.

•6/sec
Approximately 6 meter readings are taken per sec-
ond.

•25/sec
Approximately 25 meter readings are taken per 
second.

At 6/sec, DCX meter resolution is a full 4 1/2 digits. At 
25/sec, the resolution is reduced. The number of dig-
its displayed is the same but the least significant digit 
is always 5 or 0.

Delay Time
A Delay Time interval is started when the DC Level 
(DCX) measurement is started within a sequence. APx 
ignores DCX data until the time set in Delay Time has 
passed. Minimum Delay Time is 200 ms, maximum is 
10 s, 200 ms is the default.

Averaging Time
APx performs a rolling average of the DCX readings 
across a specified time before display. Minimum Aver-
aging Time is 200 ms, maximum is 10 s, 250 ms is 
the default.

Advanced Settings
Advanced Settings makes available individual chan-
nel output level and offset controls, and input ranging 
and settling controls. See Advanced Settings for sin-
gle value measurements on page 427.

See Chapter 109 for more information about units of 
measurement.

DC Level (DCX)

Units
Unit available for DC Level (DCX) is

•V
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DC Level Sweep
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

The DC Level Sweep measurement uses a DC stimu-
lus that is moved across a range of values in a series 
of points. The DUT output is acquired by the analyzer. 
DC Level and Noise results are plotted. The Noise 
result can be filtered.

The DC Level Sweep measurement is not
available in External Source or File Input
configurations.

Input coupling is forced to DC Coupling
during this measurement.

DC Level Sweep results available in APx500 are:

•DC Level

•Noise

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

The DC Level Sweep measurement does not use an 
audio signal for a stimulus, but instead sweeps a DC 
signal across a range. For analog outputs, this is a DC 
voltage; for digital outputs, it is digital DC (constant 
value).

To make a DC Level Sweep measurement, click Start. 
The generator will output the DC signal to the DUT on 
the selected generator channels. The signal will be 
swept from the Start Level to the Stop Level in the set 
number of points. You can select Logarithmic or Lin-

ear point spacing, or choose Edit... to customize the 
sweep points table. 

Append Graph Data
Normally, the current graph data for all results is 
deleted each time you start a new measurement. If 
the Append box is checked, the current data is kept in 
memory as a Data Set (see page 240), and the new 
measurement data is appended as a new data set. 
You can append many Data Sets.
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Generator
Start Level, Stop Level and Sweep 
Points
The sweep moves between two levels, set in the Start 
Level and Stop Level fields. The default levels are –
100.0 mV and +100.0 mV.

The sweep moves in a specified number of step 
points, set in the Points field. The minimum is 2 
points; maximum is 65,535. The default setting is 31.

The sweep point spacing is set by selecting one of the 
following choices in the Sweep field: 

•Logarithmic; use the Points field to set the number 
of logarithmically spaced points;

•Linear (the default), which provides two methods 
of adjusting spacing: the Points field or the Step 
Size field; or 

•Custom. Click Edit to open the Data Points dialog, 
where you can set points arbitrarily, or load or save 
sweep table files.

Viewing or Editing the Sweep Points Table
You can view or edit the current generator sweep 
points at any time.

Click Edit to open the generator Data Points dialog 
and edit the sweep points. The table shows each 
sweep point and its corresponding level. You can edit 
this table to add or delete points, or to change the 
level of a point. Points can be sorted or reversed in 
order using the controls on the right.

A sweep points table can be saved as a *.csv file or as 
a Microsoft Excel *.xlsx file. A compatible *.csv or 
*.xlsx file can be opened and used as a sweep points 
table.

A Linear sweep can include a range that extends into 
negative values, but a Logarithmic sweep can only 
include positive values.

Each point is displayed as it is acquired. In a short 
period of time, the entire sweep is processed, and the 
small graphs in the Selector will be populated with 
results. Simply click the result view you want in the 
Navigator, or choose the graph thumbnail result view 
in the Selector.

Analyzer
Filters
Local high-pass, low-pass and weighting filters can be 
applied to the Noise Level result. The DC Level result 
is unfiltered.

Noise measurements are typically made within a lim-
ited passband. The default setting for Noise Level 
measurements uses a 20 kHz low-pass filter and a 
20 Hz high-pass filter. See Measurement Filters on 
page 733 for detailed information about the filters 
available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Advanced Settings
If you’d like to adjust analyzer ranging or settling 
parameters, click Advanced Settings. Read more 
about Advanced Settings for DC measurements on 
page 345.
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DC Level Result

The DC Level Sweep measurement uses a DC stimu-
lus that is moved across a range of values in a series 
of points. The DUT output is acquired by the analyzer. 
This view shows DC Level result.

Units
Units available for DC Level Sweep: DC Level are:

Noise Level Result

The DC Level Sweep measurement uses a DC stimu-
lus that is moved across a range of values in a series 
of points. The DUT output is acquired by the analyzer. 
This view shows the Noise result. The Noise result can 
be filtered.

Units
Units available for DC Level Sweep: Noise Level are:

Advanced Settings for DC Level 
Sweep measurements
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
Generator output levels cannot be modified
for Stepped Level Sweeps, and the channel
level controls are not available.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 

X-axis (analog signals) Y-axis (analog signals)

•V •V

X-axis (digital signals) Y-axis (digital signals)

•D •D
•hex •hex

X-axis (analog signals) Y-axis (analog signals)

•V •Vrms
•dBV
•dBu
•dBrA
•dBrB
•dBSPL1
•sBSPL2
•dBm
•W (watts)

X-axis (digital signals) Y-axis (digital signals)

•D •dBFS
•hex •FS

•%FS
•dBrA
•dBrB
•dBSPL1
•dBSPL2
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lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Delay Time
DC Level results can vary with noise-like characteris-
tics. When a noise measurement (or a DC Level mea-
surement) is run from the navigator or as part of a 
sequence, the acquisition is delayed for the time set 
here. This pause can avoid signal disruptions that may 
occur in the DUT when changing measurements. The 
Delay Time range is 0.0 s to 10.0 s; the default set-
ting is 300.0 ms. This delay is applied at every step of 
the sweep.

Acquisition Time:
DC Level results can vary with noise-like characteris-
tics. Since noise is not periodic, a very short acquisi-
tion may display a result that is well above or below 
the average noise level. In a noise measurement the 
signal is acquired over a period of time between 
100 ms and 10 s, set in Acquisition Time. Longer 
acquisitions provide more repeatable results. The 
default acquisition time is 250 ms. This acquisition 
time is applied at every step of the sweep.
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Digital Error Rate
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

The Digital Error Rate measurements uses a bit-accu-
rate technique to provide results showing both the 
number of errors and the error rate in a digital audio 
system.

For meaningful results, an Audio Precision Bit test 
waveform should be used. Walking Ones, Walking 
Zeros and Constant waveforms can also be used.

Go to page 349 for more information about bit-accu-
rate measurements and Bit test, Walking Zeros, Walk-
ing Ones and Constant Value waveforms.

Digital Error Rate measurements are not
available in analog input configurations.

Digital Error Rate measurements available in APx500 
are:

•Average Error Rate

•Instantaneous Error Rate

•Total Errors

•Cumulative Errors

Operation
Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox and a Notes field for 

each data set. Read more about Data Sets beginning 
on page 766.

Running the measurement
Click Start. The generator will output the test signal to 
the DUT on the selected generator channels. The 
acquisition will begin and the graph will display the 
error rate as the signal is acquired. The acquisition will 
continue until the time set in Duration.

Generator
Selecting the generator waveform
By default, the Average Error Rate measurement uses 
the Bittest Random waveform (see page 82) at a fixed 
level.

Alternatively, you can select a generator waveform file 
as the test signal, using the file browser in the Wave-
form drop-down menu. See Chapter 6 for more infor-
mation about using Generator Waveform files. For 
useful results, generator waveforms for Digital Error 
Rate measurements must be Audio Precision bit-accu-
rate waveforms.



Chapter 44: Digital Error Rate (Sequence Mode)

348 APx500 User’s Manual

Analyzer
For Digital Error Rate, the analyzer automatically 
determines whether or not the acquired signal is a 
compatible bit-accurate signal. If so, the signal is ana-
lyzed for error rate, regardless of the current genera-
tor setting. Compatible bit-accurate signals are

•Audio Precision Bit test

•Constant Value

•Walking ones

•Walking zeros

Note: Constant Value signals of all ones (1s)
or all zeros (0s) are treated as invalid Con-
stant Value signals, and will return errors.
This implementation serves to flag digital
connection errors, which can incorrectly
produce a stream of constant ones or zeros.
When using Constant Value signals, set the
signal to any value except ones or zeros.

Duration
Duration sets the length of the sample acquisition. 
Minimum time is 0.1 s, maximum time is 7 days.

Enter the Duration following this pattern: 

                                d:hh:mm:ss.s

where d = days, hh = hours, mm = minutes, ss = sec-
onds. Days and fractional seconds are optional.

Average Error Rate measurement

The Digital Error Rate: Average Error Rate measure-
ment result provides a single-value measurement of 
the average audio bit error rate. The average error rate 
is calculated by dividing the errors received by the 
total number of samples received.

Units
Units available for Average Error Rate are 

X-axis
•%

Error percentage.

•Err/S
Errors per sample, expressed in exponential nota-
tion (also called scientific notation).

Instantaneous Error Rate measure-
ment

The Digital Error Rate: Instantaneous Error Rate mea-
surement result provides a record of the rate of digital 
errors versus elapsed time.

Units
Units available for Instantaneous Error Rate are

X-axis
•s (seconds)

Y-axis
•%

Error percentage.

•Err/S
Errors per sample, expressed in exponential nota-
tion (also called scientific notation).
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Total Errors measurement

The Digital Error Rate: Total Errors measurement 
result provides a single-value measurement of the 
total digital errors acquired.

Units
Units available for Total Errors are

X-axis
•The X-axis is unitless. The total number of errors is 

displayed, using exponential notation (also called 
scientific notation).

Cumulative Errors measurement

The Digital Error Rate: Cumulative Errors result pro-
vides a record of the accumulation of digital errors 
versus elapsed time.

Units
Units available for Cumulative Errors are

X-axis
•s (seconds)

Y-axis
•%

Error percentage.

•Err/S
Errors per sample, expressed in exponential nota-
tion. 

Generator Units
Generator units available for Constant Value are

•hex

•D

More about Bit-accurate measure-
ments
Bit-accurate measurements are digital domain mea-
surements that use test signals in which the value of 
every audio sample is known. In analysis, each sam-
ple that does not have the correct value is counted as 
an error. Measurement results may be total errors, 
error rate, and so on.

A digital device or system that can pass a digital sig-
nal no errors is said to be exhibiting bit-accurate per-
formance.

APx500 generates and analyzes four signals used for 
bit-accurate measurements:

•Bit test

•Walking Zeros

•Walking Ones

•Constant Value

Read more about these waveforms on page 82. 

Bit-exact setting

To maintain bit-accuracy when generating a digital 
waveform for digital output, the signal from the gener-
ator must not be dithered, changed in level or modi-
fied in any way. The Bit-Exact setting on generator 
panels enforces this by making level and offset fields 
unavailable, and by defeating dither (if enabled) while 
the generator is on.
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DIM IMD
(Sequence Mode)

Note: DIM IMD measurements are sup-
ported only in the APx555 or in instru-
ments fitted with the AG52 option, when in
analog output configurations. Digital output
configurations or External Source configura-
tion are not supported. See page 35 for
information about the AG52 Option and
page 33 for information about the APx555.

DIM stands for Dynamic Intermodulation Distortion. 
DIM is a technique for measuring IMD under rapidly-
changing dynamic conditions, which typically stress 
analog power amplifiers.

For more information about the DIM method, see page 
353. For information about IMD in general, see page 
379.

The DIM IMD measurement results available in 
APx500 are:

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
This measurement must be performed in a closed-
loop analog-output configuration, using the APx gener-
ator as a stimulus. See Chapter 6 for detailed informa-
tion about the using the APx Generator and making 
Waveform, Level and Frequency settings.

Selecting the DIM generator waveform
The DIM Ratio measurement uses a DIM test wave-
form at the level set in the Generator panel.

The DIM test waveforms are as follows:

•DIM 30
The DIM 30 signal is the linear sum of a square 

wave of 3.15 kHz and a sine wave of 15.00 kHz. 
The square wave is filtered by a single-pole low-
pass filter at 30 kHz. 

•DIM 100
The DIM 100 signal is the linear sum of a square 
wave of 3.15 kHz and a sine wave of 15.00 kHz. 
The square wave is filtered by a single-pole low-
pass filter at 100 kHz.

•DIM B
The DIM B (broadcast) signal is the linear sum of a 
square wave of 2.96 kHz and a sine wave of 14.00 
kHz. The square wave is filtered by a single-pole 
low-pass filter at 30 kHz.

•DIM B8
The DIM B8 signal is the linear sum of a square 
wave of 2.96 kHz and a sine wave of 8.00 kHz. 

•DIM Ratio •DIM Distortion Product Ratio
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The square wave is filtered by a single-pole low-
pass filter at 30 kHz. 

In all cases, the ratio of the peak voltage of the square 
wave to the peak voltage of the sine wave is 4:1.

Analyzer
No local low pass, high pass or weighting fil-
ters are available for this measurement. 
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment.

Mode
•U1...U9

The IEC 60268-3 standard defines the DIM mea-
surement, listing nine specific IM components and 
identifying the corresponding output voltages as 
U1, U2, U3, U4, U5, U6, U7, U8 and U9. The 
U1...U9 selection is the APx500 default, and dis-
plays the rms summation of all nine voltages 
expressed as a ratio to the amplitude of the test 
signal sine wave component. 

•U4+U5
This mode includes only the two IM components 
that fall below the test signal square wave fre-
quency, U4 and U5.

•Emulation
Audio Precision System One, System Two, Cascade 
and 2700 series instruments measured DIM dif-
ferently, using a combination of analog filters and 
rms meters. Choose Emulation to view DIM results 
compatible with results from earlier Audio Preci-
sion instruments.

Advanced Settings
If your test requires special settings, click Advanced 
Settings. Advanced Settings for IMD measurements 
include individual channel generator levels, custom 
IMD frequencies, individual channel analyzer ranging 
and custom analyzer settling. See Advanced Settings 
for IMD on page 380. See Chapter 109 for more infor-
mation about units of measurement.

DIM Ratio results

The DIM Ratio result provides single-value measure-
ment results of the IMD (intermodulation distortion) 
ratio in the output signal from each DUT channel.

Units
Units available for DIM Ratio are

•x/y

•%

•ppm

•dB

DIM Distortion Product Ratio 
results

The DIM Distortion Product Ratio result provides mea-
surement results of the IMD (intermodulation distor-
tion) ratio in the output signal from each DUT channel.

Read the DIM Distortion Product Ratio for the selected 
channel from the meter bar display. The fundamental 
square wave fq, the fundamental sine wave fs and the 
distortion products U1 through U9 (as chosen by the 
Mode selector) will be shown in the meter bar display. 
The graph legend shows the frequency of each distor-
tion product.
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Result Settings: Channel
This setting is made in the Result Settings bar, 
beneath the graph display.

The Distortion Product Ratio result shows only one 
channel at a time. Select the channel to be viewed 
from the Channel drop-down list.

Units
Units available for DIM Distortion Product Ratio are

•x/y

•%

•ppm

•dB

See Chapter 109 for more information about units of 
measurement.

More About DIM IMD
DIM stands for Dynamic Intermodulation Distortion. It 
is a technique to measure the nonlinearity of a device, 
designed to be particularly sensitive to distortions pro-
duced during transient conditions typical of program 
material. DIM measurements typically use a square 
wave of about 3 kHz summed with a lower-amplitude 
sine wave of 14 kHz to 15 kHz. The DIM measure-
ment is defined in the standard IEC 60268-3, sec. 
14.12.9.

DIM is also referred to as TIM—Transient Intermodula-
tion Distortion.

For information about IMD in general, see page 379.
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DIM Level Sweep
(Sequence Mode)

Note: DIM IMD measurements are sup-
ported only in the APx555 or in instru-
ments fitted with the AG52 option, when in
analog output configurations. Digital output
configurations or External Source configura-
tion are not supported. See page 35 for
information about the AG52 Option and
page 33 for information about the APx555.

DIM stands for Dynamic Intermodulation Distortion. 
DIM is a technique for measuring IMD under rapidly-
changing dynamic conditions, which typically stress 
analog power amplifiers.

The DIM Level Sweep measurement provides a DIM 
stimulus signal (square wave mixed with sine wave, as 
described on pages 351 and 353) that is moved 
across a range of levels in a series of points. The DUT 
output is acquired by the analyzer and processed for 
display.

For more information about the DIM method, see page 
353. For information about IMD in general, see page 
379.

DIM Level Sweep results available in APx500 are:

Operation
Append Graph Data
Normally, the current graph data for all results is 
deleted each time you start a new measurement. If 
the Append box is checked, the current data is kept in 
memory as a Data Set (see page 240), and the new 
measurement data is appended as a new data set. 
You can append many Data Sets.

If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

Generator
This signal will be swept from the Start Level to the 
Stop Level in the set number of Points. 

Level Settings for DIM IMD
The DIM Level Sweep measurement uses a DIM test 
waveform at the level set in the Signal Generation 
panel as the test signal. 

The DIM test waveforms are as follows:

•DIM 30
The DIM 30 signal is the linear sum of a square 

•DIM Ratio •DIM Ratio vs. Measured Level
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wave of 3.15 kHz and a sine wave of 15.00 kHz. 
The square wave is filtered by a single-pole low-
pass filter at 30 kHz.

•DIM 100
The DIM 100 signal is the linear sum of a square 
wave of 3.15 kHz and a sine wave of 15.00 kHz. 
The square wave is filtered by a single-pole low-
pass filter at 100 kHz.

•DIM B
The DIM B (broadcast) signal is the linear sum of a 
square wave of 2.96 kHz and a sine wave of 14.00 
kHz. The square wave is filtered by a single-pole 
low-pass filter at 30 kHz.

•DIM B8
The DIM B8 signal is the linear sum of a square 
wave of 2.96 kHz and a sine wave of 8.00 kHz. 
The square wave is filtered by a single-pole low-
pass filter at 30 kHz.

In all cases, the ratio of the peak voltage of the square 
wave to the peak voltage of the sine wave is 4:1.

Start Level, Stop Level and Sweep 
Points
The sweep moves between two levels, set in the Start 
Level and Stop Level fields. The default levels are 
1.000 mVrms and 2.000 Vrms.

The sweep moves in a specified number of step 
points, set in the Points field. The minimum is 2 
points; maximum is 65,535. The default setting is 31.

The sweep point spacing is set by selecting one of the 
following choices in the Sweep field: 

•Logarithmic (the default); use the Points field to 
set the number of logarithmically spaced points;

•Linear, which provides two methods of adjusting 
spacing: the Points field or the Step Size field; or 

•Custom. Click Edit to open the Data Points dialog, 
where you can set points arbitrarily, or load or save 
sweep table files.

Viewing or Editing the Sweep Points table
You can view or edit the current sweep points at any 
time.

Click Edit to open the sweep points table. The table 
shows each sweep point and its corresponding level. 
You can edit this table to add or delete points, or to 
change the level of a point. Points can be sorted or 
reversed in order using the controls on the right.

A sweep points table can be saved as a *.csv file or as 
a Microsoft Excel *.xlsx file. A compatible *.csv or 
*.xlsx file can be opened and used as a sweep points 
table.

Analyzer
Mode

•U1...U9
The IEC 60268-3 standard defines the DIM mea-
surement, listing nine specific IM components and 
identifying the corresponding output voltages as 
U1, U2, U3, U4, U5, U6, U7, U8 and U9. The 
U1...U9 selection is the APx500 default, and dis-
plays the rms summation of all nine voltages 
expressed as a ratio to the amplitude of the test 
signal sine wave component. 

•U4+U5
This mode includes only the two IM components 
that fall below the test signal square wave fre-
quency, U4 and U5.

•Emulation
Audio Precision System One, System Two, Cascade 
and 2700 series instruments measured DIM dif-
ferently, using a combination of analog filters and 
rms meters. Choose Emulation to view DIM results 
compatible with results from earlier Audio Preci-
sion instruments.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
IMD Level Sweeps on page 389. See Chapter 109 for 
more information about units of measurement.
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DIM Ratio (vs. Generator Level)

DIM Ratio plots the distortion ratio on the Y axis 
against the Generator level on the X axis.

Units
Units available for the DIM Ratio vs. Generator Level 
result are

DIM Ratio vs. Measured Level

DIM Ratio vs. Measured Level plots the distortion ratio 
on the Y axis against the DUT output level on the X 
axis.

Units
Units available for the DIM Ratio vs. Measured Level 
result are

See Chapter 109 for more information about units of 
measurement.

X-axis Y-axis

•Vrms •x/y
•Vp •%
•Vpp •ppm
•dBV •dB
•dBu
•dBrG
•dBm
•W (watts)

X-axis (analog) X-axis (digital) Y-axis

•Vrms •FS •x/y
•Vp •%FS •%
•Vpp •dBFS •ppm
•dBV •dBrA •dB
•dBu •dBrB
•dBrG •dBSPL1
•dBm •dBSPL2
•W (watts)
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DUT Delay
(Sequence Mode)

This measurement is not available if Input
Connector is File, or Output connector is
None, or if either Input Connector or Output
Connector is ASIO. However, if both connec-
tors (Input and Output) are ASIO, the mea-
surement can be made.

DUT Delay measures the length of time an audio sig-
nal is delayed through a device under test (DUT) or 
system under test, such as Bluetooth A2DP, or a 
speaker or headphone under test in an acoustic 
space. For chirp-based measurements such as Contin-
uous Sweep, Acoustic Response or Loudspeaker Pro-
duction Test, the delayed signal may fall out of the 
analysis window. DUT Delay provides a precise mea-
surement of the delay through the device, which can 
be used to correct the position of the analysis window 
by entering the delay value into the Signal Path Setup 
DUT Delay field (see page 90).

The DUT Delay result may also be useful in itself, in 
verifying or characterizing a device's inherent delay, or 
the propagation delay in an acoustic space.

This measurement determines loop delay (the delay 
between the generator output and the analyzer input) 
using either a pseudo random sequence (PRS) stimu-
lus signal, as recommended in ITU-T P.501, or a maxi-
mum length sequence (MLS) signal. These are 
deterministic noise-like stimulus signals that can be 
cross-correlated to a fine granularity, providing a pre-
cise delay result.

Note: any delay previously entered in the
Signal Path Setup DUT Delay field is set to
zero while this measurement is running.

DUT Delay results available in APx500 are:

•DUT Delay
This is a meter that shows the delay through the 
device under test.

•Cross Correlation
This graph shows the cross-correlation result, 

which can be useful for diagnostics. There is typi-
cally a strong primary peak that shows the initial 
delay.

•Acquired Waveform
This graph shows the acquired waveform, which 
can be useful for diagnostics. If the waveform is 
truncated at the end, increase the acquisition 
length.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
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graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Generator
The configuration for this measurement must be 
closed-loop configuration, using the APx generator as 
a stimulus. Click Start to run the measurement and 
read the results.

Input
When multiple simultaneous inputs are configured in 
a signal path, the Input menu is displayed. The config-
ured inputs are both listed so that the specific input 
on which to measure delay can be selected. If there is 
no secondary input, the Input 1 is used by default.

Stimulus Type
DUT Delay uses one of two noise-like binary 
sequences as a stimulus. Although there are many 
other uses for such stimuli, here they are used exclu-
sively for cross-correlation between the sent and 
received signals to determine delay.

•Pseudo Random Sequence
(PRS is recommended for this application in ITU-T 
P.501)

•Maximum Length Sequence
(The MLS sequence cross-correlates better and 
can provide more accurate results. MLS also has a 
0 dBFS crest factor, much higher than the PRS)

Noise Shape
Unfiltered, the noise-like PRS and MLS binary 
sequences have equal intensity at every frequency (a 
constant power spectral density; white noise).

These signals can be filtered to become pink noise, 
where the power spectral density is inversely propor-
tional to the frequency. With pink filtering, each octave 
carries an equal amount of energy. Pink noise filtering 
is recommended in acoustic applications, where it 
offers a reduced risk of overloading high-frequency 
transducers. 

Select the noise shaping here:

•White 

•Pink (the default) 

Sequence Length
The sequence length is the number of samples in the 
stimulus signal. The sequence length divided by the 

sample rate is the duration of the signal, and there-
fore longest delay that can be measured. Note that 
the menu selections use a common shorthand, repre-
senting sequence lengths that are actually powers of 
two, as shown below in parentheses.

•16k (16,383) 341 ms at 48 kHz SR

•32k (32,767) 683 ms at 48 kHz SR

•64k (65535) 1.37 s at 48 kHz SR

•128k (131,071) 2.73 s at 48 kHz SR

You must use a sequence length that is lon-
ger than the expected delay, at the chosen
sample rate.

Levels Track Ch 1
If this box is checked, all channels are set to the same 
level as channel 1.

Level
Set the output level here.

DC Offset
Set an optional DC offset here.

Analyzer
Acq Length
Set the acquisition length here, in seconds. To cap-
ture an entire sequence, set the acquisition length to 
the sum of the duration of the sequence at the cur-
rent sample rate, plus any expected delay in the sys-
tem under test.

The acquisition starts at the moment the generator 
begins to output the sequence; in a DUT or system 
with significant delay (like an acoustic path) you may 
want to extend the acquisition to capture the propaga-
tion delay and the full sequence.

Save to File
If this box is checked, the acquisition will be saved to a 
file.

File Settings
Set file name, format and location in the Save Acquisi-
tion to File Settings dialog. See page 468.

Advanced Settings
Advanced Settings makes available individual chan-
nel output level and offset controls, and input ranging 
controls. See Advanced Settings for single value mea-
surements on page 427. See Chapter 109 for more 
information about units of measurement.

Diagnosing problems
If the system under test adds a great deal of noise or 
distortion, or greatly limits the bandwidth of the sig-
nal, the acquired signal will not cross-correlate well 
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and the delay result will be spurious. See Diagnosing 
Problems in DUT Delay cross-correlation on page 361.

Delay

Delay provides a single-value meter result, displaying 
the Delay for each DUT channel. In this example, chan-
nel 1 is delayed by 81.90 ms, and channel 2 is 
delayed by 331.9 ms

Units
Units available for Delay are:

•seconds

Cross Correlation

Cross Correlation is a diagnostic result, used to con-
firm the validity of a result, or provide information 
about a spurious result. Good cross correlation will 
show a strong peak at the delay value.

Units
Units available for Cross Correlation are:

•X-axis: unitless Value

•Y-axis: seconds

Acquired Waveform

Acquired Waveform is a diagnostic result, used to con-
firm the validity of a result, or provide information 
about a spurious result. A good acquired waveform will 
show a clear burst of signal surrounded by relative 
silence.

Interpolation
The interpolation setting is only available
when viewing Scope results.

For time-domain displays, the APx500 graphs are nor-
mally plotted using sinc function interpolation. Interpo-
lation adds points to the displayed trace that do not 
exist in the measured data, to make data trends more 
easily visualized. The default in APx is to have Interpo-
lation On. However, digital domain signals are some-
times best understood when viewing actual samples, 
with interpolation switched Off. 

Interpolation can cause limit failure markers to appear 
to be in an incorrect location. See “Interpolation and 
limit failure markers” on page 800 for an explanation.

Units
Units available for Acquired Waveform are:

•X-axis: Instantaneous Level (V)

•Y-axis: seconds

Diagnosing Problems in DUT 
Delay cross-correlation
If the system under test adds a great deal of noise or 
distortion, or greatly limits the bandwidth of the sig-
nal, the acquired signal will not cross-correlate well 
and the delay result will be spurious. We have found 
that the MLS sequence is much more likely to cross-
correlate well in poor conditions.

We recommend that you verify your connections prior 
to making a DUT Delay measurement, to assure that 
signal passes well. 

Measure and Set DUT Delay sequence 
step
If you are using the Measure and Set DUT Delay 
sequence step, it is advisable to first manually (out-
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side of a sequence) verify that your DUT or system 
under test can pass the DUT Delay signals with integ-
rity, and that you get a satisfactory delay result. Use 
the DUT Delay Measurement to accomplish this. If you 
are occasionally getting spurious delay results, you 
can add a DUT Delay Measurement later in the 
sequence with a limit set, to flag possible DUT Delay 
errors.

Examples of good and poor cross-cor-
relation
The graphs on the next page were made with the 
same DUT and connections. The device under test is a 
digital delay line, set at a delay of 332 ms. The analog 
output of the delay line was routed through an analog 
mixer, and the top two graphs were made, with a cor-
rect measured delay of 332 ms. A strong white noise 
signal was added in the mixer to produce the next two 
graphs, which produced a spurious measured delay of 
87.25 ms.

Good cross correlation (top graphs) and poor cross correlation (bottom graphs)

Cross-correlation, Pseudo Random Sequence 
without added noise. Peak is at 332 ms.

Acquisition, Pseudo Random Sequence 
without added noise. Peak is at 332 ms.

Cross-correlation, Pseudo Random Sequence 
with added noise. 

Acquisition, Pseudo Random Sequence with added noise.
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Dynamic Range (AES17)
(Sequence Mode)

Application
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

We recommend using this AES17 dynamic range mea-
surement for digital converters. When testing other 
devices, we recommend using the Signal-to-Noise 
Measurement described in Chapter 83.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Running the measurement
To measure Dynamic Range, click Start. The genera-
tor is turned ON briefly at the specified full level on the 
selected generator channels, and a measurement is 
made. Then the generator is set to the lower level (set 
in Level Ratio), the signal is notched out, and a sec-
ond measurement is made. The ratio between the two 
results is computed for each channel and displayed as 
meter bars.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Level
For dynamic range, you must choose a generator level 
that represents the maximum level for the device 
under test (DUT).
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DAC testing
For DACs, the maximum level is usually 0 dBFS.

ADC testing
For ADCs, it is usually the analog signal that just pro-
duces 0 dBFS at the ADC output. You can set the ana-
log generator to produce a target digital output level in 
Reference Levels, and then set that generator level as 
dBrG. Return to the Dynamic Range measurement 
and choose 0 dBrG as the Generator level.

Level Ratio
AES17 recommends the lower signal be set to 60 dB 
below the full level signal (the APx500 default). Other 
ratios can be selected.

Running the measurement in External 
Source configuration (Open Loop)
When configured for External Source, use a signal 
source that varies between your desired maximum 
value, and your desired minimum value (usually 60 dB 
below the maximum). APx500 uses an algorithm that 
monitors the incoming signal, waiting for readings that 
indicate a level change of at least 20 dB. When this 
can be reliably determined, a tuned notch filter is 
applied to the lower level acquisition and the ratio 
between the two levels is displayed as the Dynamic 
Range result.

The Audio Precision utility APxWfmGenerator.exe 
(available from www.ap.com) provides a suitable wave-
form called “Dynamic Range (1 kHz)”. This waveform 
is a 0.99700 kHz tone at a level of 0 dBFS, alternat-
ing with periods of 0.99700 kHz at –60 dBFS.

Analyzer
Filters
Local high-pass, low-pass and weighting filters are 
available for the lower (typically -60 dB) acquisition of 
this measurement. A low-pass filter set just above the 
audio passband (at 20 kHz) is recommended for noise 
measurements. This is the APx default.

AES17 recommends the CCIR-2k weighting filter for 
this measurement; this is the APx default. See Mea-
surement Filters on page 733 for detailed information 
about the filters available locally for some measure-
ments.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
single value measurement on page 427.

Dynamic Range results

The Dynamic Range (AES17) measurement provides a 
single-value result showing the AES17 Dynamic Range 
for each DUT channel.

Units
Units available for Dynamic Range are

•x/y

•dB

See Chapter 109 for more information about units of 
measurement.

More about Dynamic Range
Overview
Dynamic Range is an expression of the ratio of the 
largest signal a device can pass to the device’s noise 
floor. “Largest signal” usually refers to a signal at a 
specified degree of distortion, often 1%. Signal-to-
Noise Ratio and Dynamic Range are essentially the 
same measurement, except that the signal in SNR is 
arbitrary (and should be stated in the results), and the 
signal in Dynamic Range is at the maximum (details of 
which should also be stated in the results).

For digital converter measurements...
We recommend using this AES17 dynamic range mea-
surement. It is intended specifically for ADC (analog-
to-digital converter) and DAC (digital-to-analog con-
verter) dynamic range and “noise in the presence of 
signal” measurements, as described in Section 9.3 of 
AES17. A similar method is defined in IEC61606.
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This method differs from standard signal-to-noise and 
dynamic range measurements in that it uses a –
60 dBFS stimulus during the noise measurement. This 
method is used for two reasons: 

In both ADCs and DACs, “idle tones” can be produced 
within the converter in the absence of applied signal. 
In the method here, a low-level tone is applied to the 
converter to avoid production of idle channel noise. 
The low-level tone is removed by a notch filter before 
measurement.

In some DACs, the output of the device is switched off 
when there is no signal, providing an unrealistically 
quiet measurement. The low-level tone (again, 
notched out before measurement) defeats this mut-
ing mechanism.

At –60 dBFS, the tone is so low that any distortion 
products created are below the noise floor. 

For dynamic range measurements of other 
devices...
We recommend using the Signal-to-Noise measure-
ment configured for dynamic range when testing other 
devices. It is described in Chapter 83. The low-level 
signal is not required for non-converter devices.



Chapter 48: Dynamic Range (AES17) (Sequence Mode)

366 APx500 User’s Manual



APx500 User’s Manual 367

49

Frequency
(Sequence Mode)

The Frequency measurement provides a single-value 
result showing the frequency of the strongest compo-
nent in the output signal of each DUT channel, as 
measured at each analyzer input.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Filters
There are no local filters available for this measure-
ment. However, the global filter settings made in Sig-
nal Path Setup > Input/Output will affect this 
measurement.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
single value measurements on page 60.
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Frequency Measurement

Units
Units available for Frequency are 

•Hz

•dHz

•F/R

•%Hz

See Chapter 109 for more information about units of 
measurement.



APx500 User’s Manual 369

50

Frequency Response
(Sequence Mode)

Frequency Response is a chirp-based measurement, 
using a brief Farina log-swept sine “chirp” stimulus 
that moves continuously across a specified range of 
frequencies. The DUT output is acquired by the ana-
lyzer and is mathematically deconvolved to provide a 
number of results. For more information about chirp-
based measurements, go to page 315. 

Frequency Response is not supported in
open loop configurations such as None
(External Source) or File Input. Read about
closed and open loop configurations in
Chapter 24.

Frequency Response results available in APx500 are:

All of these results are available from a single acquisi-
tion.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.
Generator
The Frequency Response measurement uses a contin-
uous sweep (log-swept sine chirp) stimulus signal, 
swept between the frequencies entered in Start Fre-
quency and Stop Frequency, at the value set in Level.

•Level •Gain •Relative Level
•Deviation
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Running the Measurement
To use Frequency Response, click Start. The genera-
tor will output the test signal to the DUT on the 
selected generator channels. Read the results in the 
selected result view.

Start Frequency and Stop Frequency
These controls set the frequency range of the sweep. 
See page 315 for more about continuous sweep 
ranges, which are dependent upon the instrument.

Level
Set the generator level here.

Offset
Set any DC offset to the generator signal here.

EQ
You can equalize the generator signal to make a pre-
emphasized stimulus. See Generator Equalization 
(page 245) for a general discussion of this feature.

Choosing generator equalization
Select None, Relative or Absolute from the EQ drop-
down menu.

•None applies no equalization to the generator.

•Relative applies the gain or loss specified in the 
EQ table to the current generator level for each 
channel.

•Absolute sets the generator level for all channels 
to the level specified in the EQ table. Note: when 
Absolute is selected, current channel level settings 
are lost.

Edit
If you have chosen to equalize the generator signal, 
you can edit the EQ table here. See Edit EQ Table 
(page 245).

Pre-Sweep and Sweep duration fields
A continuous sweep stimulus consists of a sine wave 
swept logarithmically across the sweep range in the 
period of time set in these fields.

To enable the DUT to stabilize before the beginning of 
the defined sweep measurement, there is variable 
Pre-Sweep time. The actual sweep stimulus signal 
begins below the defined Start Frequency and is 
swept upward, reaching the Start Frequency at the 
end of the Pre-Sweep time. The sum of the times in 
Pre-Sweep and Sweep is the total sweep length.

•The default for Pre-Sweep is 100.0 ms. Minimum 
is 0 s; maximum is 1.0 s.

•The default for Sweep is 350.0 ms. Minimum is 
100.0 ms; maximum is 5 s.

Longer Pre-Sweep settings allow more time for DUT 
stabilization, but increase measurement time. Longer 

Sweep settings provide greater resolution and signal-
to-noise ratio, but increase measurement time.

Analyzer
The sweep is acquired and processed to provide the 
various results.

There are no local measurement filters available for 
continuous sweep measurements. However, low pass, 
high pass and weighting input filter settings made in 
Signal Path Setup > Input/Output > Filters will also 
affect this measurement. See Chapter 102 for more 
information about filtering.

Extend Acquisition By
By default, a continuous sweep measurement makes 
an acquisition slightly longer than the stimulus, to 
include possible time-delayed artifacts created in the 
DUT. By default, the acquisition is extended 50 ms lon-
ger than the stimulus.

In some cases, you may want to extend the acquisi-
tion further. Enter a new value in the Extend Acquisi-
tion By: field. Minimum extension is 0 s; maximum is 
3 s.

Nesting
Frequency Response sweeps can be nested. Read 
about Nested Sweeps beginning on page 235.

Secondary Source
Select the secondary sweep source here. This is the 
outside, nesting parameter that is varied to change 
the conditions for the primary sweep through a num-
ber of iterations.

Available choices are dependent upon instrument 
hardware, options, Input/Output settings and Bench 
Mode Generator settings. Read about Nested Sweeps 
beginning on page 235.

Advanced Settings
Advanced Settings include output level and offset set-
tings and input ranging settings. To view or modify 
these settings, click Advanced Settings. See Advanced 
Settings for Continuous Sweep based measurements 
on page 318.

See Chapter 109 for more information about units of 
measurement.
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Frequency Response: Level

The Frequency Response: Level result is a continuous 
sweep measurement that provides a graphical display 
of the frequency response of each channel. In this 
result the DUT output level is plotted against fre-
quency.

If the settings are identical, this will provide the same 
results as the Continuous Sweep: Level result.

Units
Units available for Frequency Response: Level are:

Frequency Response: Gain

The Frequency Response: Gain result is a continuous 
sweep measurement that provides a graphical display 
of the frequency response of each channel. In this 
result the DUT gain is plotted against frequency.

Units
Units available for Frequency Response: Gain are:

Frequency Response: Relative Level

The Frequency Response: Relative Level result is a 
continuous sweep measurement that provides a 
graphical display of the frequency response of each 
channel. In this result the DUT output level is plotted 
against frequency, relative to the level at a selected 
frequency. This enables you to specify the frequency 
that will be set as 0 dB and view the response in rela-
tion to that frequency. A midband frequency such as 
1 kHz is often set as the reference frequency, and is 
the default here.

If the settings are identical, this will provide the same 
results as the Continuous Sweep: Relative Level 
result.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Mode
Normalized at Reference

Enter a reference frequency for normalization in the 
Ref Frequency field. The measured level at the fre-
quency you choose is set as 0 dB on the graph, and 
the DUT response is plotted in relation to this refer-
ence. You can change the Ref Frequency at any time 
(except after appending) and the graph will immedi-
ately be redrawn to reflect the new setting.

Auto-Centered in Limits
This control is only usable if upper and lower limits are 
set on this graph. In some applications, the general 
conformance of a trace to the shape of a set of limits 
is of importance, with absolute level less important or 
irrelevant. Auto-Centered in Limits centers the data 
trace relative to the upper and lower limits. To exclude 

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis
Y-axis 
same-domain

Y-axis 
cross-domain

•Hz •x/y •FS/Vrms
•dHz •% •dB(FS/Vrms)
•F/R •ppm —or—
•%Hz •dB •Vrms/FS

•dB(Vrms/FS)
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possible exceptional data points at frequency 
extremes, the frequency range that is considered for 
the centering operation is constrained by the values in 
the Min and Max fields. 

Units
Units available for Frequency Response: Relative Level 
are:

Frequency Response: Deviation

Frequency Response: Deviation is a single value result 
computed from the continuous sweep acquisition. In 
this result the frequency deviation (the total range of 
frequency variation) of each channel is displayed as a 
meter bar. You can specify a minimum and maximum 
frequency to define the range to be considered in the 
deviation measurement.

To measure Frequency Response: Deviation, first 
enter a frequency range in the Min Frequency and 
Max Frequency fields below the graph; or, accept the 
default 20 Hz to 20 kHz range. 

You can change the Deviation Min Frequency or Max 
Frequency settings at any time and the meter bars will 
immediately redraw to reflect the new settings.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Min
Set the minimum frequency of the range of interest 
here.

Max
Set the maximum frequency of the range of interest 
here.

Units
Units available for Frequency Response: Deviation are

•dB

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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IEC 60118-0 IMD Frequency Sweep
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

IMD measurements use two tones of different fre-
quencies summed into a stimulus signal. For the IEC 
60118-0 IMD Frequency Sweep measurement, the F2 
frequency is drawn sequentially from the sweep table, 
while the other frequency (F1) is equal to the F2 fre-
quency minus the difference frequency (125 Hz). 

The following equation shows the method used to get 
the total difference frequency distortion percentage:

Where 

Af2 = amplitude of the stimulus signal

A2 = amplitude of the 2nd order product

A-3 = amplitude of the lower 3rd order product

The results are displayed as a difference frequency 
distortion, which measures second order (F2-F1) and 
third order (2F1-F2) distortion products.

The IEC 60118-0 IMD Frequency Sweep Measure-
ment produces two results: Total Difference Fre-
quency Distortion and Difference Frequency 
Distortion.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Measurement
For a default sweep of 400 Hz to 8.0 kHz in 53 steps, 
simply click Start. If you want to specify other parame-
ters for your sweep, review Generator settings, dis-
cussed below. Click Start when you have configured 
the settings.

Append Graph Data
Measured data are grouped in a Data Set (see page 
240), which contains all acquisition results. Normally, 
the current graph data are deleted each time you start 
a new measurement. If the Append Graph Data box is 

100 A2
2 A 3–

2+
Af 2

-----------------------
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 checked, previous data are retained and grouped 
as additional data sets, as are any imported data. The 
Data Sets Panel displays the Data Set(s) in the mea-
surement, and provides a visibility checkbox, a Time 
acquisition field, and a Notes field for each data set. 
You can append many data sets.

Generator
IEC 60118-0 IMD Frequency Sweep measurements 
are made in a closed-loop configuration

Start Frequency 2
Set the sweep start frequency here. The default is 
400 Hz.

Start Frequency 1
Displays the starting frequency for the first frequency, 
which is 125 Hz lower than Start Frequency 2 (f2 - 
125 Hz). It is for informational purposes only, and is 
not editable.

Stop Frequency 2
Set the sweep stop frequency here. The default is 
8 kHz.

Stop Frequency 1
Displays the ending frequency for the first frequency, 
which is 125 Hz lower than Stop Frequency 2 (f2 - 125 
Hz). It is for informational purposes only, and is not 
editable.

Level
Set the Level here. The level should be adjusted so 
that the total level of f1 and f2 is 64 dB SPL. 

Split
The Split setting defeats the summing of the two IMD 
frequencies within the generator. Instead, the signals 
are “split” and routed independently to channel 
outputs. Frequency 1 is routed to odd-numbered 
channels, and Frequency 2 is routed to even-
numbered channels.
Acoustic testing of microphones sometimes uses two 
stimulus loudspeakers, each with a single frequency 
component of an IMD stimulus. The stimulus signals 
are summed acoustically at the microphone element. 
This method provides a distortion result for the 
microphone while minimizing the distortion 
contributions of the loudspeakers.

Offset
Set any DC offset to the generator signal here.

Sweep
Set the sweep type. Options are:

•Logarithmic; use the Points field to set the number 
of logarithmically-spaced points. 

•Linear, which provides two methods of adjusting 
spacing: the Points fields or the Step Size field. 

•ISO R-Series (the default), which provides a selec-
tion of standard frequency points based on the 
ISO 3 series of preferred numbers. Select from the 
following ISO Spacing options:
R10 (1/3rd Octave)
R20 (1/6th Octave)
R40 (1/12th Octave)
R80 (1/24th Octave)

•Custom. Click Edit to open the Data Points dialog, 
where you can set points arbitrarily, or load or save 
sweep table files. 

Points > Edit
Open the Data Points dialog to edit, import or export 
the sweep points table. 

Advanced Settings
Advanced settings include Input Range and Settling. 
To view or modify these settings, click Advanced Set-
tings. See page 427.

Result Details
See Chapter 109 for more information about units of 
measurement.

IEC 60118-0 IMD Frequency Sweep: 
Total Difference Frequency Distortion

The IEC 60118-0 IMD Frequency Sweep: Total Differ-
ence Frequency Distortion result is an X/Y measure-
ment that provides a graphical display of the total 
difference frequency distortion, which is computed in 
accordance with the IEC 60118-0 recommendations 
for hearing aid measurements.

Units
Units available for ANSI S3.22 IMD Frequency
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Sweep: Total Difference Frequency Distortion:

IEC 60118-0 IMD Frequency Sweep: Dif-
ference Frequency Distortion
The IEC 60118-0 IMD Frequency Sweep: Difference 
Frequency Distortion result is an X/Y measurement 
that provides a graphical display of the difference fre-
quency distortion, which measures second order (F2-
F1) and third order (2F1-F2) distortion products and 
displays them as a function of F2. Traces for different 
input channels can be displayed by selecting the 
desired channel from the channel menu in the Results 
Settings bar.

Units
Units available for ANSI S3.22 IMD Frequency Sweep: 
Difference Frequency Distortion:

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis Y-axis (Acoustic)

•Hz •Vrms •dBSPL
•dHz •dBV •Pa
•F/R •dBu
•%Hz •dBrA

•dBrB
•DBSPL1
•DBSPL2
•dBm
•W (watts)
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IMD
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

IMD (intermodulation distortion) measurements use 
two tones of different frequencies summed into a 
stimulus signal. This measurement provides single-
value IMD ratio and IMD distortion product results.

The IMD measurement provides stimulus tones and 
analysis for four important methods of measuring 
intermodulation distortion: SMPTE, DFD, CCIF and 
MOD.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Measurement
IMD Type
Select the IMD type here. Read more about IMD 
beginning on page 379 for descriptions of the IMD 
types and stimulus frequencies.

•SMPTE

•DFD

•CCIF

•MOD

Generator
Waveform
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 

measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.
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If you have selected None (External Source)
in Signal Path Setup Output Configuration,
the Signal Generation controls listed below
will be not be shown. For generator wave-
form f i les or external source use, the
selected waveform file must be a correctly
formed IMD stimulus corresponding to the
selected IMD type. See Chapter 6, External
Source, page 227 for information about
Stimulus Signal Resources, and page 237
for information about Generator Wave-
forms.

Frequency
Set the IMD tone to be generated here.

•For SMPTE or MOD, set Frequency 1 or Frequency 
2. 
These measurements use dual-tone stimulus, with 
a lower, dominant frequency (Frequency 1) and a 
higher frequency of interest (Frequency 2). In a 
nonlinear device, the tones modulate each other. 
You can choose different frequency values here. 
The SMPTE and MOD stimulus frequency con-
straints are listed in the More on IMD discussion 
beginning on page 379.

•For DFD or CCIF, set Mean Frequency or Diff Fre-
quency.
DFD and CCIF use a dual-tone stimulus, with two 
high frequency tones separated by a Difference 
Frequency, centered around a Mean Frequency. 
You can choose different frequency values here. 
The DFD and CCIF stimulus frequency constraints 
are listed in the More on IMD discussion beginning 
on page 379.

Level
Set the Generator Level here.

Ratio
For SMPTE, select a 1:1 or 4:1 ratio (level ratio of Freq 
1 to Freq 2). For MOD, select 1:1, 4:1 or 10:1.

Split
The Split setting defeats the summing of the two IMD 
frequencies within the generator. Instead, the signals 
are “split” and routed independently to channel out-
puts. Frequency 1 or the Mean Frequency is routed to 
odd-numbered channels, and Frequency 2 or the Diff 
Frequency is routed to even-numbered channels.

Acoustic testing of microphones sometimes uses two 
stimulus loudspeakers, each with a single frequency 
component of an IMD stimulus. The stimulus signals 
are summed acoustically at the microphone element. 
This method provides a distortion result for the micro-
phone while minimizing the distortion contributions of 
the loudspeakers.

Offset
Set any DC offset here.

Analyzer
Filters

No local low pass, high pass or weighting fil-
ters are available for this measurement.
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment. Read more about APx Filters in Chap-
ter 102.

Mode
The Mode selector is not available for the
SMPTE IMD measurement.

For DFD, CCIF and MOD sweeps, the Mode selector 
allows you to choose the distortion products or combi-
nations of distortion products to be displayed. The 
default is d2 + d3 (2nd order plus 3rd order products).

Advanced Settings
If your test requires special settings, click Advanced 
Settings. Advanced Settings for IMD measurements 
include individual channel generator levels, custom 
IMD frequencies, individual channel analyzer ranging 
and custom analyzer settling. See Advanced Settings 
for IMD on page 380.

IMD Ratio

IMD Ratio provides a single-value result showing the 
IMD (intermodulation distortion) ratio in the output 
signal from each DUT channel, using the SMPTE, DFD, 
CCIF or MOD method.
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Units
Units available for IMD Ratio are

See Chapter 109 for more information about units of 
measurement.

IMD Distortion Product Ratio

IMD Distortion Product Ratio provides a single-value 
result that shows the individual second, third, fourth 
and fifth-order modulation products (d2 through d5) 
as a ratio to the level of the high frequency stimulus 
tone (f2), for a selected channel.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Channel
The Distortion Product Ratio result shows only one 
channel at a time. Select the channel to be viewed 
from the Channel drop-down list.

Units
Units available for IMD Distortion Product Ratio are

See Chapter 109 for more information about units of 
measurement.

More about Intermodulation Dis-
tortion
IMD is an abbreviation for Intermodulation Distortion. 
IMD is created when two or more audio tones beat 
with one another (intermodulate) in a non-linear 

device to produce undesired new tones. The primary 
mechanism producing IM in most devices is AM 
(amplitude modulation), which creates sidebands that 
are at the sum and difference of the frequencies of 
the original audio tones.

For example, if a 2 kHz audio tone and a 7 kHz audio 
tone pass through a non-linear device and undergo 
AM intermodulation distortion, the output signal will 
contain new tones (modulation products) at 9 kHz (the 
sum of the tones) and at 5 kHz (the difference of the 
tones).

The modulation products may also beat with each 
other and with the original audio signal, creating more 
modulation products.

Measurements that have two tones in the stimulus 
are used to measure IMD. IMD measurements in 
APx500 include DFD, DIM, MOD, SMPTE and CCIF.

SMPTE IMD
SMPTE IMD is a technique for measuring IMD (inter-
modulation distortion) according to the SMPTE 
RP120-1983 standard. The DIN intermodulation dis-
tortion technique uses a similar method.

The stimulus is a strong low-frequency interfering sig-
nal (F1) combined with a weaker high frequency sig-
nal of interest (F2). F1 is usually 60 Hz and F2 is 
usually 7 kHz, at a ratio of F1:F2 = 4:1. The stimulus 
signal is the sum of the two sine waves. In a distorting 
DUT, this stimulus results in an AM (amplitude modu-
lated) waveform, with F2 as the “carrier” and F1 as 
the modulation.

In analysis, F1 is removed, and the residual is band-
pass filtered and then demodulated to reveal the AM 
modulation products. The rms level of the modulation 
products is measured and expressed as a ratio to the 
rms level of F2. The SMPTE IMD measurement 
includes noise within the passband, and is insensitive 
to FM (frequency modulation) distortion.

The APx500 implementation of SMPTE IMD provides 
the capability to vary the stimulus frequencies. F1 can 
be in the range of 40 Hz to 1 kHz; F2 can be in the 
range of 2 kHz to 60 kHz. However, F2 must always be 
at least 6 times greater than F1.

The level ratio F1:F2 can be set to the standard 4:1, or 
to 1:1.

Distortion products out to the 5th order are measured 
and reported in the distortion product result.

MOD IMD
MOD IMD is similar to SMPTE IMD, and in some cases 
produces the same results. The MOD stimulus is the 
same as the SMPTE stimulus, but instead of using AM 
demodulation for analysis MOD selectively measures 
the 2nd and 3rd order intermodulation products and 
combines their values arithmetically. This method 

Y-axis

•x/y
•%
•ppm
•dB

X-axis Y-axis

•Hz •Stimulus and distortion product tone 
bars

•dHz
•F/R
•%Hz
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reduces the influence of noise in the result, and is 
sensitive to any distortion mechanism. When only 
amplitude modulation IMD exists, and when noise is 
very low, the MOD results will be identical to the 
SMPTE results.

The APx500 implementation of MOD IMD provides the 
capability to vary the stimulus frequencies. F1 can be 
in the range of 40 Hz to 1 kHz; F2 can be in the range 
of 240 Hz to 60 kHz. However, F2 must always be at 
least 6 times greater than F1.

The level ratio F1:F2 can be set to the standard 4:1, or 
to 10:1 or 1:1.

The 4th and 5th order products are also measured 
and can be reported in the distortion product result.

DFD IMD
DFD stands for Difference Frequency Distortion. DFD 
is described in the standards IEC60118 and 
IEC60268.

The DFD stimulus is two equal-level high-frequency 
tones f1 and f2, centered around a frequency called 
the mean frequency, (f1+f2)/2. The tones are sepa-
rated by a frequency offset called the difference fre-
quency. The two tones intermodulate in a nonlinear 
DUT to produce sum and difference frequencies.

The APx500 implementation of DFD IMD provides the 
capability to vary the stimulus frequencies. The mean 
frequency can be in the range of 250 Hz to 60 kHz; 
and the difference frequency can be in the range of 
80 Hz to 2 kHz.

For analysis DFD selectively measures the 2nd and 
3rd order intermodulation products, combines their 
values arithmetically and provides a result that is the 
ratio of the sum of the products to a reference voltage 
defined as 2x the voltage of f2 (effectively, the sum of 
f1 and f2). In the APx500 implementation, the 4th and 
5th order products are also measured and can be 
reported in the distortion product result.

Because the stimulus tones are high in frequency, 
DFD is a useful measurement for observing distortion 
in devices that exhibit distortion that rises with fre-
quency. Since the tones by default are only 80 Hz 
apart, much of the energy contained in the distortion 
products will fall near or below the stimulus tones. 
This makes DFD a good choice for measuring distor-
tion at higher frequencies in band limited devices, 
where harmonic distortion products from high-fre-
quency stimulus tones would fall out of band.

DFD measurements are made in the same way as 
CCIF measurements, differing only in amplitude cali-
bration. DFD results are expressed as values 6.02 dB 
lower than CCIF.

CCIF IMD
The CCIF IMD method is described in document no. 
11 of the Commission Mixte, CCIF/UIR, March 1937, 
issued by the International Telephonic Consultative 
Committee (CCIF). CCIF no longer exists as an organi-
zation, having become the ITU-R division of the Inter-
national Telecommunications Union (ITU). This method 
is also referred to as IMD (ITU-R).

The CCIF stimulus is two equal-level high-frequency 
tones f1 and f2, centered around a frequency called 
the mean frequency, (f1+f2)/2. The tones are sepa-
rated by a frequency offset called the difference fre-
quency. The two tones intermodulate in a distorting 
DUT to produce sum and difference frequencies.

The APx500 implementation of CCIF IMD provides the 
capability to vary the stimulus frequencies. The mean 
frequency can be in the range of 250 Hz to 60 kHz; 
and the difference frequency can be in the range of 
80 Hz to 2 kHz.

For analysis CCIF selectively measures the 2nd and 
3rd order intermodulation products, combines their 
values arithmetically and provides a result that is the 
ratio of the sum of the products to a reference voltage 
defined as 2x the voltage of f2 (effectively, the sum of 
f1 and f2). In the APx500 implementation, the 4th and 
5th order products are also measured and can be 
reported in the distortion product view.

Because the stimulus tones are high in frequency, 
CCIF is a useful measurement for observing distortion 
in devices that exhibit distortion that rises with fre-
quency.

Since the tones by default are only 80 Hz apart, much 
of the energy contained in the distortion products will 
fall near or below the stimulus tones. This makes CCIF 
a good choice for measuring distortion at higher fre-
quencies in band limited devices, where harmonic dis-
tortion products from high-frequency stimulus tones 
would fall out of band.

CCIF measurements are made in the same way as 
DFD measurements, differing only in amplitude cali-
bration. CCIF results are expressed as values 6.02 dB 
higher than DFD.

Filters
Filters are not provided with IMD measurements, but 
APx Signal Path > Input > Filters can be applied. Any 
filtering in the range of the fundamentals or the distor-
tion products would give non-standard results of ques-
tionable usefulness.

Advanced Settings for IMD
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.



Chapter 52: IMD (Sequence Mode)

APx500 User’s Manual 381

Signal Generation
You can set different output levels or DC offsets for 
each channel here.

If Levels Track Ch1 is checked (the default), the gen-
erator output level and DC offset values for channel 1 
are copied to the other channels, and values for chan-
nels greater than 1 cannot be edited. Any changes 
made to channel 1 are reproduced in the other chan-
nels.

To set individual generator output channel levels or 
offsets, uncheck the Levels Track Ch1 checkbox and 
enter values in the output channel Level or Offset 
fields.

If you are making an IMD measurement
using the Split control, note that uncheck-
ing Levels Track Ch1 allows you to effec-
tively change the ratio (4:1, for example) set
in the Measurement Setup panel. This may
create incorrect IMD measurement results.

Set Channel Assignments for generator wave-
forms
For stereo or multichannel generator waveform files, 
you can set channel mapping. By default, channel 1 
audio is mapped to channel 1 output, channel 2 to 
channel 2, and so on. If the number of channels in the 
waveform file is less than the number of output chan-
nels, the waveform channels resume numbering at 1 
and wrap to the next available output channel. These 
assignments can be remapped by changing individual 
settings in the Wave Ch column, or by selection one of 
several presets from the Set Channel Assignments 
menu.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 

Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Settling tab
A Settling tab is available for IMD measurement 
results. See page 743 for more information about set-
tling.
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IMD Frequency Sweeps
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

IMD measurements use two tones of different fre-
quencies summed into a stimulus signal. For IMD Fre-
quency Sweep measurements, one of these tones is 
held at a fixed frequency while the other is swept 
through a range of frequencies. The result is dis-
played as an IMD Ratio result, with the swept fre-
quency on the X-axis and the IMD Ratio on the Y-axis.

The IMD measurements in APx provide stimulus tones 
and analysis for four important methods of measuring 
intermodulation distortion: SMPTE, DFD, CCIF and 
MOD. Additionally, DIM IMD measurements are avail-
able with specific analyzer hardware.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

IMD Frequency Sweep measurements are
not available in External Source configura-
tion.

IMD Type
Select the IMD type here. Read more about IMD 
beginning on page 379 for descriptions of the IMD 
types and stimulus frequencies.

•SMPTE

•DFD

•CCIF

•MOD
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Generator
Swept Frequency
SMPTE or MOD
For SMPTE or MOD, select Frequency 1 or Frequency 
2 as the Swept Frequency.

DFD or CCIF
For DFD or CCIF, select Mean Frequency or Diff Fre-
quency as the Swept Frequency.

Start Frequency
Select the Start frequency of the swept tone here. This 
frequency is constrained only by the DAC generator 
constraints.

Stop Frequency
Select the Stop frequency of the swept tone here. This 
frequency is constrained only by the DAC generator 
constraints.

(Unswept) Frequency
For SMPTE or MOD, the control located below Stop 
Frequency will be labeled Frequency 1 or Frequency 2.

The SMPTE and MOD stimulus frequency constraints 
are listed in the More on IMD discussion beginning on 
page 379.

For DFD or CCIF, the control located below Stop Fre-
quency will be labeled Mean Frequency or Diff Fre-
quency. In any case, enter the desired frequency for 
the unswept tone here. 

The DFD and CCIF stimulus frequency constraints are 
listed in the More on IMD discussion beginning on 
page 379.

Level
Set the generator level here. 

Ratio
For SMPTE, select a 1:1 or 4:1 ratio (level ratio of Freq 
1 to Freq 2). For MOD, select 1:1, 4:1 or 10:1.

Split
The Split setting defeats the summing of the two IMD 
frequencies within the generator. Instead, the signals 
are “split” and routed independently to channel out-
puts. Frequency 1 or the Mean Frequency is routed to 
odd-numbered channels, and Frequency 2 or the Diff 
Frequency is routed to even-numbered channels.

Acoustic testing of microphones sometimes uses two 
stimulus loudspeakers, each with a single frequency 
component of an IMD stimulus. The stimulus signals 
are summed acoustically at the microphone element. 
This method provides a distortion result for the micro-
phone while minimizing the distortion contributions of 
the loudspeakers.

Offset
Set any DC offset here.

Sweep
Choose

•Logarithmic point spacing 

•Linear point spacing 

•ISO R-Series point spacing 

•Custom
Edit sweep spacing and number of Points to cre-
ate a Custom sweep. 

ISO Spacing
For ISO R-Series sweeps, select the ISO Spacing here. 
Choose

•R10 (1/3rd Octave), which sets points using the 
1/3 octave preferred values.

•R20 (1/6th Octave), which sets points using the 
1/6 octave preferred values.

•R40 (1/12th Octave), which sets points using the 
1/12 octave preferred values.

•R80 (1/24th Octave), which sets points using the 
1/24 octave preferred values.

Points
For Logarithmic or Linear, set the number of points 
here.

Edit
Opens the Data Points dialog. See page 599 for infor-
mation about viewing and editing the sweep points 
table in the Data Points dialog.

Step Size
For Linear, set the Step Size here.

Analyzer
Filters

No local low pass, high pass or weighting fil-
ters are available for this measurement.
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment. Read more about APx Filters in Chap-
ter 102.

Mode
The Mode selector is not available for the
SMPTE Frequency Sweep.

For CCIF and MOD, the Mode selector allows you to 
choose the distortion products or combinations of dis-
tortion products to be displayed. The default is d2 + 
d3 (2nd order plus 3rd order products).
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Advanced Settings
If your test requires special adjustments or settings, 
click Advanced Settings. See page 427.

See Chapter 109 for more information about units of 
measurement.

IMD Ratio

IMD Ratio plots the distortion ratio on the Y axis 
against the Generator frequency on the X axis, using 
the SMPTE, DFD, CCIF or MOD IMD method. 

Units
Units available for IMD Ratio are

X-axis (analog) Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB



Chapter 53: IMD Frequency Sweeps (Sequence Mode)

386 APx500 User’s Manual



APx500 User’s Manual 387

54

IMD Level Sweeps
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

The SMPTE, DFD, CCIF and MOD Level Sweep mea-
surements are combined into one measurement. Use 
the IMD Type menu to select SMPTE, DFD, CCIF or 
MOD.

IMD measurements use two tones of different fre-
quencies summed into a stimulus signal. For IMD 
Level Sweep measurements, this stimulus is swept 
through a range of levels. The result is displayed as 
two IMD Ratio results, one with the swept generator 
level on the X-axis, the other with the measured level 
on the X-axis. Both plot the IMD Ratio on the Y-axis.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

IMD Level Sweep measurements are not
available in External Source configuration.

Append Graph Data
Normally, the current graph data for all results is 
deleted each time you start a new measurement. If 
the Append box is checked, the current data is kept in 
memory as a Data Set (see page 240), and the new 
measurement data is appended as a new data set. 
You can append many Data Sets.

Measurement
IMD Type
Select the IMD type here. Read more about IMD 
beginning on page 379.

•SMPTE
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•DFD

•CCIF

•MOD

Generator
The configuration for this measurement must be the 
closed-loop configuration, using the APx sine genera-
tor as a stimulus. See Chapter 6 for information about 
the using the APx Generator and setting Waveform, 
Level and Frequency.

Frequency
Set the IMD stimulus here.

•For SMPTE or MOD, set Frequency 1 or Frequency 
2. These measurements use dual-tone stimulus, 
with a lower, dominant frequency (Frequency 1) 
and a higher frequency of interest (Frequency 2). 
In a nonlinear device, the tones modulate each 
other. You can choose different frequency values 
here. 
Frequency 1 minimum setting is 40 Hz. Maximum 
setting varies with the Frequency 2 setting, rang-
ing from 333.33 Hz to 1 kHz. The default is 60 Hz. 
The Frequency 2 setting range is 2 kHz (240 Hz for 
MOD) to 20 kHz. The default is 7 kHz.

•For DFD or CCIF, set Mean Frequency or Diff Fre-
quency.
DFD and CCIF use a dual-tone stimulus, with two 
high frequency tones separated by a Difference 
Frequency, centered around a Mean Frequency. 
You can choose different frequency values here. 
Mean Frequency minimum settings vary with the 
Difference Frequency setting, ranging from 
2.5 kHz to 12 kHz. Maximum setting is 20 kHz. 
The default is 12.5 kHz. 
The Difference Frequency setting range is 80 Hz to 
2 kHz. The default is 80 Hz. 

Frequency Ratio
For SMPTE, select a 1:1 or 4:1 ratio (level ratio of Freq 
1 to Freq 2). For MOD, select 1:1, 4:1 or 10:1.

Split
The Split setting defeats the summing of the two IMD 
frequencies within the generator. Instead, the signals 
are “split” and routed independently to channel out-
puts. Frequency 1 or the Mean Frequency is routed to 
odd-numbered channels, and Frequency 2 or the Diff 
Frequency is routed to even-numbered channels.

Acoustic testing of microphones sometimes uses two 
stimulus loudspeakers, each with a single frequency 
component of an IMD stimulus. The stimulus signals 
are summed acoustically at the microphone element. 
This method provides a distortion result for the micro-

phone while minimizing the distortion contributions of 
the loudspeakers.

Running the measurement
To make an IMD Level Sweep measurement, click 
Start. The generator will output the IMD stimulus to 
the DUT on the selected generator channels. The level 
of the signal will be swept from the Start Level to the 
Stop Level in the set number of points. You can select 
Logarithmic or Linear point spacing, or choose Edit... 
to open the Data Points dialog and customize the 
sweep points table. 

Start Level
Select the Start level of the swept tone here.

Stop Level
Select the Stop level of the swept tone here.

Sweep
Select Logarithmic, Linear or Custom.

Points
For Logarithmic or Linear, set the number of points 
here.

Edit
Opens the Data Points dialog. See page 604 for infor-
mation about viewing and editing the sweep points 
table.

Step Size
For Linear, set the Step Size here.

Analyzer
No local low pass, high pass or weighting fil-
ters are available for this measurement. 
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment. Read more about APx Filters in Chap-
ter 102.

Mode
The Mode selector is not available for the
SMPTE Frequency Sweep.

For CCIF and MOD, the Mode selector allows you to 
choose the distortion products or combinations of dis-
tortion products to be displayed. The default is d2 + 
d3 (2nd order plus 3rd order products).

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
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Stepped Sweeps at the end of this chapter. See Chap-
ter 109 for more information about units of measure-
ment.

IMD Ratio vs. Generator Level

IMD Ratio plots the distortion on the Y axis against the 
Generator level on the X axis, using the SMPTE, DFD 
CCIF or MOD IMD method. 

Units
Units available for the IMD Ratio result are

IMD Ratio vs. Measured Level

IMD Ratio vs. Measured Level plots the distortion on 
the Y axis against the measured DUT output level on 
the X axis, using the SMPTE, DFD CCIF or MOD IMD 
method.

Units
Units available for the IMD Ratio vs. Measured Level 
result are

Advanced Settings for IMD Level 
Sweep Measurements
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
Generator output levels cannot be modified
for this measurement.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

X-axis (analog) X-axis (digital) Y-axis

•Vrms •FS •x/y
•Vp •%FS •%
•Vpp •dBFS •ppm
•dBV •dBrG •dB
•dBu
•dBrG
•dBm
•W (watts)

X-axis (analog) X-axis (digital) Y-axis

•Vrms •FS •x/y
•dBV •%FS •%
•dBu •dBFS •ppm
•dBrA •dBrA •dB
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm)
•W (watts)



Chapter 54: IMD Level Sweeps (Sequence Mode)

390 APx500 User’s Manual

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Settling tabs
Two or three Settling tabs are available for stepped 
sweep measurement results. These tabs may have dif-
ferent parameters and default values depending upon 
the result to which they're attached.

Read more about ranging and settling in Chapter 103.
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Impedance/Thiele-Small
(Sequence Mode)

This measurement requires a software
option key. See page 241 for more informa-
tion about software options.

Impedance/Thiele-Small is only available
when the analyzer input and output are set
to an analog, non-acoustic configuration.

Overview
The Impedance/Thiele-Small measurement measures 
the complex impedance of a loudspeaker driver, pro-
viding impedance response curves and Thiele-Small 
parameters. The voltage across the driver is mea-
sured, and the current through the driver is calculated 
by measuring the voltage across a precision sense 
resistor in series with the driver. The underlying tech-
nology is the continuous sweep.

Impedance/Thiele-Small results available in APx500 
are:

These results are available from a single acquisition; 
however, depending upon the Thiele-Small mode 
selected, a second measurement may be necessary to 
obtain the full set of Thiele-Small parameters.

Thiele-Small parameters
The Thiele-Small (T-S) parameters are a set of electro-
mechanical parameters that define the low-frequency 
performance of a loudspeaker driver. 

T-S parameters are often referred to as “small signal” 
parameters, because the results are most useful 
when the driver remains in its linear range, not over-
driven by a large signal. Driver specifications often 
include a table of T-S parameters to aid design engi-
neers in driver selection and in enclosure design.

The T-S parameters are derived from measurements 
of a driver’s impedance curve, with additional informa-
tion about the mechanical characteristics of the driver.

The additional information can be attained by modify-
ing the mechanical loading of the driver and making a 
second measurement, or by entering the MMD (mov-
ing mass) of the driver, measured outside of APx. 
These methods are discussed in detail below.

•Impedance 
Magnitude

•Impedance Real •Thiele-Small 
parameters

•Impedance 
Phase

•Impedance 
Imaginary

Symbol Unit Description

FS Hz Resonant frequency of the driver

QMS ---- Mechanical Q at FS

QES ---- Electrical Q at FS

QTS ---- Total Q at FS

SD cm2 Effective surface area of cone

RE  Voice coil resistance

LE mH Voice coil inductance

R2  LR-2 model: voice coil parallel 
resistance

L2 mH LR-2 model: voice coil parallel 
inductance

Erm ---- Wright model: motor resistance 
exponent

Krm ---- Wright model: motor resistance 
coefficient

Exm ---- Wright model: motor reactance 
exponent

Kxm ---- Wright model: motor reactance 
coefficient

RMS Ns/m Mechanical resistance of suspension

CMS mm/N Mechanical compliance of the sus-
pension

MMS gram Mechanical mass including air load

VAS liter Acoustic volume with same 
compliance as suspension

Bl Tm Magnetic motor strength

η0 % Reference efficiency of the driver
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R2 and L2 are only populated when the LR-2 model is 
selected. Erm, Krm, Exm and Kxm are only populated 
when the Wright model is selected.

Impedance Response
The impedance of a loudspeaker driver is given by 
dividing the voltage across the voice coil by the cur-
rent passing through it. The reactance of the voice coil 
and the action of the mechanical system coupled to it 
do not present a pure resistance. When stimulated by 
an alternating current, the impedance is expressed as 
a complex number.

In the APx implementation, the impedance is calcu-
lated from a voltage measurement taken across the 
driver voice coil and the current in the driver circuit. 
The driver current is calculated by measuring the volt-
age across a sense resistor of known value, by 
I = E/R.

The stimulus signal is an audio sweep, resulting in an 
impedance response curve plotted against frequency. 
The underlying measurement technology is the APx 
continuous sweep.

Connections and Test Configurations
The Impedance/Thiele-Small measurement can use 
one of several test configurations to derive the driver 
current from the available voltages. Choose the test 
configuration described in this section that is suited to 
your analyzer and situation. These include:

•Vdrvr only (Zgen)

•Vdrvr and Vsense (APx517 using the built-in Power 
Amplifier)

•Vdrvr and Vsense (APx517 using the built-in Head-
phone Amplifier)

•Vdrvr and Vsense (balanced)

•Vdrvr and Vsense (unbalanced)

•Vsense only

In these tests, we are not measuring conventional 
audio parameters; we are measuring voltage or cur-
rent in circuit components. The APx517 has an inter-
nal sense resistor and dedicated VDRVR and VSENSE 
channels that are used to measure voltage across the 
driver and the voltage across the internal sense resis-
tor. On other APx analyzers, one or two of the analyzer 
input channels must have specific roles assigned, 
either to measure the voltage across the driver, the 
voltage across the sense resistor, or the total voltage 
across the driver and the sense resistor. Please pay 
close attention to the roles depicted in the illustra-
tions below and identified on the Channels controls in 
the software.

We recommend that you use balanced analyzer inputs 
for impedance measurements.

Choose the test configuration suited to your situation.

Vdrvr only (Zgen)   

Vdrvr only (Zgen)

This method is not available on the APx517. 

This method is convenient but less accurate than the 
Vdrvr and Vsense configurations discussed below. It is 
appropriate for low-power demonstration purposes, or 
when no power amplifier or precision sense resistor is 
available. The method uses the source resistor (a 
known value) in the final stage of the APx output cir-
cuitry as the current sense resistor. This method 
assumes that the APx directly drives the loudspeaker 
driver, and that no external power amplifier or sense 
resistor is used.

RSENSE 

Driver

APx Generator

(internal to APx)

VDRVR 

APx Analyzer

APx
DRVR
Input
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Vdrvr and Vsense (APx517 using the built-in 
Power Amplifier)

This is our recommended configuration when making 
an impedance measurement using the APx517 with 
the built-in power amplifier, internal sense resistor, 
and dedicated sense channels. No external amplifier 
or impedance fixture is required. The VDRVR channel is 
integrated with the SpeakOn connector and con-
nected through the Power Amplifier cable so the mea-
surement can be made at the termination of the cable 
where the driver is connected. The sense resistor 
value for the power amplifier, shown Sense R field, is 
fixed at 100.0 mOhm.

This configuration can also be used for
Vsense only measurements.

Vdrvr and Vsense (APx517 using the built-in 
Headphone Amplifier)

This is our recommended configuration when making 
an impedance measurement using the APx517 using 
the built-in headphone amplifier. Because it has a 
built-in headphone amplifier, internal sense resistor, 
and dedicated sense channels, no external amplifier 
or impedance fixture is required. As it is not usually 
possible to make the VDRVR connection on the driver 
side of the headphone cable without disassembling 
the headphones, the VDRVR measurement is made at 
the headphone connector. The sense resistor value for 
the headphone amplifier, shown in the Sense R field, 
is fixed at 10.00 Ohm.

This configuration can also be used for
Vsense only measurements.
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Vdrvr and Vsense (balanced)

Vdrvr and Vsense (bal)

This is our recommended configuration when making 
a 2-channel impedance measurement with an exter-
nal power amplifier and an external sense resistor. 
This configuration is enabled when Test Configuration 
is set to Vdrvr and Vsense and the analyzer inputs are 
set to balanced. Because VDRVR and VSENSE are mea-
sured simultaneously, no assumptions are made 
regarding the amplifier response. Impedance results 
are reported correctly across the frequency range.

The Audio Precision IMP1 Impedance Fixture can be 
used with this configuration.

Avoid the use of a bridged amplifier as the
accuracy of results can be significantly
degraded due to strong common mode sig-
nals at the analyzer input.

Vdrvr and Vsense (unbalanced)

Vdrvr and Vsense unbal

This configuration is enabled when Test Configuration 
is set to Vdrvr and Vsense and the analyzer inputs are 
set to unbalanced. 

Do not use this configuration when ASIO is
selected in Signal Path Input. Use the Vdrvr
and Vsense Balanced configuration. 

This configuration is similar to Vdrvr and Vsense (bal), 
but it allows the use of unbalanced analyzer inputs, 
which may be more convenient in some situations. 
VDRVR is calculated by subtracting VSENSE from VTOTAL. 
When the analyzer is set to unbalanced inputs, this 
configuration is assumed and voltage measured at 
channel n+1 is subtracted from the voltage at chan-
nel n, provided the driver voltage.

The Audio Precision IMP1 Impedance Fixture can be 
used with this configuration.

A bridged amplifier cannot be used with
unbalanced analyzer inputs.

RSENSE 

Amplifier

Driver

APx Generator

VSENSE 

VDRVR 

APx Analyzer

APx
SENSE

Bal Input

APx
DRVR

Bal Input

RSENSE 

Amplifier

Driver

APx Generator

VSENSE 

VTOTAL 

APx Analyzer

APx
SENSE

Unbal Input

APx
TOTAL

Unbal Input
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Vsense only 

Vsense only

This method uses an external power amplifier and 
sense resistor.

Set Correction Curve to select an amplifier correction 
curve in the project, or choose to Create New or 
Browse for File. If the correction curve accurately rep-
resents the amplifier in use, this configuration will 
make accurate impedance response measurements. 
See Amplifier Correction on page 401.

Enter the value of the sense resistor into the data 
entry field in APx. This is our recommended configura-
tion when making a 1 channel impedance measure-
ment.

If Correction Curve is set to None, the broadband gain 
of the amplifier must be known from a previous mea-
surement, such as the APx Level and Gain measure-
ment. Enter the gain and the value of the sense 
resistor into the data entry fields in APx. If the APx517 
is used for this measurement, the amplifier gain is a 
known value and does not need to be provided.

When Correction Curve is set to None, this configura-
tion cannot correct for the low-frequency rolloff pres-
ent in an AC-coupled power amplifier. AC coupling will 
introduce phase shift that clearly affects the driver 
impedance curve. If your test requires a sweep that 
extends below 20 Hz, we recommend the use of a DC-
coupled power amplifier, or that you use a correction 
curve as described above.

We recommend that you use balanced analyzer inputs 
for impedance measurements.

Avoid the use of a bridged amplifier as the
accuracy of results can be significantly

degraded due to strong common mode sig-
nals at the analyzer input.

Mounting the driver for testing
Free air
For the free-air measurement, the driver should be 
suspended or mounted to a rigid, open frame in free 
air, as far from reflecting surfaces as possible. The 
driver should be oriented so that the line of travel of 
the voice coil is perpendicular to the force of gravity.

Loading the driver for a second mea-
surement
Unless you know the MMD of your driver (see Known 
MMD, below), the full set of Thiele-Small parameters 
requires a second measurement, where the driver has 
been loaded with either added mass or the air compli-
ance of a sealed enclosure.

Added Mass
The driver should be mounted as for a free-air mea-
surement, with mass added to the driver in a bal-
anced pattern that does not interfere with the motion 
of the cone. This is typically done by placing a uniform 
toroid of modeling clay (such as Plasticine or Handi-
TAK) around the driver dust cap.

Adding mass to the driver will shift its resonant fre-
quency (the peak in the impedance curve) downward. 
You must add enough mass to shift the resonant fre-
quency by at least 5%. APx accepts a range of 1 g to 
1000 g.

Known Volume
The driver should be mounted on a sealed enclosure, 
in the same orientation to the Earth as indicated in 
the free air instructions. 

If the driver is facing in to the enclosure, calculate the 
total volume by adding the volume of the enclosure to 
the volume of the truncated conic section formed by 
the driver cone.

If the driver is mounted inside a sealed enclosure fac-
ing out, you must subtract the volume of the driver 
cone, frame and magnet assembly from the volume of 
the enclosure.

Mounting the driver on a sealed enclosure will shift its 
resonant frequency (the peak in the impedance curve) 
upward by reducing the compliance of the system; the 
smaller the enclosure, the more the resonant fre-
quency is shifted. You must reduce the compliance 
enough to shift the resonant frequency by at least 5%. 
APx accepts a range of 0.01 liter to 1000 liters.

Known MMD
Rather than making two measurements for T-S as 
described above, you can enter the MMD (the moving 
mass of the driver without air load) and derive the full 

RSENSE 

Amplifier

Driver

APx Generator

VSENSE 

APx Analyzer

APx
SENSE
Input
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set of parameters in one measurement pass. The 
MMD may be available from a manufacturer’s specifi-
cation, or can be obtained by disassembling an identi-
cal driver and weighing the moving parts. Enter the 
MMD into the Known MMD field.

The Known MMD technique has the advantage of 
faster and more precise measurements.

Common Controls

Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

Note: be certain to disable all input filters
for this measurement. Filtering the acquisi-
t ion will result in incorrect impedance
curves. For low-frequency drivers, be sure
that the input high-pass filter is set to DC
(DC coupled).

Before you run the measurement
Before you run the measurement, you must choose a 
Test Configuration and enter a number of values as 
described in detail below. If you are using the Known 
MMD mode, you must choose that mode in the Thiele-
Small Parameters area, and enter the exact value of 
the MMD in the Mmd entry field before running the 
measurement.

Append Graph Data
Normally, the graph data in memory is deleted each 
time you start a new measurement. If the Append 
Graph Data box is checked, appended data are 
grouped as additional data sets, as are any imported 
data. The Data Sets Panel displays the Data Set(s) in 
the measurement, and provides a visibility checkbox 
and a Notes field for each data set.

For the Impedance/Thiele-Small measure-
ment, only the Free-Air Impedance data (the
first measurement) can be appended as
new Data Sets (Measured 1, Measured 2,
etc.). The data acquired in the second
Thiele-Small Parameters acquisition (for
Added Mass or Known Volume) are applied
to the final measured Data Set, and are
available for viewing as additional traces on
that graph. The second measurement can
be run repeatedly, updating the second set
of traces but not appending new Data Sets.

Generator
The configuration for this measurement must be the 
closed-loop configuration, using the APx sine genera-
tor as a stimulus. See Chapter 6 for information about 
the using the APx Generator and setting Waveform, 
Level and Frequency.

If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

The Impedance/Thiele-Small measurement uses a 
continuous sweep (log chirp) stimulus signal, swept 
between the frequencies entered in Start Frequency 
and Stop Frequency, at the value set in Level.
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Note: Loudspeakers and drivers under test
can be damaged by signals that exceed
their level or frequency limits. Be sure to set
generator and amplifier level and sweep fre-
quencies to values within the limits of the
loudspeaker.

Click Start. This plots the impedance response curves 
and populates the Thiele-Small parameter values cal-
culated from the impedance measurement. If you 
have elected to use the Known MMD mode, this will be 
the full set of T-S parameters. Otherwise, a second 
measurement pass (see Thiele-Small Parameters, 
below) is required.

Start Frequency and Stop Frequency
These controls set the frequency range of the sweep. 
For loudspeaker driver testing, the sweep range is typi-
cally set to the nominal range of the driver. See page 
315 for more about continuous sweep ranges, which 
are dependent upon the instrument.

Level
Set the generator level here.

Offset
Set any DC offset to the generator signal here.

EQ
You can optionally modify the sweep with by applying a 
equalization curve to the generator. See Generator 
Equalization on page 245 for a general discussion of 
this feature. Choose

•None, which applies no equalization to the genera-
tor. 

•Relative, which applies the gain or loss specified 
in the EQ table to the current generator level for 
each channel. 

•Absolute, which sets the generator level for all 
channels to the levels specified in the EQ table.
Note: when Absolute is selected, current channel 
level settings are lost. 

Click the Edit button to create or change the EQ curve. 
See the Edit EQ Table dialog discussion on page 245.

Sweep
A continuous sweep stimulus consists of a sine wave 
swept logarithmically across the sweep range in the 
period of time set in Sweep.

The default for Sweep is 1 s. Minimum is 50.0 ms; 
maximum is 5 s.

Longer Sweep settings provide greater resolution and 
signal-to-noise ratio, but increase measurement time.

Analyzer: Free-Air Impedance
Measure
This measurement supports three test configurations. 
The selection made here affects the availability of 
other settings below. The test configurations are:

•Vdrvr only (Zgen) 

This configuration is not available when
using the APx517 or APx1701 Transducer
Test Interface

•Vdrvr and Vsense

•Vsense Only

See page 392 for a full description of these configura-
tions.

Vdrvr only (Zgen)
See a diagram of the Internal test configuration on 
page 392.

This method is convenient but less accurate than the 
Vdrvr and Vsense configuration discussed below. It is 
appropriate for low-power demonstration purposes, or 
when no power amplifier or precision sense resistor is 
available.

Channel
The Internal Test Configuration requires 1 input chan-
nel, which is assigned the role of “drvr”. This channel 
measures the voltage across the loudspeaker driver. 
No external power amplifier or external sense resistor 
is used.

Vdrvr and Vsense
This is our recommended configuration. It requires an 
external power amplifier and an external sense resis-
tor with all analyzers except the APx517, which has an 
integrated power amplifier and internal sense resis-
tor. For analyzers other than the APx517, this configu-
ration also requires 2 analyzer input channels. It is 
recommended because both the voltage across the 
driver and the current through the driver are mea-
sured simultaneously, and it produces the best 
results.

Channel (Vdrvr) and Channel (Vsense)
In most cases, the Impedance/Thiele-Small measure-
ments can be done with either balanced or unbal-
anced inputs. However, when ASIO is selected as the 
signal path input, APx500 requires that the ASIO audio 
interface inputs are balanced. 

See a diagram of the Vdrvr and Vsense (balanced) 
test configuration on page 394 and the Vdrvr and 
Vsense (unbalanced) test configuration on page 394. 
If you are using an APx517, see the APx517 Vdrvr and 
Vsense test configurations on page 393

On the APx517, there are dedicated channels for 
“drvr” and “sense” that are automatically selected 
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and displayed in the Channel (Vdrvr) and Channel 
(Vsense) fields. Additionally, when the input is set to 
Mic or Impedance Monitor, these values are fixed and 
not editable.

On analyzers other than the APx517, the Vdrvr and 
Vsense Test Configuration requires one input channel 
to be assigned the role of “drvr” and a second input 
channel to be assigned the role of “sense”. For bal-
anced inputs, this channel measures the voltage 
across the loudspeaker driver. For unbalanced inputs, 
the voltage across the driver is calculated by subtract-
ing the sense voltage from the total voltage. 

Sense R:
Enter the value of the external sense resistor in this 
field. 

Note: The APx517 and APx1701 Transducer
Test Interface have internal sense resistors.
If you are using the APx517 or APx1701, the
value in Sense R field will be fixed at the
appropriate resistance.

Vsense only
See a diagram of the Vsense only test configuration 
on page 395.

For the APx517, this configuration allows you to make 
an impedance measurement using the built-in ampli-
fier and internal sense resistor. In this case, a correc-
tion curve is not required and the control is hidden.

For all APx analyzers except the APx517, this configu-
ration allows you to make an impedance measure-
ment using an external power amplifier and an 
external sense resistor, but requires only 1 analyzer 
input channel. You must use an amplifier correction 
curve (see below) or provide a broadband amplifier 
gain value. We recommend using an amplifier correc-
tion curve, as it is more accurate. Characteristics of 
the amplifier used and the accuracy of the correction 
curve will affect your results.

Correction Curve:
•None

If you are not using a correction curve, choose 
None and enter a value for the amplifier gain in 
the field below. The response of your amplifier will 
affect the accuracy of the impedance curves. See 
Vsense only Test Configuration on page 395 for 
more information.

•If there are Amplifier Correction Curves in the proj-
ect, they will be listed here and available for selec-
tion.

•Create New
To create an amplifier correction curve, choose 
Create New. See Amplifier Correction on page 
401.

•Browse for file
To use a previously saved amplifier correction 
curve, choose Browse for file.See Amplifier Correc-
tion on page 401.

A correction curve cannot be applied when
using the APx1701 Transducer Test Inter-
face.

Amplifier Gain
This field is only available when Test Configuration is 
set to Vsense only configuration and Correction Curve 
is set to None. Determine the gain of your amplifier 
using a measurement such as the APx Level and Gain, 
and enter the value here. See Vsense only Test Config-
uration on page 395 for more information.

Amplifier gain is not available when using
the APx517. Amplifier gain is fixed at 20 dB
when using the APx1701 Transducer Test
Interface.

Channel
The Vsense only Test Configuration requires one input 
channel to be assigned the role of “sense.” This chan-
nel measures the voltage across the sense resistor.

On the APx517, the sense resistor is inter-
nal and so assigning an input channel for
“sense” is not required. Vsense is automati-
cally selected and displayed in the Channel
(Vsense) field. 

Sense R:
Enter the value of the external sense resistor here. 
The acceptable range is 0.01 ohm to 1,000 ohm.

Note: The APx517 and APx1701 Transducer
Test Interface have internal sense resistors.
If you are using the APx517 or APx1701, the
value in Sense R field will be fixed at the
appropriate resistance.

Driver Diameter
Enter the driver diameter in this field.

Model Fit
After the preliminary set of Thiele-Small parameters 
are obtained from the free air pass, the result data 
are processed and a model of the impedance curve is 
created.

You can choose to view the raw result data, or the pro-
cessed data using the Unprocessed / Processed con-
trol on the graph display. The choice of Unprocessed / 
Processed viewing does not affect the operation of the 
measurement.

Note: If the ratio between the sense resis-
tor and the driver under test is large (small
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sense resistor / large driver impedance),
very little voltage will be developed across
the sense resistor, and the result data may
be very noisy. The Unprocessed view may
show a great deal of noise, and in severe
cases the impedance curve of the driver
under test may not fit the available models.
See Calculate TS Parameters on the next
page.

Choose a Model Fit:

•Standard

•LR-2 or

•Wright

Standard model
The standard model provides a good fit at lower fre-
quencies but may not represent the physical driver 
well at higher frequencies.

Standard Model

The moving mass of the driver is modeled as a reso-
nant system, shown as the dotted box on the right. All 
moving coil drivers have a voice coil with resistance 
and inductance. The Standard Model assumes that 
the simple series resistance plus inductance of the 
voice coil accurately models the electrical impedance 
of the driver.

In a practical system, eddy current losses in the mag-
net and pole piece cause the real part of the imped-
ance to climb with frequency, which the Standard 
Model does not predict.

LR-2 model
The LR-2 and Wright models add an additional net-
work of resistance and inductance to the standard 
model and typically provide a better fit at high fre-
quencies.

LR-2 Model

The LR-2 Model assumes that the network shown 
above in series with the mechanical impedance accu-
rately models the electrical impedance of the coil, 
including eddy current losses. This model provides a 
more accurate fit to the measured impedance curve 
than the Standard Model, and can be implemented 
with physical components or digital filters.

For more information, see Mark Dodd, Wolfgang Klip-
pel, and Jack Oclee-Brown, “Voice Coil Impedance as a 
Function of Frequency and Displacement”, AES 117th 
Convention, Oct 28-31 2004. This paper is available 
from the Audio Engineering Society eLibrary at 
aes.org.

Wright model

Wright Model

The Wright Model assumes that the network shown 
above in series with the mechanical impedance accu-
rately models the electrical impedance of the coil, 
including eddy current losses. This model provides a 
very accurate fit to the measured impedance curve, 
but cannot be implemented with physical compo-
nents or digital filters because it uses unrealizable 
parameters, such as fractional resistance and induc-
tance. With certain software tools, the Wright model is 
useful in crossover and enclosure design.

For more information, see J. R. Wright, “An Empirical 
Model for Loudspeaker Motor Impedance”, JAES, Vol. 
38, No. 10, October 1990. This paper is available from 
the Audio Engineering Society eLibrary at aes.org.

RE
RE is a Thiele-Small parameter representing the DC 
resistance (DCR) of the voice coil. Choose

•Auto
Auto obtains RE in finding the best model fit to the 
impedance curve.

•Fixed (DCR)
Fixed (DCR) allows you to enter the DC resistance 
of the voice coil, measured outside of APx using a 
precision ohmmeter.

DCR
Enter the resistance value in the DCR field.

Mechanical Impedance

Voice Coil Resistance
and Inductance 

RE LE

Voice Coil Resistance
and Inductance 

Voice Coil Parallel
Resistance and Inductance 

Mechanical Impedance

RE

R2

LE

L2

Mechanical Impedance

Voice Coil Resistance and Inductance 

RE REM LEM

REM= Krm · ωErm LEM= Kxm · ω(Exm–1)
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Calculate TS Parameters
This checkbox is checked by default, enabling the cal-
culation of Thiele-Small parameters from the imped-
ance measurement. 

In some cases (such as high-impedance headphone 
measurements), the impedance curve of the driver 
under test may not fit the available models. Deriva-
tion of the Thiele-Small parameters will fail, and the 
measurement will abort. To prevent this, uncheck the 
Calculate TS Parameters checkbox. The device imped-
ance curve will be measured, but Thiele-Small param-
eters and model fit will not be calculated.

Curve Fit Range
For calculating Thiele-Small parameters, it is best to 
constrain the high-frequency extent of the range 
across which the data is fitted to the model curve to 
approximately 20xFs (Fs is the resonant frequency of 
the driver).

•Auto
The data that is fitted to the model curve is the full 
frequency range of the acquisition, which is 
approximately the same as the range of the gener-
ator sweep.

•Custom
The data that is fitted to the model curve is con-
strained to the range between the Min Freq and 
Max Freq, set in the fields below.

Analyzer: Thiele-Small Parameters
Mode
The Mode selected in Thiele-Small parameters deter-
mines whether or not a second measurement pass is 
required, and what further information must be 
entered for the second pass. If you are using the 
Known MMD mode, you must choose that mode and 
enter the exact value of the MMD in the Mmd entry 
field before you click Start. See Known MMD on page 
395.

For Added Mass or Known Volume, you must first run 
the free-air impedance measurement, as described 
above in Running the Measurement.

When that measurement has been made, choose the 
driver loading mode for Thiele-Small: Added Mass or 
Known Volume.

For Known MMD, only the first free-air measurement is 
necessary.

Added Mass
If you do not know the MMD of the driver, you can 
choose the Added Mass mode to fully populate the 
table of T-S parameters. You must first run the free-air 
impedance measurement initiated by the Start but-
ton, as described above in Running the Measure-
ment. For Added Mass, you must add mass to the 

driver as described in Mounting the driver for testing: 
Free air on page 395. This will shift the resonance fre-
quency of the driver downward. Enter the exact value 
for the added mass in the Added Mass field and click 
Measure.

Known Volume
If you do not know the MMD of the driver, you can 
choose the Known Volume mode to fully populate the 
table of T-S parameters. You must first run the free-air 
impedance measurement initiated by the Start but-
ton, as described above in Running the Measure-
ment. For Known Volume, you must mount the driver 
to a sealed enclosure of known volume, as described 
in Mounting the driver for testing: Free air on page 
395. This will shift the resonance frequency of the 
driver upward. Enter the exact value of enclosure vol-
ume in the field provided and click Measure.

Known MMD
If you know the MMD (moving mass) of the driver 
under test, set Mode in Thiele-Small parameters to 
Known MMD, enter the exact value of the MMD in the 
Mmd entry field, and click Start as described above in 
Running the Measurement. In this case, only the one 
free-air measurement is necessary to obtain the full 
set of Thiele-Small parameters. See Known MMD in 
Mounting the driver for testing: Free air on page 395. 

Using the Known MMD mode is not always possible. If 
you do not know the MMD (moving mass) from a speci-
fication, you must dismantle the driver and weigh its 
moving components.

Measure
For Added Mass or Known Volume modes, after the 
impedance response measurement initiated by the 
Start button is complete, you must make a second 
measurement to obtain the full set of T-S parameters. 
Click Measure to run the second measurement pass.

Advanced Settings
Advanced Settings include output level and offset set-
tings and input ranging settings. To view or modify 
these settings, click Advanced Settings. See Advanced 
Settings for Continuous Sweep based measurements 
on page 318.
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Amplifier Correction
For accurate 1-channel impedance response mea-
surements, the amplifier’s gain response and phase 
response must be known. 

The Measure Amplifier Correction dialog provides a 
convenient way to make this measurement and attach 
the correction curve to the project.

With the Impedance Measure control set to Vsense 
Only, the Correction Curve control is available. Select 
Create New... from the Correction Curve control to 
open the Measure Amplifier Correction dialog.
  

Signal Generation
Select a the channel to analyze from the Amplifier 
Channel menu. Range, level, and duration parame-
ters from the measurement settings panel are used 
for the analysis.

Connections and Signal Acquisition and 
Analysis
In the Measure Amplifier Correction dialog, select the 
channel to be used for measurement. Connect the 
amplifier input to the APx generator output for this 
channel, and the amplifier output to APx analyzer 
input for this channel.

Click Measure. APx will measure and display the 
amplifier's gain response and phase response.

Click Export to save the amplifier correction curve out-
side the project as an *.xlsx or *.csv file.

Click OK to leave the dialog. You will be prompted to 
name the amplifier correction curve, which will then 
be attached to the project.

Impedance Magnitude

This result provides a graphical display of the imped-
ance response of the driver, plotting the complex 
impedance magnitude versus frequency. This trace is 
has been Processed for viewing using decimation and 
smoothing. The model fit (Standard model) curve is 
also plotted on the same graph, shown here as a 
dashed line.

If a second measurement is made using the Added 
Mass or Known Volume driver loads, the loaded trace 
and its model fit are plotted on the same graph. The 
example here (and in the other results) was made by 
adding mass to the driver, producing the traces with 
the lower magnitude and lower resonance frequency.

Unprocessed/Processed
You can choose to view the raw, unprocessed result 
data, or the processed result data using the Unpro-
cessed / Processed control on the graph display. The 
choice of Unprocessed / Processed viewing does not 
affect the operation of the measurement.

Units
Units available for Impedance/Thiele-Small Imped-
ance Magnitude are:

X-axis Y-axis

•Hz •ohms
•dHz
•F/R
•%Hz
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Impedance Phase

This result provides a graphical display of the imped-
ance phase response of the driver, plotting the imped-
ance phase versus frequency. This trace is has been 
Processed for viewing using decimation and smooth-
ing. The dashed line is the model fit trace, here using 
the Standard model. Traces for Added Mass are also 
shown.

Unprocessed/Processed
You can choose to view the raw, unprocessed result 
data, or the processed result data using the Unpro-
cessed / Processed control on the graph display. The 
choice of Unprocessed / Processed viewing does not 
affect the operation of the measurement.

Units
Units available for Impedance/Thiele-Small Imped-
ance Phase are:

Impedance Real

Driver impedance is a complex number, with both real 
and imaginary components. This result provides a 
graphical display of the real component of the imped-
ance response of the driver, plotting the real imped-
ance value versus frequency. This trace is has been 
Processed for viewing using decimation and smooth-
ing. The dashed line is the model fit trace, here using 
the Standard model. Traces for Added Mass are also 
shown.

Unprocessed/Processed
You can choose to view the raw, unprocessed result 
data, or the processed result data using the Unpro-
cessed / Processed control on the graph display. The 
choice of Unprocessed / Processed viewing does not 
affect the operation of the measurement.

Units
Units available for Impedance/Thiele-Small Imped-
ance Real are:X-axis Y-axis

•Hz •deg
•dHz •rad
•F/R
•%Hz

X-axis Y-axis

•Hz •ohms
•dHz
•F/R
•%Hz
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Impedance Imaginary

Driver impedance is a complex number, with both real 
and imaginary components. This result provides a 
graphical display of the imaginary component of the 
impedance response of the driver, plotting the imagi-
nary impedance value versus frequency. This trace is 
has been Processed for viewing using decimation and 
smoothing. The dashed line is the model fit trace, 
here using the Standard model. Traces for Added 
Mass are also shown.

Unprocessed/Processed
You can choose to view the raw, unprocessed result 
data, or the processed result data using the Unpro-
cessed / Processed control on the graph display. The 
choice of Unprocessed / Processed viewing does not 
affect the operation of the measurement.

Units
Units available for Impedance/Thiele-Small Imped-
ance Magnitude are:

Analysis: Thiele-Small Parameters
This result populates a table with Thiele-Small param-
eter values calculated from the impedance response 
measurement. If you have elected to use the Known 
MMD mode, or if you have made the second measure-
ment in Added Mass or Known Volume mode, this will 
be the full set of T-S parameters.

If the resonant frequency of the driver has not moved 
down (for Added Mass) or up (for Known Volume) at 
least 5%, an error message will be shown, suggesting 

that you add more mass, or reduce the enclosure vol-
ume.

Otherwise, a single free-air impedance response mea-
surement will only populate a subset of the Thiele-
Small parameters.

Thiele-Small parameters (partial)

The parameters CMS, MMS, VAS, Bl, and η0 are not yet 
populated. Also, R2 and L2 are only populated when the 
LR-2 model is selected, and Erm, Krm, Exm and Kxm are 
only populated when the Wright model is selected.                                                                

X-axis Y-axis

•Hz •ohms
•dHz
•F/R
•%Hz
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Thiele-Small parameters (complete)

R2 and L2 are only populated when the LR-2 model is 
selected, and Erm, Krm, Exm and Kxm are only popu-
lated when the Wright model is selected.

Setting Limits for Thiele-Small parame-
ters

Thiele-Small parameters with limits applied (detail)

You can set arbitrary limits for any or all of the Thiele-
Small parameters by entering limit values into the 
results grid. Results that fall outside of the limits will 
be highlighted in the grid, and in a sequence the mea-
surement will be flagged as Failed.
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Input Sample Rate
(Sequence Mode)

The Input Sample Rate measurement provides a sin-
gle-value meter result, the measured sample rate of 
the incoming digital audio signal. Signal Path Setup 
Input/Output must be set to a digital input.

Generator
See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

Advanced Settings
Advanced Settings makes available individual chan-
nel output level and offset controls, and input ranging 
and settling controls. See Advanced Settings for sin-
gle value measurements on page 427.

See Chapter 109 for more information about units of 
measurement.

Sample Rate

Input Sample Rate provides a single-value meter 
result, displaying of the measured sample rate at the 
digital receiver.

Units
Units available for Input Sample Rate are

•Hz

•dHz

•F/R

•%Hz
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Interchannel Phase
(Sequence Mode)

The Interchannel Phase measurement provides a sin-
gle-value result that shows the relative phase of the 
DUT channels at a single frequency. One channel is 
chosen as the phase reference channel, and the 
remaining channels are measured against it. For more 
information about phase, see page 408.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Running the measurement
To measure Interchannel Phase, click the Generator 
button to On. The generator will output the test signal 
to the DUT on the selected generator channels. Read 
the Interchannel Phase for each channel from the 
meter bar display. Channel phase is relative to the 
selected Reference Channel.

Analyzer
No local low pass, high pass or weighting fil-
ters are available for this measurement.
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment.

Ref Channel
The phase of each channel is measured against the 
selected Reference Channel. There is no phase result 
for the Reference Channel itself, and no data is dis-
played for that channel.
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Meter Range
You can set the phase meter to examine the phase 
results in one of three meter ranges:

0 > 360 deg

–90 > 270 deg

–180 > 180 deg

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
single value measurements on page 427.

Phase

Phase provides a single-value meter result, displaying 
the phase between the selected reference channel 
and the other input channels.

Units
Units available for Interchannel Phase are

•deg

•rad

See Chapter 109 for more information about units of 
measurement.

Measuring Interchannel Phase when 
configured for External Source
Operation with an external source is slightly different 
from the operation described above, which uses the 
internal generator. First, be sure you are configured for 
External Source. Go to Signal Path Setup and select 
None (External) for the output connector in Output 
Configuration.

When measuring from an external source, instead of 
using the generator you will play an audio signal from 
the DUT. For Interchannel Phase, the audio signal 
must be periodic and have two or more channels. See 
External Source Test Signals on page 227.

Reading the results is the same: the phase difference 
for each channel is shown on the meter bar display. 
Channel phase is relative to the selected Reference 
Channel. The meters will read interchannel phase as 
long as the external source plays the signal.

See Chapter 6 for more information about External 
Source measurements.

Running the measurement in File Input 
configuration

See Analyzing Audio Files in Chapter 24 for
more information about File Input configu-
ration.

If you have chosen File for an input configuration in 
Signal Path Setup, first click the File List... button to 
add input file(s) to a list for analysis. 

If your DUT is to be recording the WAV file, select a 
generator waveform and turn the generator ON, as 
described above. Configure your DUT to save a WAV 
file(s) whose file name(s) and location match the 
name specified in the File List.

If you are measuring an existing file (not recording 
from the generator but working in External Source), be 
sure that the file name(s) and location match the 
name(s) specified in the File List.

Finally, click the Analyze button. The first settled read-
ing (typically within the first 0.10 second of the file) is 
shown on the meter bar display. To take a reading 
later in the file, go to the Settling tab in Advanced Set-
tings and increase the Delay Time to the desired point 
in the file.

More about Phase
The acoustic vibrations that are sound and the electri-
cal vibrations that represent sound as audio signals 
are waves.

At a given moment in time, two waves of the same fre-
quency can be at the same point in their wave cycle 
(in phase) or at some different point in the cycle (out 
of phase). Waves are referenced to circular motion, 
and a complete cycle of a wave is 360 degrees of 
angle. 0 degrees, 360 degrees and any integer multi-
ple of 360 all represent the same point on a circle, 
and all describe signals that are in phase.

Differences in phase may be observed between any 
two signals. In audio testing, phase is typically mea-
sured between channels in multichannel devices, and 
between the input and output of a device under test.
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Jitter Frequency Sweep
(Sequence Mode)

Jitter generation and measurement requires an ana-
lyzer fitted with the Advanced Master Clock (AMC), 
standard in an APx555 and an option for APx525, 
526, 582, 585, and 586.

Generated jitter can be applied to an audio stream or 
clock if the instrument is fitted with a jitter-enabled I/
O module, such as ADIO, jitter-enabled DSIO or jitter-
enabled PDM. Alternatively, generated jitter can be 
applied to the AMC Reference Out and Sync Out sig-
nals.

Jitter on incoming signals can be analyzed if the 
instrument is fitted with a jitter-enabled I/O module, 
such as ADIO, jitter-enabled DSIO or jitter-enabled 
PDM.

Results for Jitter Frequency Sweep include:

* These results will only be populated if the analyzer 
input is set to measure the jitter signal. See Measur-
ing Audio or Jitter, below.

Overview
The Jitter Frequency Sweep stimulates the DUT with a 
digital signal. The embedded audio waveform is 
selected in Audio Generator. The timebase for the digi-
tal signal is modulated by the jitter generator, which is 
swept across a frequency range.

The results are either

•measurements of the audio output of the DUT 
(analog or digital), which is typically degraded 
when the timebase is jittered; or

•RMS Level •Deviation •THD Level
•Gain* •Phase •Distortion 

Product Ratio
•Relative Level •THD+N Ratio •Distortion 

Product Level
•Peak Level •THD+N Level •SINAD
•Average Jitter 

Level*
•THD Ratio
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•for DUTs with a digital output, direct measure-
ments of the jitter in the DUT output signal, rather 
than the embedded audio signal. Select Audio or 
Jitter in Signal Path Setup > Input/Output > Input 
Configuration.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Additionally, you must choose where to apply the jit-
ter, and whether to measure the audio or the jitter on 
the incoming signal, as described next.

Applying jitter
Go to the Clocks panel in Signal Path Setup, and 
select whether you would like to apply the jitter sweep 
to a digital output, or to the Reference Out and Sync 
Out connectors.

Select Apply To:

•Digital Output
If you select Digital Output, you must also go to 
Signal Path Setup > Input/Output and select a dig-
ital output that supports jitter generation.

•Reference/Sync
If you select Reference/Sync, you must connect 
the Reference Out or the Sync Out to the appropri-
ate sync input on your DUT.

For a jitter sweep, you do not need to Enable jitter on 
the Clocks panel. Jitter is automatically enabled for 
the duration of the sweep.

Measuring Audio or Jitter
For a DUT with a digital output, go to Signal Path 
Setup > Input/Output to choose a digital input for the 
APx analyzer. The input must be selected on Input 1.

Select Measure:

•Audio
Audio de-embeds the audio signal from the digital 
interface signal and routes it to the analyzer. This 
is normal APx operation.

•Jitter (UI) or Jitter (sec)
Jitter routes the digital interface signal to jitter 
demodulator and a dedicated ADC (analog to digi-
tal converter), and then to the analyzer.

Jitter measurements are only available on
Input 1, and must be the only input type
configured in the signal path; Input 2 must
be conf igured as None.  I f  Input  2  is
changed from None to any other connector
type when a jitter option is selected, an
error message is displayed.

For a default sweep of 20 kHz to 20 Hz in 31 logarith-
mic steps, simply click Start. If you want to specify 
other parameters for your sweep, review Generator 
and Analyzer settings, discussed below. Click Start 
when you have approved the settings.

Append Graph Data
Normally, the current graph data for all results is 
deleted each time you start a new measurement. If 
the Append box is checked, the current data is kept in 
memory as a Data Set (see page 240), and the new 
measurement data is appended as a new data set. 
You can append many Data Sets.

Audio Generator
The Audio Generator generates the audio signal that is 
embedded in the digital interface signal, as in most 
APx measurements.

Waveform, Frequency and Level
The configuration for this measurement must be the 
closed-loop configuration, using the APx generator as 
a stimulus.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings.

Jitter Generator
The Jitter Generator generates the signal that modu-
lates the jitter clock, which is used as the timebase for 
the digital interface signal used in this measurement.

Waveform
Select Sine or Square.

Start Frequency
Set the sweep start frequency here. The available 
range is 2 Hz to 200 kHz.

Stop Frequency
Set the sweep stop frequency here. The available 
range is 2 Hz to 200 kHz. 

Sweep
Choose

•Logarithmic (logarithmic point spacing)

•Linear (linear point spacing)

•Custom
Edit sweep spacing and number of Points to cre-
ate a Custom sweep.

Points
Set the number of sweep points here. The default is 
31 points.
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Points > Edit
Open the Data Points dialog to edit, import or export 
the sweep points table.

Step Size
For linear sweeps, enter the Step Size here.

Peak Level
Set the jitter level here. Note that the level is 
expressed in peak units of time, seconds or UI, select-
able below the Peak Level field.

Seconds / UI
Choose the jitter units here.

Channels
Toggle specific output channels on or off by clicking on 
the Channel number button.

EQ
The generated jitter signal can be equalized. Go to Sig-
nal Path Setup > Clocks > Jitter Generator to apply an 
EQ curve. See the Jitter Generator topic in Clocks. 
beginning on page 104.

Analyzer
Note that for this measurement, the analyzer can 
measure either the audio signal (de-embedded from 
the interface signal) or the jitter (demodulated from 
the interface signal), as selected in Signal Path Setup 
> Input/Output.

Filters
Note that these filters will affect the audio
signal measurements or the jitter signal
measurements, as selected in Signal Path
Setup > Input/Output.

Local high-pass, low-pass and weighting filters are 
available for this measurement. The low-pass and 
high-pass filters, if selected, are applied to the entire 
measured signal and affect all the results. The weight-
ing filter, if selected, affects only the distortion and 
distortion plus noise results. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Phase Ref Channel 
Interchannel Phase measurements must be refer-
enced to one channel. Set the phase reference chan-
nel here.

Nesting
Jitter Frequency sweeps can be nested. Read about 
Nested Sweeps beginning on page 235.

Advanced Settings
If your test requires special adjustments or settings, 
click Advanced Settings.

RMS Level results

Jitter Frequency Sweep: RMS Level result uses a fixed 
audio stimulus signal while the jitter generator is 
moved across a range of frequencies in a specified 
number of points.

Units
Units available for Jitter Frequency Sweep: RMS Level 
results are:

X-axis Y-axis (analog) Y-axis (digital) Jitter signals

•Hz •Vrms •dBFS •UI
•dHz •dBV •FS •dBUI
•F/R •dBu •%FS •s
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Jitter Frequency Sweep: Relative 
Level

The Jitter Frequency Sweep: Relative Level result uses 
a fixed audio stimulus signal while the jitter generator 
is moved across a range of frequencies in a specified 
number of points. Additionally, in this result the 
response curve is plotted in relation to the measured 
level at a selected jitter frequency.

Mode
Select one of two result display modes.

Normalized at Reference
Enter a reference frequency for normalization in the 
Ref Frequency field. The measured level at the jitter 
frequency you choose is set as 0 dB on the graph, and 
the DUT response is plotted in relation to this refer-
ence. You can change the Ref Frequency at any time 
(except after appending) and the graph will immedi-
ately be redrawn to reflect the new setting.

Auto-Centered in Limits
This control is only usable if upper and lower limits are 
set on this graph. In some applications, the general 
conformance of a trace to the shape of a set of limits 
is of importance, with absolute level less important or 
irrelevant. Auto-Centered in Limits centers the data 
trace relative to the upper and lower limits. To exclude 
possible exceptional data points at frequency 
extremes, the frequency range that is considered for 
the centering operation is constrained by the values in 
the Min and Max fields. 

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Ref Frequency
Choose a Reference Frequency here.

Units
Units available for Jitter Frequency Sweep: Relative 
Level are:

Peak Level

Jitter Frequency Sweep: Peak Level result uses a fixed 
audio stimulus signal while the jitter generator is 
moved across a range of frequencies in a specified 
number of points. This is a frequency response sweep, 
with peak-scaled results.

Units
Units available for Jitter Frequency Sweep Peak Level 
results are:

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis (analog) Y-axis (digital) Jitter

•Hz •V •D •UI
•dHz •hex •dBUI
•F/R •s
•%Hz
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Deviation

The Jitter Frequency Sweep: Deviation result uses a 
fixed audio stimulus signal while the jitter generator is 
moved across a range of frequencies in a specified 
number of points. This result is a single value mea-
surement computed from the stepped sweep that 
shows the level deviation (the total range of level vari-
ation) of each channel as a meter bar. You can spec-
ify a minimum and maximum frequency to define the 
range of the deviation measurement.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Min
Set the minimum frequency of the range of interest 
here.

Max
Set the maximum frequency of the range of interest 
here.

Units
Units available for Jitter Frequency Sweep: Deviation 
are

•dB

Phase

The Phase result uses a fixed audio stimulus signal 
while the jitter generator is moved across a range of 
frequencies in a specified number of points. One 
channel is chosen as the phase reference channel, 
and the remaining channels are measured against it.

Select a phase reference channel in Phase: Ref Chan-
nel. The remaining channels are plotted against the 
selected channel.

Units
Units available for Jitter Frequency Sweep: Phase are:

THD+N Ratio

The THD+N Ratio result uses a fixed audio stimulus 
signal while the jitter generator is moved across a 
range of frequencies in a specified number of points. 
In this result the ratio of the level of the THD+N (total 
harmonic distortion plus noise) to the total signal in 
the DUT output is plotted against frequency.

X-axis Y-axis 

•Hz •deg
•dHz •rad
•F/R
•%Hz
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See page 619 for more information about THD+N.

Units
Units available for Jitter Frequency Sweep: THD+N 
Ratio are:

THD+N Level

The THD+N Level result uses a fixed audio stimulus 
signal while the jitter generator is moved across a 
range of frequencies in a specified number of points. 
In this result the level of the THD+N (total harmonic 
distortion plus noise) in the DUT output is plotted 
against frequency.

See page 619 for more information about THD+N.

Units
Units available for Jitter Frequency Sweep: THD+N 
Level are:

THD Ratio

The THD Ratio result uses a fixed audio stimulus sig-
nal while the jitter generator is moved across a range 
of frequencies in a specified number of points. In this 
result the ratio of the level of the THD (total harmonic 
distortion) to the total signal in the DUT output is plot-
ted against frequency.

See page 619 for more information about THD.

Units
Units available for Jitter Frequency Sweep: THD Ratio 
are:

THD Level

The THD Level result uses a fixed audio stimulus sig-
nal while the jitter generator is moved across a range 
of frequencies in a specified number of points. In this 
result the level of the THD (total harmonic distortion) 
in the DUT output is plotted against frequency.

See page 619 for more information about THD.

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis (analog) Y-axis (digital) Jitter signals

•Hz •Vrms •dBFS •UI
•dHz •dBV •FS •dBUI
•F/R •dBu •%FS •s
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Units
Units available for Jitter Frequency Sweep: THD Level 
are:

Distortion Product Ratio

The Jitter Frequency Sweep Distortion Product Ratio 
result uses a fixed audio stimulus signal while the jit-
ter generator is moved across a range of frequencies 
in a specified number of points. In this result the ratio 
of the level of the selected harmonic distortion prod-
uct to the fundamental in the DUT output is plotted 
against frequency.

Select the harmonic distortion product(s) you wish to 
view using the Harmonics controls, described below.

Additional Controls for Distortion Prod-
uct Ratio
Harmonics
For a graph of the ratio of one specific harmonic prod-
uct to the signal level, select Single Harmonic and set 
the Harmonic Number to your choice, from 2nd har-
monic to 20th harmonic.

For a graph of the sum of the levels of any combina-
tion of harmonic products (from H2 through H20), 
divided by the signal level, select Sum of Harmonics. 
Then click Select Harmonics... to open a result defini-
tion dialog.

Units
Units available for Jitter Frequency Sweep Distortion 
Product Ratio are:

Distortion Product Level

The Jitter Frequency Sweep Distortion Product Level 
result uses a fixed audio stimulus signal while the jit-
ter generator is moved across a range of frequencies 
in a specified number of points. In this result the level 
of the selected harmonic distortion product in the DUT 
output is plotted against frequency.

Select the harmonic distortion product(s) you wish to 
view using the Harmonics controls, described below.

Additional Controls for Distortion Prod-
uct Level
Harmonics
For a graph of the level of one specific harmonic prod-
uct, select Single Harmonic and set the Harmonic 
Number to your choice, from 2nd harmonic to 20th 
harmonic. 

For a graph of the level of the sum of several or all 
harmonic products (from H2 through H20), select Sum 
of Harmonics, then click Select Harmonics... to open a 
result definition dialog.

X-axis Y-axis (analog) Y-axis (digital) Jitter signals

•Hz •Vrms •dBFS •UI
•dHz •dBV •FS •dBUI
•F/R •dBu •%FS •s
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB



Chapter 58: Jitter Frequency Sweep (Sequence Mode)

416 APx500 User’s Manual

Units
Units available for Jitter Frequency Sweep Distortion 
Product Level are:

SINAD

The Stepped Level Sweep: SINAD result uses a fixed 
audio stimulus signal while the jitter generator is 
moved across a range of frequencies in a specified 
number of points. X axis is generator level; Y axis is 
DUT output SINAD ratio.

Units
Units available for SINAD are:

X-axis Y-axis (analog) Y-axis (digital) Jitter signals

•Hz •Vrms •dBFS •UI
•dHz •dBV •FS •dBUI
•F/R •dBu •%FS •s
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •dB
•Vpp •%FS
•dBV •dBrG
•dBu
•dBrG
•dBm
•W (watts)
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Jitter Level Sweep
(Sequence Mode)

Jitter generation and measurement requires an ana-
lyzer fitted with the Advanced Master Clock (AMC), 
standard in an APx555 and an option for APx525, 
526, 582, 585, and 586.

Generated jitter can be applied to an audio stream or 
clock if the instrument is fitted with a jitter-enabled I/
O module, such as ADIO, jitter-enabled DSIO or jitter-
enabled PDM. Alternatively, generated jitter can be 
applied to the AMC Reference Out and Sync Out sig-
nals.

Jitter on incoming signals can be analyzed if the 
instrument is fitted with a jitter-enabled I/O module, 
such as ADIO, jitter-enabled DSIO or jitter-enabled 
PDM.

Results for Jitter Level Sweep include:

* These results will only be populated if the analyzer 
input is set to measure the jitter signal. See Measur-
ing Audio or Jitter, below.

Overview
The Jitter Level Sweep stimulates the DUT with a digi-
tal signal. The embedded audio waveform is selected 
in Audio Generator. The timebase for the digital signal 
is modulated by the jitter generator, which is swept 
across a range of levels.

The results are either

•measurements of the audio output of the DUT 
(analog or digital), which is typically degraded 
when the timebase is jittered; or

•for DUTs with a digital output, direct measure-
ments of the jitter in the DUT output signal, rather 

•Level •Average Jitter 
Level*

•THD Level

•Gain* •THD+N Ratio •SINAD
•Linearity* •THD+N Level •Distortion 

Product Level
•Peak Level •THD Ratio •Distortion 

Product Ratio
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than the embedded audio signal. Select Audio or 
Jitter in Signal Path Setup > Input/Output > Input 
Configuration.

Operation
If you have not yet configured your signal path, first go 
to Signal Path Setup (Chapter 7) to select and config-
ure inputs and outputs, references and other settings.

This measurement must be configured as closed-loop 
configuration, using the APx generator as a stimulus. 
Additionally, you must choose where to apply the jit-
ter, and whether to measure the audio or the jitter on 
the incoming signal, as described next.

Applying jitter
Go to the Clocks panel in Signal Path Setup, and 
select whether you would like to apply the jitter sweep 
to a digital output, or to the Reference Out and Sync 
Out connectors.

Select Apply To:

•Digital Output
If you select Digital Output, you must also go to 
Signal Path Setup > Input/Output and select a dig-
ital output that supports jitter generation.

•Reference/Sync
If you select Reference/Sync, you must connect 
the Reference Out or the Sync Out to the appropri-
ate sync input on your DUT.

For a jitter sweep, you do not need to Enable jitter on 
the Clocks panel. Jitter is automatically enabled for 
the duration of the sweep.

Measuring Audio or Jitter
For a DUT with a digital output, go to Signal Path 
Setup > Input/Output to choose a digital input for the 
APx analyzer.

Select Measure:

•Audio
Audio de-embeds the audio signal from the digital 
interface signal and routes it to the analyzer. This 
is normal APx operation.

•Jitter (UI) or Jitter (sec)
Jitter routes the digital interface signal to jitter 
demodulator and a dedicated ADC (analog to digi-
tal converter) and to the analyzer.

For a default sweep of 20 kHz to 20 Hz in 31 logarith-
mic steps, simply click Start. If you want to specify 
other parameters for your sweep, review Generator 
and Analyzer settings, discussed below. Click Start 
when you have approved the settings.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 

graph data are deleted each time you start a new 
measurement.

If the Append Graph Data box is checked, appended 
data are grouped as additional data sets, as are any 
imported data. The Data Sets Panel displays the Data 
Set(s) in the measurement, and provides a visibility 
checkbox, a Time acquisition field, and a Notes field 
for each data set.

Read more about Data Sets beginning on page 766.

Audio Generator
The Audio Generator generates the audio signal that is 
embedded in the digital interface signal, as in most 
APx measurements.

Waveform, Frequency and Level
See Chapter 6 for information about the using the APx 
Generator and setting Waveform, Level and Fre-
quency.

Jitter Generator
The Jitter Generator generates the signal that modu-
lates the jitter clock, which is used as the timebase for 
the digital interface signal used in this measurement.

Note: For the case where a jitter level sweep
exceeds the derating curve of the jitter gen-
erator, the level sweep will skip points that
exceed the limit without aborting.

Waveform
Select Sine, Square or Noise.

Start Level
Set the sweep start level here. The available range is 
0 s to 1.592 µs, peak. Default is 10.00 ns.

Stop Level
Set the sweep stop level here. The available range is 0 
s to 1.592 µs, peak. Default is 100.00 ns.

Seconds / UI
Choose the jitter units here.

Sweep
Choose

•Logarithmic (logarithmic point spacing)

•Linear (linear point spacing)

•Custom
Edit sweep spacing and number of Points to cre-
ate a Custom sweep.
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Points
Set the number of sweep points here. The default is 
31 points.

Points > Edit
Open the Data Points dialog to edit, import or export 
the sweep points table.

Step Size
For linear sweeps, enter the Step Size here.

Frequency
Set the jitter frequency here.

Seconds / UI
Choose the jitter units here.

Channels
Toggle specific output channels on or off by clicking on 
the Channel number button.

Analyzer
Note that for this measurement, the analyzer can 
measure either the audio signal (de-embedded from 
the interface signal) or the jitter (demodulated from 
the interface signal), as selected in Signal Path Setup 
> Input/Output.

Filters
Note that these filters will affect the audio
signal measurements or the jitter signal
measurements, as selected in Signal Path
Setup > Input/Output.

Local high-pass, low-pass and weighting filters are 
available for this measurement. The low-pass and 
high-pass filters, if selected, are applied to the entire 
measured signal and affect all the results. The weight-
ing filter, if selected, affects only the distortion and 
distortion plus noise results. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Notch Tuning Mode
For the harmonic distortion results, a tunable notch fil-
ter is used to remove the fundamental from the mea-
surement. The tuning can be

•Generator Frequency
The current APx audio generator frequency.

•Jitter Generator Frequency
The APx jitter generator frequency for the current 
step.

•Measured Frequency
The measured frequency for the current step.
When the analyzer channels are receiving differ-
ent frequencies, the notch filter for each channel 
is centered on the frequency in that channel.

•Fixed Frequency
A fixed frequency selected by the user. When Fixed 
Frequency is selected, a Filter Frequency: entry 
field becomes available beneath the Notch Tuning 
Mode control.

Nesting
Jitter Frequency sweeps can be nested. Read about 
Nested Sweeps beginning on page 235.

Advanced Settings
If your test requires special adjustments or settings, 
click Advanced Settings.

Jitter Level Sweep: RMS Level

The Jitter Level Sweep: RMS Level result uses a fixed 
audio stimulus signal while the jitter generator is 
moved across a range of levels in a specified number 
of points. X axis is generator level; Y axis is DUT out-
put level.
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Units
Units available for Level are:

Peak Level

The Jitter Level Sweep: Peak Level result uses a fixed 
audio stimulus signal while the jitter generator is 
moved across a range of levels in a specified number 
of points. X axis is generator level; Y axis is the band-
pass filtered DUT output level, scaled in peak units.

Units
Units available for Peak Level are:

Jitter Level Sweep: THD+N Ratio

The Jitter Level Sweep: THD+N Ratio result uses a 
fixed audio stimulus signal while the jitter generator is 
moved across a range of levels in a specified number 
of points. X axis is generator level; Y axis is DUT out-
put THD+N ratio.

Units
Units available for THD+N Ratio are:

Jitter Level Sweep: THD+N Level

The Jitter Level Sweep: THD+N Level result uses a 
fixed audio stimulus signal while the jitter generator is 
moved across a range of levels in a specified number 
of points. X axis is generator level; Y axis is DUT out-
put THD+N level.

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •Vrms •dBFS
•Vp •FS •dBV •FS
•Vpp •%FS •dBu •%FS
•dBV •dBrG •dBrA •dBrA
•dBu •dBrB •dBrB
•dBrG •dBSPL1 •dBSPL1
•dBm •dBSPL2 •dBSPL2
•W (watts) •dBm

•W (watts)

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •V •D
•Vp •FS
•Vpp •%FS
•dBV •dBrG
•dBu Y-axis (jitter)

•dBrG •UI
•dBm •dBUI
•W (watts) •s

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •%
•Vpp •%FS •ppm
•dBV •dBrG •dB
•dBu
•dBrG
•dBm
•W (watts)
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Units
Y-axis units available for THD+N Level are: 

Jitter Level Sweep: THD Ratio

The Jitter Level Sweep: THD Ratio result uses a fixed 
audio stimulus signal while the jitter generator is 
moved across a range of levels in a specified number 
of points. X axis is generator level; Y axis is DUT out-
put THD ratio.

Units
Units available for THD Ratio are:

Jitter Level Sweep: THD Level

The Jitter Level Sweep: THD Level result uses a fixed 
audio stimulus signal while the jitter generator is 
moved across a range of levels in a specified number 
of points. X axis is generator level; Y axis is DUT out-
put THD level.

Units
Y-axis units available for THD Level are: 

Jitter Level Sweep: SINAD

The Jitter Level Sweep: SINAD result uses a fixed 
audio stimulus signal while the jitter generator is 
moved across a range of levels in a specified number 

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •Vrms •dBFS
•Vp •FS •dBV •FS
•Vpp •%FS •dBu •%FS
•dBV •dBrG •dBrA •dBrA
•dBu •dBrB •dBrB
•dBrG •dBSPL1 •dBSPL1
•dBm •dBSPL2 •dBSPL2
•W (watts) •dBm

•W (watts)

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •%
•Vpp •%FS •ppm
•dBV •dBrG •dB
•dBu
•dBrG
•dBm
•W (watts)

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •Vrms •dBFS
•Vp •FS •dBV •FS
•Vpp •%FS •dBu •%FS
•dBV •dBrG •dBrA •dBrA
•dBu •dBrB •dBrB
•dBrG •dBSPL1 •dBSPL1
•dBm •dBSPL2 •dBSPL2
•W (watts) •dBm

•W (watts)
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of points. X axis is generator level; Y axis is DUT out-
put SINAD ratio.

Units
Units available for SINAD are:

Jitter Level Sweep: Distortion Prod-
uct Level

The Jitter Level Sweep Distortion Product Level result 
uses a fixed audio stimulus signal while the jitter gen-
erator is moved across a range of levels in a specified 
number of points. In this result the level of the 
selected harmonic distortion product in the DUT out-
put is plotted against generator level.

Select the harmonic distortion product(s) you wish to 
view using the Harmonics controls, described below.

Harmonics
For a graph of the level of one specific harmonic prod-
uct, select Single Harmonic and set the Harmonic 
Number to your choice, from 2nd harmonic to 20th 
harmonic. 

For a graph of the level of the sum of several or all 
harmonic products (from H2 through H20), select Sum 
of Harmonics, then click Select Harmonics... to open a 
result definition dialog.

Units
Units available for Jitter Level Sweep Distortion Prod-
uct Level are:

Jitter Level Sweep: Distortion Prod-
uct Ratio

The Jitter Level Sweep Distortion Product Ratio result 
uses a fixed audio stimulus signal while the jitter gen-
erator is moved across a range of levels in a specified 
number of points. In this result the ratio of the level of 
the selected harmonic distortion product to the funda-
mental in the DUT output is plotted against generator 
level.

Select the harmonic distortion product(s) you wish to 
view using the Harmonics controls, described below.

Harmonics
For a graph of the ratio of one specific harmonic prod-
uct to the signal level, select Single Harmonic and set 
the Harmonic Number to your choice, from 2nd har-
monic to 20th harmonic.

For a graph of the sum of the levels of any combina-
tion of harmonic products (from H2 through H20), 
divided by the signal level, select Sum of Harmonics. 
Then click Select Harmonics... to open a result defini-
tion dialog.

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •dB
•Vpp •%FS
•dBV •dBrG
•dBu
•dBrG
•dBm
•W (watts)

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •Vrms •dBFS
•Vp •FS •dBV •FS
•Vpp •%FS •dBu •%FS
•dBV •dBrG •dBrA •dBrA
•dBu •dBrB •dBrB
•dBrG •dBSPL1 •dBSPL1
•dBm •dBSPL2 •dBSPL2
•W (watts) •dBm

•W (watts)
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Units
Units available for Jitter Level Sweep Distortion Prod-
uct Ratio are:

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •%
•Vpp •%FS •ppm
•dBV •dBrG •dB
•dBu
•dBrG
•dBm
•W (watts)
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Level and Gain
(Sequence Mode)

The Level and Gain measurements provide single-
value results that show the output level or gain in 
each DUT channel, as measured at each analyzer 
input.

Level and Gain results available in APx500 are:

Gain is not available in external source con-
figuration, or if a square wave, a generator
waveform or File Input has been selected
for the measurement.

Average Jitter Level results are only avail-
able when Jitter is selected in Signal Path
Setup > Input/Output > Measure.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 

which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Analyzer
This measurement can be configured to measure jit-
ter in Signal Path Setup > Input > Measure. Read 
detailed information about jitter generation and mea-
surement beginning on page 104.

Low-pass Filter
A local low-pass filter is available for this measure-
ment. The low-pass filter, if selected, is applied to the 
entire measured signal and affects all the results. See 
Measurement Filters on page 733 for detailed infor-
mation about the filters available locally for some 
measurements.

•RMS Level •Peak Level
•Gain •Average Jitter Level
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Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass filter setting overrides the cor-
responding Signal Path filter setting while the mea-
surement is active.

Advanced Settings
Advanced Settings makes available individual chan-
nel output level and offset controls, and input ranging 
and settling controls. See Advanced Settings for sin-
gle value measurements on page 427.

See Chapter 109 for more information about units of 
measurement.

RMS Level

RMS Level provides a single-value meter result, dis-
playing the rms output level from each DUT channel, 
as measured at each analyzer input.

Units
Units available for RMS Level are

Gain

The Gain measurement result provides a single-value 
measurement of the DUT gain for channel, as mea-
sured at each analyzer input.

Units
Units available for Gain are

Peak Level

Peak Level provides a single-value meter result, dis-
playing of the peak output level from each DUT chan-
nel, as measured at each analyzer input.

Analog Signals Digital Signals Jitter signals

•Vrms •dBFS •UI
•dBV •FS •dBUI
•dBu •%FS •s
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

Same-domain Cross-domain

•x/y •FS/Vrms
•% •dB(FS/Vrms)
•ppm or
•dB •Vrms/FS

•dB(Vrms/FS)
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Units
Units available for Peak Level are

Average Jitter Level

Average Jitter Level provides a single-value meter 
result, displaying the average jitter level from the digi-
tal receiver.

Units
Units available for Average Jitter Level are

Advanced Settings for Single 
Value Measurements
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
You can set different output levels or DC offsets for 
each channel here.

If Levels Track Ch1 is checked (the default), the gen-
erator output level and DC offset values for channel 1 
are copied to the other channels, and values for chan-
nels greater than 1 cannot be edited. Any changes 
made to channel 1 are reproduced in the other chan-
nels.

To set individual generator output channel levels or 
offsets, uncheck the Levels Track Ch1 checkbox and 
enter values in the output channel Level or Offset 
fields.

Set Channel Assignments for special waveforms
For special waveforms like Sine Dual, you can specify 
the channel assignment.

Set Channel Assignments for generator wave-
forms
For stereo or multichannel generator waveform files, 
you can set channel mapping. By default, channel 1 
audio is mapped to channel 1 output, channel 2 to 
channel 2, and so on. If the number of channels in the 
waveform file is less than the number of output chan-
nels, the waveform channels resume numbering at 1 
and wrap to the next available output channel. These 
assignments can be remapped by changing individual 
settings in the Wave Ch column, or by selection one of 

Analog Signals Digital Signals Jitter signals

•Vrms •dBFS •UI
•dBV •FS •dBUI
•dBu •%FS •s
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

Analog Signals Digital Signals Jitter signals

•Vrms •dBFS •UI
•dBV •FS •dBUI
•dBu •%FS •s
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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several presets from the Set Channel Assignments 
menu.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Settling tab
One or two Settling tabs are available for Single Value 
measurement results. These tabs may have different 
parameters and default values depending upon the 
measurement result to which they’re attached. See 
page 743 for more information about settling.
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Level Ratio
(Sequence Mode)

The Level Ratio measurement provides a single-value 
meter result of the ratio of the level in each channel to 
the level in the selected Reference channel

If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Analyzer
No local low pass, high pass or weighting fil-
ters are available for this measurement.
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup

> Input/Output will affect this measure-
ment.

Ref Channel
The level ratio of each channel is measured against 
the selected Reference Channel. There is no level ratio 
for the Reference Channel itself, and no data is dis-
played for that channel.

Advanced Settings
Advanced Settings makes available individual chan-
nel output level and offset controls, and input ranging 
and settling controls. See Advanced Settings for sin-
gle value measurements on page 427.

See Chapter 109 for more information about units of 
measurement.
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Level Ratio

Level Ratio provides a single-value meter result, dis-
playing the ratio of the level in the non-reference input 
channel(s) to the level in the Reference Channel.

Units
Units available for Level Ratio are

•x/y

•%

•ppm

•dB



APx500 User’s Manual 431

62

Loudspeaker Production Test
(Sequence Mode)

Introduction
This measurement may require a software
option key. See page 241 for more informa-
tion about software options.

Loudspeaker Production Test combines two types of 
measurements in one test to facilitate fast loud-
speaker testing in a production environment. In addi-
tion to a measurement microphone, if your APx 
analyzer does not have the following built-in capabili-
ties, external versions are required for Loudspeaker 
Production test:

•power amplifier

•microphone power supply

•sense resistor for impedance measurements

The APx517 analyzer has an integrated
power amplifier, an internal sense resistor,
and can power a measurement micro-
phone.

An acoustic isolation chamber is optional.

The two types of measurements are

•an acoustic measurement, providing frequency 
response, phase, distortion, rub and buzz and 
impulse response results;

•an electromechanical impedance measurement, 
providing impedance response curves and a sub-
set of Thiele-Small parameter results.

The measurement can be made with either a log chirp 
or a fast sweep stimulus, each of which provide both 
acoustic and impedance results in one fast measure-
ment. See Sweeps on page 235 for more information.
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Loudspeaker Production Test results available in 
APx500 are:

While most of these results are available from a sin-
gle acquisition, some results are specific to the 
selected sweep type (Fast Sweep or Log Chirp).

The acoustic measurement
Set a measurement microphone in front of the loud-
speaker under test. Connect this microphone to its 
power supply and to an undesignated APx analyzer 
input. An undesignated input is one that does not 
have a role assigned to it for the impedance measure-
ment. See Connections and test configurations on the 
next page.

The APx517 has an integrated microphone
power supply and does not require an exter-
nal microphone power supply.

Determining the value for the Time Window
The acoustic measurement uses a Log Chirp or Fast 
Sweep stimulus, depending on the selected sweep 
type. 

Log Chirp stimulus
When using Log Chirp as the stimulus, the acoustic 
measurement is based on the APx Acoustic Response 
measurement, which makes quasi-anechoic measure-
ments by limiting the duration of the impulse 
response to the time before the first reflection. This 
requires setting the measurement Time Window to the 
proper value. In Acoustic Response, this is an interac-
tive process where the user manually sets a cursor on 
a graph display, or measures the distance for the 
direct and first reflection paths in the acoustic space. 
You can read about determining an optimal Time Win-
dow value in Chapter 26.

For production testing, the supervising production 
engineer must determine the optimal value for the 
Time Window (using Acoustic Response or some other 
method) at the time the production station is being set 

•RMS Level 
(Freq. Response)

•Rub and Buzz •Impedance 
Magnitude

•Relative Level •Rub and Buzz 
Crest Factor

•Impedance 
Phase

•Phase •Rub and Buzz 
Peak Ratio

•Thiele-Small 
parameters

•Level and Distor-
tion

•Rub and Buzz 
Loudness

•Acquired Wave-
form

•THD Ratio •SoneTrac 
Residual 
Waveform

•Reference 
Waveform

•THD Level •SoneTrac 
Rub and Buzz

•Cross Correla-
tion

•Distortion Prod-
uct Ratio

•HOHD

•Distortion Prod-
uct Level

•Impulse 
Response 
(for polarity
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up, and recording the value for entry into the Time 
Window field in Loudspeaker Production Test. This 
value can be used until there is a significant change in 
the acoustic testing space.

Fast Sweep stimulus
When using Fast Sweep as the stimulus, the time 
delay is calculated through cross correlation between 
the stimulus and acquired response, and the tran-
sient response between each discreet step is dis-
carded to acquire the desired measurement data. The 
Time Window control is not used. 

Input Channels
One or two of the analyzer input channels must be 
dedicated to the impedance measurement, measur-
ing voltages and calculating currents. One (or more) of 
the remaining channels measures the audio acquired 
by a measurement microphone for an acoustic result.

The APx517 has dedicated channels for
Impedance measurements and does not
require a dedicated analyzer input channel.

The impedance measurement
The electromechanical impedance measurement is 
based on the APx Impedance/Thiele-Small measure-
ment, where the current through the driver and the 
voltage across the driver must be determined. For fast 
and reliable production testing, Loudspeaker Produc-
tion Test only makes only a single-pass, free-air imped-
ance measurement, providing a subset of the Thiele-
Small parameters, sufficient to identify manufactur-
ing defects.

An audio power amplifier and a sense resistor are 
required, and one or two additional analyzer inputs, 
depending upon the chosen test configuration. The 
optional Audio Precision IMP1 impedance fixture pro-
vides sense resistors, amplifier and analyzer connec-
tors and switching.

You will need to precisely measure the value of the 
sense resistor, and if you are using the Vsense only 
test configuration and the measurement is made on 
an APx analyzer other than the APx517, you will need 
to create an amplifier correction curve. If you do not 
create an amplifier correction curve, you must pre-
cisely measure the broadband gain of the amplifier 
before making the measurement, and enter the value 
into the Amplifier Gain field.

Connections and Test Configurations
Loudspeaker Production Test measurements can use 
a choice of test configurations to derive the driver cur-
rent from the available voltages. Select the test config-
uration suited to your situation.

In these tests, we are not measuring conventional 
audio parameters; we are measuring voltage or cur-
rent in circuit components. Consequently, one or two 

of the analyzer input channels have specific roles 
assigned, either to measure the voltage across the 
driver, the voltage across the sense resistor, or the 
total voltage across the driver and the sense resistor. 
Please pay close attention to the roles depicted in the 
illustrations linked here, and identified on the Chan-
nels controls in the software.

The Audio Precision IMP1 Impedance Fixture can be 
used with either configuration.

Vdrvr and Vsense (APx517 using the 
built-in Power Amplifier)

This is our recommended configuration when making 
an impedance measurement using the APx517 with 
the built-in power amplifier, internal sense resistor, 
and dedicated sense channels. No external amplifier 
or impedance fixture is required. The VDRVR channel is 
integrated with the SpeakON connector and con-
nected through the Power Amplifier cable so the mea-
surement can be made at the termination of the cable 
where the driver is connected. The sense resistor 
value for the power amplifier, shown in the Sense R 
field, is fixed at 100.0 mOhm.

This configuration can also be used for
Vsense only measurements.
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Vdrvr and Vsense (APx517 using the 
built-in Headphone Amplifier)

This is our recommended configuration when making 
an impedance measurement using the APx517 with 
the built-in headphone amplifier, internal sense resis-
tor, and dedicated sense channels. No external ampli-
fier or impedance fixture is required. As it is not 
usually possible to make the VDRVR connection on the 
driver side of the headphone cable without disassem-
bling the headphones, the VDRVR measurement is 
made at the headphone connector. The sense resis-
tor value for the headphone amplifier, shown in the 
Sense R field, is fixed at 10.00 Ohm.

This configuration can also be used for
Vsense only measurements.

Vdrvr and Vsense (recommended) (bal)

This is our recommended configuration when making 
a 2-channel impedance measurement with an APx 
analyzer other than an APx517. This configuration is 
enabled when Measure is set to Vdrvr and Vsense and 
the analyzer inputs are set to balanced.

The Audio Precision IMP1 Impedance Fixture can be 
used with this configuration.

We recommend that you use balanced analyzer inputs 
for impedance measurements.

Avoid the use of a bridged amplifier as the
accuracy of results can be significantly
degraded due to strong common mode sig-
nals at the analyzer input. 

RSENSE 

Measurement
Microphone

Amplifier

Driver

Microphone
Power Supply

APx Generator

VSENSE 

VDRVR 

APx Analyzer

APx
SENSE

Bal Input

APx
DRVR

Bal Input

APx
MIC

Input
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Vdrvr and Vsense (recommended) 
(unbal)

This configuration is enabled when Measure is set to 
Vdrvr and Vsense and the analyzer inputs are set to 
unbalanced.

This configuration is similar to Vdrvr and Vsense (bal), 
but it allows the use of unbalanced analyzer inputs, 
which may be more convenient in some situations. 
VDRVR is calculated by subtracting VSENSE from VTOTAL. 
When the analyzer is set to unbalanced inputs, this 
configuration is assumed and voltage measured at 
channel n+1 is subtracted from the voltage at chan-
nel n, provided the driver voltage.

The Audio Precision IMP1 Impedance Fixture can be 
used with this configuration.

A bridged amplifier cannot be used with unbalanced 
analyzer inputs. 

Vsense only

This method uses an external power amplifier and 
sense resistor. This is the only configuration that sup-
ports Loudspeaker Production Test using an analyzer, 
other than an APx517, with only two inputs.

Set Correction Curve to select an amplifier correction 
curve in the project, or choose to Create New or 
Browse for File. If the correction curve accurately rep-
resents the amplifier in use, this configuration will 
make accurate impedance response measurements. 
Enter the value of the sense resistor into the data 
entry field in APx. This is our recommended configura-
tion when making a 1 channel impedance measure-
ment.

If Correction Curve is set to None, the broadband gain 
of the amplifier must be known from a previous mea-
surement, such as the APx Level and Gain measure-
ment. Enter the gain and the value of the sense 
resistor into the data entry fields in APx. If the APx517 
is used in the Vsense only configuration, the amplifier 
gain control is unavailable.

When Correction Curve is set to None, this configura-
tion cannot correct for the low-frequency rolloff pres-
ent in an AC-coupled power amplifier. AC coupling will 
introduce phase shift that clearly affects the driver 
impedance curve and resonance frequency. If your 
test requires a sweep that extends below 20 Hz, we 
recommend the use of a DC-coupled power amplifier, 
or that you use a correction curve as described above.

For APx analyzers that do not have an internal sense 
resistor, Audio Precision IMP1 Impedance Fixture can 
be used with this configuration.

We recommend that you use balanced analyzer inputs 
for impedance measurements.

RSENSE 

Measurement
Microphone

Amplifier

Driver

Microphone
Power Supply

APx Generator

VSENSE 

VTOTAL 

APx Analyzer

APx
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MIC

Input
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Avoid the use of a bridged amplifier as the
accuracy of results can be significantly
degraded due to strong common mode sig-
nals at the analyzer input. 

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

After making the settings below, click Start.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Running the Measurement
To use Loudspeaker Production Test, click Start. The 
generator will output the test signal to the DUT on the 
selected generator channels. Read the results in the 
selected result view.

Measurement
The Loudspeaker Production Test measurement can 
be made using a log-swept sine (Log Chirp) stimulus 
or a Fast Sweep stimulus.

Sweep Type
Set the sweep type here.

•Log Chirp
A continuous sweep using a sine wave swept loga-
rithmically across the sweep range in a short 
period of time.

•Fast Sweep
A batch stepped frequency sweep with transient 
minimized steps, swept linearly, logarithmically or 
using an ISO-R series or custom sweep table. 

Generator
The Loudspeaker Test measurement uses a Log Chirp 
or Fast Sweep stimulus signal, swept between the fre-
quencies entered in Start Frequency and Stop Fre-
quency, at the value set in Level.

Start Frequency and Stop Frequency
These controls set the frequency range of the sweep. 
For testing a loudspeaker, set the range to the range 
of your loudspeaker or driver. See page 315 for more 
about continuous sweep ranges, which are depen-
dent upon the instrument.

Measurements using a Log Chirp stimulus
can only be swept from low to high. For Fast
Sweep, the measurement can be swept
either way: low to high or high to low. When
switching from Fast Sweep to Log Chirp
when the start frequency is high, the start
and stop frequencies are automatically
swapped so that the lower frequency value
is used as the start frequency.

Sweep (Fast Sweep)
Choose

•Logarithmic point spacing 

•Linear point spacing 

•ISO R-Series point spacing 

•Custom
Edit sweep spacing and number of Points to cre-
ate a Custom sweep. 

ISO Spacing (Fast Sweep)
For ISO R-Series sweeps, select the ISO Spacing here. 
Choose

•R10 (1/3rd Octave), which sets points using the 
1/3 octave preferred values. This is the default.

•R20 (1/6th Octave), which sets points using the 
1/6 octave preferred values.

•R40 (1/12th Octave), which sets points using the 
1/12 octave preferred values.

•R80 (1/24th Octave), which sets points using the 
1/24 octave preferred values.

Points (Fast Sweep)
For Logarithmic or Linear, set the number of sweep 
points here. 

Points > Edit (Fast Sweep)
For a custom sweep, click Edit to open the Data Points 
panel and edit, import or export the sweep table.

Step Size (Fast Sweep)
For linear sweeps, enter the Step Size here.

Level
Set the generator level here.
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Note: Loudspeakers under test can be dam-
aged by signals that exceed their level or
frequency limits. Be sure to set generator
and amplifier level and sweep frequencies
to values within the l imits of the loud-
speaker.

Offset
Set any DC offset to the generator signal here.

EQ
You can equalize the generator signal to make a pre-
emphasized stimulus. See Generator Equalization 
(page 245) for a general discussion of this feature.

Choosing generator equalization
Select None, Relative or Absolute from the EQ drop-
down menu.

•None applies no equalization to the generator.

•Relative applies the gain or loss specified in the 
EQ table to the current generator level for each 
channel.

•Absolute sets the generator level for all channels 
to the level specified in the EQ table. Note: when 
Absolute is selected, current channel level settings 
are lost.

Edit
If you have chosen to equalize the generator signal, 
you can edit the EQ table here. See Edit EQ Table 
(page 245).

Pre-Sweep (Log Chirp)
To enable the DUT to stabilize before the beginning of 
the defined continuous sweep measurement, there is 
an adjustable Pre-Sweep time. The actual sweep stim-
ulus signal begins below the defined Start Frequency 
and is swept upward, reaching the Start Frequency at 
the end of the Pre-Sweep time. The sum of the times 
in Pre-Sweep and Sweep is the total duration of the 
sweep.

•The default for Pre-Sweep is 100.0 ms. Minimum 
is 0 s; maximum is 1.0 s.

Longer Pre-Sweep settings allow more time for DUT 
stabilization, but increase measurement time. Longer 
Sweep settings provide greater resolution and signal-
to-noise ratio, but increase measurement time.

Sweep Time
Enter a sweep time value here.

The default for Sweep using Log Chirp is 350.0 ms. 
Minimum is 100.0 ms; maximum is 15 s.

The minimum sweep time using Fast Sweep is depen-
dent on the number of points and the frequency range 
selected for the sweep. Increasing the sweep points 
and frequency range can increase the required sweep 

time. When changes to sweep points or frequency 
range require increased sweep time, the Sweep Time  
is automatically adjusted to the minimum sweep time 
required to complete the measurement. 

The maximum sweep time is 15 s. If the selected com-
bination of sweep points and frequency range results 
in a sweep time greater than 15 s, a warning icon is 
displayed next to the sweep time field and the mea-
surement will not produce any results until the set-
tings are modified to ensure the sweep time is within 
the acceptable range. If the sweep points or fre-
quency range are reduced enough to allow a lower 
sweep time, the sweep time can be reduced manu-
ally. If a value below the minimum sweep time is 
entered, the Sweep Time is automatically adjusted to 
the minimum sweep time required to complete the 
measurement. 

Longer Sweep Time settings provide greater resolu-
tion and signal-to-noise ratio, but increase measure-
ment time.

Analyzer
Time Window (Log Chirp)
Enter a value for the Time Window here. See page 
432 for more information about Time Window values.

Extend Acquisition By
By default, a continuous sweep measurement makes 
an acquisition 50 ms longer than the stimulus, to 
include possible time-delayed artifacts created in the 
DUT.

In some cases, you may want to extend the acquisi-
tion further. Enter a new value in the Extend Acquisi-
tion By: field. Minimum extension is 0 s; maximum is 
3 s.

Impedance
Measure
This measurement supports the following test configu-
rations. The selection made here affects the availabil-
ity or options of the Amplifier Gain, Channel and 
Sense R settings below. The test configurations are:

•Vdrvr and Vsense (APx517)

•Vdrvr and Vsense

•Vsense only

See page 433 for a full description of these configura-
tions.

Vdrvr and Vsense (APx517)
This configuration uses the built-in amplifier and the 
internal sense resistor in the APx517. It uses the dedi-
cated sense channels to measure the voltage across 
the driver and the current through the driver simulta-
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neously, which produce the best results. Because 
there are dedicated Vdrvr and Vsense channels, the 
analyzer input channels are both available for mea-
surement microphones.

Channel (Vdrvr) and Channel (Vsense)
The dedicated Vdrvr and Vsense channels are auto-
matically selected when the input is set to Mic or 
Impedance Monitor and are displayed in the channel 
fields but are not editable. 

See the diagrams of this configuration (using the built 
in power amplifier or built-in headphone amplifier) on 
page 433.

Vdrvr and Vsense (recommended)
For the Loudspeaker Production Test mea-
surement, this configuration is not sup-
ported by 2-channel analyzers.

This configuration uses an external power amplifier 
and an external sense resistor. It requires 2 analyzer 
input channels for the impedance measurement, but 
because both the voltage across the driver and the 
current through the driver are measured simultane-
ously, it produces the best results.

Since Loudspeaker Production Test also requires at 
least one channel for the acoustic measurement 
microphone, the Loudspeaker Production Test mea-
surement only supports the Vdrvr and Vsense configu-
ration for analyzers with more than two input 
channels. 

Channel Vdrvr and Channel Vsense
Balanced inputs

See a diagram of this configuration on page 434.

We recommend the use of balanced inputs for imped-
ance testing. When using balanced inputs, the Vdrvr 
and Vsense Test Configuration requires one input 
channel to be assigned the role of “drvr”. This chan-
nel measures the voltage across the loudspeaker 
driver.

It requires a second input channel to be assigned the 
role of “sense”. This channel measures the voltage 
across the sense resistor.

Channel roles are selected from available inputs using 
the Channel (Vdrvr) and Channel (Vsense) controls.

Unbalanced inputs
See a diagram of this configuration on page 435.

When using unbalanced inputs, the Vdrvr and Vsense 
Test Configuration requires one input channel to be 
assigned the role of “Vdrvr” using the Channel (Vdrvr) 
control. This channel measures the total voltage 
across the loudspeaker driver and the sense resistor. 
This is the same as the amplifier output voltage. 

It requires a second input channel to be assigned the 
role of “sense” using the Channel (Vsense) control. 
This channel measures the voltage across the sense 
resistor.

Channel roles are selected from available inputs using 
the Channel (Vdrvr) and Channel (Vsense) controls.

The voltage across the driver is calculated by subtract-
ing the sense voltage from the total voltage.

Vsense only
See a diagram of this configuration on page 435.

This configuration only requires 1 channel for the 
impedance measurement, allowing support for 2-
channel amplifiers when using Loudspeaker Produc-
tion Test. A second channel is used for the acoustic 
measurement. Like the above configurations, it 
requires an external power amplifier and an external 
sense resistor. 

If you are using an APx517 analyzer, the 1-channel 
power amplifier or the 2-channel headphone amp can 
be configured. The dedicated Vsense channel is auto-
matically selected, and either or both of the two Mic 
input channels can be used for the acoustic measure-
ment.

For the Vsense only configuration, you must use an 
amplifier correction curve (see below) or provide a 
broadband amplifier gain value. We recommend using 
an amplifier correction curve, as it is more accurate. 
Characteristics of the amplifier used and the accu-
racy of the correction curve will affect your results.

If you are using an APx517 analyzer or an
APx1701 Transducer Test Interface, Correc-
tion Curve is not available.

Correction Curve
This field is only available when Measure is set to the 
Vsense only configuration. It is not available on the 
APx517 as the integrated amplifier does not need a 
correction curve. 

Choose

•None
If you are not using a correction curve, choose 
None and enter a value for the broadband ampli-
fier gain in the field below. The response of your 
amplifier will affect the accuracy of the impedance 
curves. See Vsense only Test Configuration on 
page 435 for more information.

•If there are Amplifier Correction Curves in the proj-
ect, they will be listed here and available for selec-
tion. 

•Create New
To create an amplifier correction curve, choose 
Create New. See Amplifier Correction on page 
401.
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•Browse for file
To use a previously saved amplifier correction 
curve, choose Browse for file. 

Amplifier Gain
This field is only available when Test Configuration is 
set to the Vsense only configuration and Correction 
Curve is set to None. Determine the broadband gain of 
your amplifier using a measurement such as the APx 
Level and Gain, and enter the value here.

If you are using an APx517, the amplifier
gain is not available. If you are using an
APx1701 Transducer Test Interface, ampli-
fier gain is fixed at 20 dB.

Channel
The Vsense only Test Configuration requires one input 
channel to be assigned the role of “sense”. If you are 
using an APx517 analyzer, the dedicated Vsense chan-
nel is automatically selected. This channel measures 
the voltage across the sense resistor. 

Sense R
Enter the value of the external sense resistor here. 
The acceptable range is 0.01 ohm to 1,000 ohm.

The APx517 analyzer has an internal sense resistor for 
both the power amplifier and the headphone ampli-
fier. If you are using an APx517, the value is Sense R 
will be fixed at 100.0 mOhm for the power amplifier 
and 10.00 Ohm for the headphone amplifier.

The APx1701 Transducer Test Interface has an inter-
nal 0.1 ohm sense resistor for each channel. If you are 
using the APx1701, the value in Sense R: will be fixed 
at 0.1 ohm. 

Model Fit
After the preliminary set of Thiele-Small parameters 
are obtained from the free air pass, the result data 
are processed and a model of the impedance curve is 
created and displayed on the graph as the Fit trace. 
The result data is also shown. You can choose to view 
the raw, unprocessed result data, or the processed 
result data using the Unprocessed / Processed con-
trol on the graph display. The choice of Unprocessed / 
Processed viewing does not affect the operation of the 
measurement.

The processing used for the Processed data includes 
decimation of data points and smoothing.

Note: If the ratio between the sense resis-
tor and the driver under test is large (small
sense resistor / large driver impedance),
very little voltage will be developed across
the sense resistor, and the result data may
be very noisy. The Unprocessed view may

show a great deal of noise, and in severe
cases the impedance curve of the driver
under test may not fit the available models.
See Calculate TS Parameters, below.

Choose a Model Fit:

•Standard

•LR-2 or

•Wright

See page 399 for detailed information and diagrams 
of the driver models.

Calculate TS Parameters
This checkbox is checked by default, enabling the cal-
culation of Thiele-Small parameters from the imped-
ance measurement. 

In some cases (such as high-impedance headphone 
measurements), the impedance curve of the driver 
under test may not fit the available models. Deriva-
tion of the Thiele-Small parameters will fail, and the 
measurement will abort. To prevent this, uncheck the 
Calculate TS Parameters checkbox. The device imped-
ance curve will be measured, but Thiele-Small param-
eters and model fit will not be calculated.

Curve Fit Range
For calculating Thiele-Small parameters, it is best to 
constrain the high-frequency extent of the range 
across which the data is fitted to the model curve to 
approximately 20xFs (Fs is the resonant frequency of 
the driver).

•Auto
The data that is fitted to the model curve is the full 
frequency range of the acquisition, which is 
approximately the same as the range of the gener-
ator sweep.

•Custom
The data that is fitted to the model curve is con-
strained to the range between the Min Freq and 
Max Freq, set in the fields below.

Advanced Settings
Advanced Settings include output level and offset set-
tings and input ranging settings. To view or modify 
these settings, click Advanced Settings. See Advanced 
Settings for Continuous Sweep based measurements 
on page 318.
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RMS Level (Frequency Response)

Loudspeaker Production Test: RMS Level is a Log 
Chirp or Fast Sweep result that displays level plotted 
against frequency. This is the frequency response of 
the loudspeaker.

A note about the gray area on the graph
An inevitable consequence of the finite length of an 
impulse response is that in the frequency domain, the 
data below some low frequency will be unreliable. In 
this graph, the area of unreliable data is indicated by 
gray shading. As the Time Window is increased, the 
frequency of the bound defining this area is 
decreased.

Units
Units available for Loudspeaker Production Test Level 
(Frequency Response) are:

Relative Level

Loudspeaker Production Test: Relative Level is a Log 
Chirp or Fast Sweep result that provides a graphical 
display of the frequency response of the loudspeaker. 
In this result the DUT output level is plotted against 
frequency, relative to the level at a selected frequency 
set in the Ref Frequency field.

This enables you to specify the frequency that will be 
set as 0 dB and view the response in relation to that 
frequency. A midband frequency such as 1 kHz is 
often set as the reference frequency, and is the 
default here.

Additional Controls for Relative Level
These settings are made in the Result Settings bar, 
beneath the graph display.

Mode
Normalized at Reference
Enter a reference frequency for normalization in the 
Ref Frequency field. The measured level at the fre-
quency you choose is set as 0 dB on the graph, and 
the DUT response is plotted in relation to this refer-
ence. You can change the Ref Frequency at any time 
(except after appending) and the graph will immedi-
ately be redrawn to reflect the new setting.

Auto-Centered in Limits
This control is only usable if upper and lower limits are 
set on this graph. In some applications, the general 
conformance of a trace to the shape of a set of limits 
is of importance, with absolute level less important or 
irrelevant. Auto-Centered in Limits centers the data 
trace relative to the upper and lower limits. To exclude 
possible exceptional data points at frequency 
extremes, the frequency range that is considered for 
the centering operation is constrained by the values in 
the Min and Max fields. 

Ref Frequency
Choose a Reference Frequency here.

X-axis Y-axis Y-axis (Acoustic)

•Hz •Vrms •dBSPL
•dHz •dBV •Pa
•F/R •dBu
•%Hz •dBrA

•dBrB
•dBSPL1
•dBSPL2
•dBm
•W (watts)



Chapter 62: Loudspeaker Production Test (Sequence Mode)

APx500 User’s Manual 441

Units
Units available for Loudspeaker Production Test: Rela-
tive Level are:

Phase

Loudspeaker Production Test: Phase is a Log Chirp or 
Fast Sweep result that displays the DUT output phase, 
plotted against frequency.

See page 408 for more information about phase mea-
surements.

Additional Controls for Phase
These settings are made in the Result Settings bar, 
beneath the graph display.

Mode
Loudspeaker Production Test Phase has four result 
modes:

Relative to Ch1
In this mode, the absolute phase of channel one is 
subtracted from the absolute phase of channels num-
bered greater than 1. The result is plotted against fre-
quency for each channel numbered 2 and above, 
showing the phase difference (from channel 1) for 
each channel. Since channel 1 is used as the refer-
ence, it is not plotted in this result. This mode shows 
“unwrapped” phase differences.

Input-to-output
In the input-to-output mode, the absolute phase of 
each channel, from device input to device output, is 
plotted against frequency, “unwrapped.” Input-to-out-
put mode includes device delay.

Input-to-output, wrapped
This mode shows the same result as input-to-output 
phase, but “wrapped” within the range of –180° to 
+180°.

Input-to-output, excess
This mode shows the input-to-output phase 
(unwrapped), but removes the linear component (the 
device delay).

See page 309 for more information about wrapped 
and unwrapped phase.

Units
Units available for Loudspeaker Production Test: 
Phase are:

Level and Distortion

The Loudspeaker Production Test: Level and Distor-
tion result uses a Log Chirp or Fast Sweep stimulus 
and provides a graphical display of the fundamental 
level vs. frequency and the distortion level vs. fre-
quency of the loudspeaker connected to each chan-
nel, plotted on the same graph. Distortion curves 
included total distortion level, H2 distortion level and 
H3 distortion level. 

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis 

•Hz •deg
•dHz •rad
•F/R
•%Hz
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Units
Units available for Loudspeaker Production Test Level 
and Distortion are:

THD Ratio

Loudspeaker Production Test: THD Ratio is a Log Chirp 
or Fast Sweep result that provides an XY graphical dis-
play of the THD response of each channel. In this 
result the ratio of the level of the THD (Total Harmonic 
Distortion) to the total signal in the DUT output is plot-
ted against generator frequency. 

Additional Controls for Distortion Prod-
uct Ratio
Calculation Mode
Select the calculation method for computing distor-
tion ratios. Options are:

•IEC

•IEEE

The IEC calculation method takes the sum of the har-
monics as the numerator and the sum of the harmon-
ics plus the fundamental as the denominator.

The IEEE calculation is made by taking the sum of the 
harmonics as the numerator and the fundamental as 
the denominator. See More About Calculation Mode 
on page 451.

Normalized Checkbox
Results can be normalized by checking the Normalize 
checkbox. Normalized results can eliminate distortion 
artifacts caused by external sources of distortion like 
room reflections. See More about Normalized Results 
on page 451.

Units
Units available for Loudspeaker Production Test: THD 
Ratio are:

THD Level

Loudspeaker Production Test: THD Level is a Log Chirp 
or Fast Sweep result the provides an XY graphical dis-
play of the THD response of each channel. In this 
result, the level of the THD (Total Harmonic Distortion) 
is plotted against generator frequency.

Units
Units available for Loudspeaker Production Test: THD 
Level are:

X-axis Y-axis Y-axis (Acoustic)

•Hz •Vrms •dBSPL
•dHz •dBV •Pa
•F/R •dBu
•%Hz •dBrA

•dBrB
•dBSPL1
•dBSPL2
•dBm
•W (watts)

X-axis Y-axis 

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis Y-axis (Acoustic)

•Hz •Vrms •dBSPL
•dHz •dBV •Pa
•F/R •dBu
•%Hz •dBrA

•dBrB
•dBSPL1
•dBSPL2
•dBm
•W (watts)
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Distortion Product Ratio

Loudspeaker Production Test: Distortion Product Ratio 
is a Log Chirp or Fast Sweep result that provides a 
graphical display of the selected harmonic distortion 
products present in each audio input channel. In this 
result the ratio of the level of the selected harmonic 
distortion product to the fundamental in the DUT out-
put is plotted against frequency.

Additional Controls for Distortion Prod-
uct Ratio
Calculation Mode
Select the calculation method for computing distor-
tion ratios. Options are:

•IEC

•IEEE

The IEC calculation method takes the sum of the har-
monics as the numerator and the sum of the harmon-
ics plus the fundamental as the denominator.

The IEEE calculation is made by taking the sum of the 
harmonics as the numerator and the fundamental as 
the denominator. See More About Calculation Mode 
on page 451.

Normalized Checkbox
Results can be normalized by checking the Normalize 
checkbox. Normalized results can eliminate distortion 
artifacts caused by external sources of distortion like 
room reflections. See More about Normalized Results 
on page 451.

Harmonics
For a graph of the ratio of one specific harmonic prod-
uct to the fundamental level, select Single Harmonic 
and set the Harmonic Number to your choice, from 
2nd harmonic to 20th harmonic.

For a graph of the sum of the levels of any combina-
tion of harmonic products (from H2 through H20), 
divided by the fundamental level, select Sum of Har-

monics. Then click Select Harmonics... to open a 
result definition dialog.

Units
Units available for Loudspeaker Production Test Dis-
tortion Product Ratio are:

Distortion Product Level

Loudspeaker Production Test: Distortion Product Level 
is a Log Chirp or Fast Sweep result that provides a 
graphical display of the selected harmonic distortion 
products. In this result the level of the selected har-
monic distortion product in the DUT output is plotted 
against frequency.

Additional Controls for Distortion Prod-
uct Level
Harmonics
For a graph of the level of one specific harmonic prod-
uct, select Single Harmonic and set the Harmonic 
Number to your choice, from 2nd harmonic to 20th 
harmonic. 

For a graph of the level of the sum of several or all 
harmonic products (from H2 through H20), select Sum 
of Harmonics, then click Select Harmonics... to open a 
result definition dialog.

X-axis Y-axis Y-axis (Acoustic)

•Hz •x/y •dBSPL
•dHz •% •Pa
•F/R •ppm
•%Hz •dB
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Units
Units available for Loudspeaker Production Test: Dis-
tortion Product Level are:

Rub and Buzz

Rub and Buzz good result

Loudspeaker Production Test: Rub and Buzz uses a 
log chirp stimulus and displays the Rub and Buzz 
Crest Factor and Peak Ratio. 

Rub and Buzz results are only available
when Log Chirp is selected as the sweep
type; they are not available when Fast
Sweep is selected. 

See More about Loudspeaker Testing on page 271 for 
a more detailed discussion of using rub and buzz in 
loudspeaker testing.

Rub and Buzz poor result

Rub and Buzz presents two results on one graph. In 
the APx implementation, detection of rub and buzz 
requires a simultaneous interpretation of both of 
these results; a rub and buzz crest factor result is plot-
ted in reference to the left Y-axis, and a rub and buzz 
peak ratio result is plotted in reference to the right 
Y-axis. Limit behavior is different on a graph with 2 
Y-axes. See Drawing limits for XY Graphs (two Y-axes) 
on page 795 and Editing limits for XY Graphs (two 
Y-axes) on page 795.

For convenience, the Rub and Buzz Crest Factor and 
the Rub and Buzz Peak Ratio graphs are also avail-
able as independent results (shown later in this chap-
ter), displaying the same data as the corresponding 
axis of the combined Rub and Buzz result described in 
this topic.

Additional Control for Rub and Buzz
High-pass Factor
The data plotted on these graphs is high-pass filtered 
to reveal the rub and buzz signature results. The filter 
tracks the chirp stimulus frequency, moving upward 
with the sweep. The corner frequency of the filter is 
the product of the instantaneous chirp frequency mul-
tiplied by the High-pass Factor, which can be set in the 
range from 5 to 30. This results in a graph where the 
X-axis represents the stimulus frequency, and the plot-
ted data represent the much higher frequency sounds 
generated by the interaction of the stimulus fre-
quency with loose particles or rubbing components 
within the loudspeaker system. For interpretation of 
the results, see More About Loudspeaker Testing on 
page 271.

X-axis Y-axis
Y-axis 
(Acoustic)

•Hz •Vrms •dBSPL
•dHz •dBV •Pa
•F/R •dBu
•%Hz •dBrA

•dBrB
•dBSPL1
•dBSPL2
•dBm
•W (watts)
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Units
Units available for Rub and Buzz are:

Rub and Buzz Loudness

Loudspeaker Production Test: Rub and Buzz Loud-
ness is a result that uses a Fast Sweep stimulus and 
displays the perceived distortion that causes undesir-
able audio effects due to Rub and Buzz. The signal 
path must have Acoustic mode enabled for the input 
to acquire Rub and Buzz Loudness results. Read more 
about Acoustic mode in the Input/Output topics in Sig-
nal Path Setup on page 87.

In the Rub and Buzz Loudness graph shown above, 
one trace has a loudness spike between 100 Hz and 
200 Hz, indicating the presence of rub and buzz. The 
other trace shows the result from a normal speaker.

Rub and Buzz Loudness results are only
available when Fast Sweep is selected as
the Sweep Type; they are not available
when Log Chirp is selected. 

The result is plotted on an XY Graph with frequency on 
the X-axis and Loudness (in phons) on the Y-axis.

Units available for Rub and Buzz Loudness are:

SoneTrac Residual Waveform

The Loudspeaker Production Test: SoneTrac Residual 
Waveform result utilizes a Log Chirp stimulus and pro-
vides a view of the residual waveform in a time-
domain XY graph. The waveform data can be exported 
as a WAV file for later analysis or playback. 

SoneTrac Residual Waveform results are
only available when Log Chirp is selected as
the Sweep Type; they are not available
when Fast Sweep is selected. 

Additional Controls for SoneTrac Resid-
ual Waveform
High-pass Factor
The data plotted on these graphs is high-pass filtered 
to reveal the rub and buzz signature results. The filter 
tracks the chirp stimulus frequency, moving upward 
with the sweep. The corner frequency of the filter is 
the product of the instantaneous chirp frequency mul-
tiplied by the High-pass Factor, which can be set in the 
range from 1 to 20 and can be entered as a decimal 
fraction to two decimals. This results in a graph where 
the X-axis represents the stimulus frequency, and the 
plotted data represent the much higher frequency 
sounds generated by the interaction of the stimulus 
frequency with loose particles or rubbing components 
within the loudspeaker system. For interpretation of 
the results, see More About Loudspeaker Testing on 
page 271.

High-pass Frequency 
Isolate relevant frequencies from lower frequencies to 
tune SoneTrac Rub and Buzz results by modifying the 
High-pass Frequency value. Frequencies between 5 Hz 
and 100 MHz can be entered as a decimal fraction to 
two decimals. The default High-pass Frequency is 20 
Hz.

Low-pass Frequency
Isolate the relevant frequencies from higher frequen-
cies to tune SoneTrac Rub and Buzz results by adding 
a low-pass filter. Frequencies between 5 Hz and 100 

X-axis Y-axes

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axes

•Hz •phons
•dHz
•F/R
•%Hz
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MHz can be entered as a decimal fraction to two deci-
mals. The default Low-pass Frequency is 2 kHz.

Controls are not available for imported data
or saved project data.

Units
Units available for SoneTrac Residual Waveform are:

SoneTrac Rub and Buzz

The Loudspeaker Production Test: SoneTrac Rub and 
Buzz result utilizes a morphing high-pass filter, static 
filtering, envelope detection, and temporal smoothing. 
The result is normalized in reference to the total RMS 
of the signal to display rub and buzz effects in the 
response. The result is displayed as a trace on the XY 
result graph.

SoneTrac Rub and Buzz results are only
available when Log Chirp is selected as the
Sweep Type; they are not available when
Fast Sweep is selected. 

Additional Control for SoneTrac Rub 
and Buzz
High-pass Factor
The data plotted on these graphs is high-pass filtered 
to reveal the rub and buzz signature results. The filter 
tracks the chirp stimulus frequency, moving upward 
with the sweep. The corner frequency of the filter is 
the product of the instantaneous chirp frequency mul-
tiplied by the High-pass Factor, which can be set in the 
range from 1 to 20 and can be entered as a decimal 
fraction to two decimals. This results in a graph where 
the X-axis represents the stimulus frequency, and the 
plotted data represent the much higher frequency 
sounds generated by the interaction of the stimulus 
frequency with loose particles or rubbing components 
within the loudspeaker system. For interpretation of 
the results, see More About Loudspeaker Testing on 
page 271.

High-pass Frequency 
Isolate relevant frequencies from lower frequencies to 
tune SoneTrac Rub and Buzz results by modifying the 
High-pass Frequency value. Frequencies between 5 Hz 
and 100 MHz can be entered as a decimal fraction to 
two decimals. The default High-pass Frequency is 20 
Hz.

Low-pass Frequency
Isolate the relevant frequencies from higher frequen-
cies to tune SoneTrac Rub and Buzz results by adding 
a low-pass filter. Frequencies between 5 Hz and 100 
MHz can be entered as a decimal fraction to two deci-
mals. The default Low-pass Frequency is 2 kHz.

Decimation
Set the decimation factor here. Decimation reduces 
data points and smooths result graphs. Supported 
decimation factors are:

•None

•1/24 Octave

•1/12 Octave

•1/6 Octave

•1/3 Octave

Detector
When a decimation other than None is selected, 
choose one of the following detector methods:

•RMS

For each selected frequency, an Nth-octave band-
pass filter is centered on the frequency and the 
bandpass RMS value is computed and displayed.

•Peak
For each selected frequency, the peak value of the 

frequencies in the Nth-octave bandwidth centered 
on the frequency is found and displayed.

Controls are not available for imported data
or saved project data.

Units
Units available for SoneTrac Rub and Buzz are:

X-axis Y-axis

•s (seconds) •V

X-axis Y-axes

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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HOHD

The Loudspeaker Production Test HOHD result utilizes 
a Log Chirp or Fast Sweep measurement that pro-
vides a graphical display of selected high-order har-
monic distortion products. The range is adjustable, 
and harmonics from H2 up to H200 can be specified 
by setting min/max values. For Log Chirp, only har-
monics up to H20 are included in the result, even if 
the selected min/max values are higher than H20. For 
Fast Sweep, specified harmonics up to H200 are 
included in the result. The result displayed is a ratio of 
the selected harmonic levels to the level of the funda-
mental.

Additional Controls for HOHD
Calculation Mode
Select the calculation method for computing distor-
tion ratios. Options are:

•IEC

•IEEE

The IEC calculation method takes the sum of the har-
monics as the numerator and the sum of the harmon-
ics plus the fundamental as the denominator.

The IEEE calculation is made by taking the sum of the 
harmonics as the numerator and the fundamental as 
the denominator. See More About Calculation Mode 
on page 451.

Normalized Checkbox
Results can be normalized by checking the Normalize 
checkbox. Normalized results can eliminate distortion 
artifacts caused by external sources of distortion like 
room reflections. See More about Normalized Results 
on page 451.

Min Harmonic
Select the minimum range for the harmonics. The 
lower limit is 2. The default is 20.

Max Harmonic
Select the Maximum range for the harmonics. The 
upper limit is 200, which is also the default.

Units
Units available for HOHD are:

Impulse Response
The Loudspeaker Production Test: Impulse Response 
uses a log chirp stimulus and displays the Impulse 
Response of the system under test. This result is par-
ticularly useful in production test to verify correct sys-
tem polarity.

The Impulse Response result is only avail-
able when Log Chirp is selected as the
Sweep Type; it is not available when Fast
Sweep is selected. 

See page 313 for more information about impulse 
response.

Impulse Response correct polarity

This is a Loudspeaker Production Test Impulse 
Response result from a system that has correct polar-
ity. The primary impulse is positive. Note the limit set 
at –18u, to flag reversed polarity.

X-axis Y-axes

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Impulse Response reversed polarity

This is a Loudspeaker Production Test Impulse 
Response result from a system that has reversed 
polarity. The primary impulse is negative. Notice that 
the limit set at –18u has been crossed and a limit fail-
ure marker has been set.

Result Settings bar
Interpolation
For time-domain displays, the APx500 graphs are nor-
mally plotted using sinc function interpolation. Interpo-
lation adds points to the displayed trace that do not 
exist in the measured data, to make data trends more 
easily visualized. The default in APx is to have Interpo-
lation On. However, digital domain signals are some-
times best understood when viewing actual samples, 
with interpolation switched Off.

Interpolation and limit failure markers.
Limit failure markers (small orange triangles) are 
placed at the first data point that exceeds a limit. 
When interpolation is on and the graph is zoomed in 
to high magnification, the limit failure markers may 
appear to be “floating” in the graph, not at the inter-
section of the limit line and the interpolated data 
trace. Although this appears to be an error, it is actu-
ally correct behavior. Turn interpolation Off, and you 
will see that the marker is at the first (real) data point 
that exceeds the limit. There is no data at the intersec-
tion, although interpolation suggests there is. See an 
Illustration of interpolation and limit marker interac-
tion on page 800.

Units
Units available for Impedance/Thiele-Small Impulse 
Response are:

Impedance Magnitude

Loudspeaker Production Test: Impedance Magnitude 
is a Log Chirp or Fast Sweep result that provides a 
graphical display of the impedance response of the 
driver, plotting the complex impedance magnitude ver-
sus frequency.

Unprocessed/Processed
You can choose to view the raw, unprocessed result 
data, or the processed result data using the Unpro-
cessed / Processed control on the graph display. The 
choice of Unprocessed / Processed viewing does not 
affect the operation of the measurement.

Units
Units available for Impedance/Thiele-Small Imped-
ance Magnitude are:

X-axis Y-axis

•s (seconds) •x/y

X-axis Y-axis

•Hz •ohms
•dHz
•F/R
•%Hz
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Impedance Phase

Loudspeaker Production Test: Impedance Phase is a 
Log Chirp or Fast Sweep result that provides a graphi-
cal display of the impedance phase response of the 
driver, plotting the impedance phase versus fre-
quency.

Unprocessed/Processed
You can choose to view the raw, unprocessed result 
data, or the processed result data using the Unpro-
cessed / Processed control on the graph display. The 
choice of Unprocessed / Processed viewing does not 
affect the operation of the measurement.

Units
Units available for Impedance/Thiele-Small Imped-
ance Phase are:

Thiele-Small Parameters

Thiele-Small parameters

Thiele-Small populates a table with values calculated 
from the impedance response measurement data 
acquired using a Log Chirp or Fast Sweep stimulus. 
When compared to a known good set of Thiele-Small 
parameters for a golden unit, this subset can be use-
ful in identifying manufacturing faults in drivers and 
loudspeakers. R2 and L2 are only populated when the 
LR-2 model is selected, and Erm, Krm, Exm and Kxm are 
only populated when the Wright model is selected.

Setting Limits for Thiele-Small parame-
ters

Thiele-Small parameters with limits applied (detail)

You can set arbitrary limits for any or all of the Thiele-
Small parameters by entering limit values into the 
results grid. Results that fall outside of the limits will 
be highlighted in the grid, and in a sequence the mea-
surement will be flagged as Failed.

X-axis Y-axis

•Hz •deg
•dHz •rad
•F/R
•%Hz
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Acquired Waveform

Loudspeaker Production Test: Acquired Waveform is a 
Log Chirp or Fast Sweep result that displays the 
acquired waveform for each channel. Acquired wave-
form is plotted against time. 

Interpolation
For time-domain displays, the APx500 graphs are nor-
mally plotted using sinc function interpolation. Interpo-
lation adds points to the displayed trace that do not 
exist in the measured data, to make data trends more 
easily visualized. The default in APx is to have Interpo-
lation On. However, digital domain signals are some-
times best understood when viewing actual samples, 
with interpolation switched Off. Also see “Interpola-
tion and limit failure markers” on page 800.

Units
Units available for Acquired Waveform are:

Reference Waveform

The Loudspeaker Production Test: Reference Wave-
form result uses a Log Chirp or Fast Sweep stimulus 
and provides a graphical display of the Reference 
Waveform for each channel. The Reference Waveform 
is plotted against time. 

Units
Units available for Reference Waveform are:

Cross Correlation

The Loudspeaker Production Test: Cross Correlation 
result uses a Log Chirp or Fast Sweep stimulus and 
shows the cross correlation between the stimulus sig-
nal and the acquired response. The Y values are unit-
less.

Units
Units available for Cross Correlation are:

Rub and Buzz Crest Factor
The Loudspeaker Production Test: Rub and Buzz Crest 
Factor result is the Crest Factor trace from the Rub 
and Buzz result, displayed without the overlay of the 
Peak Ratio trace.

Rub and Buzz Crest Factor results are only
available when Log Chirp is selected as the
sweep type; they are not available when
Fast Sweep is selected. 

Rub and Buzz Peak Ratio
The Loudspeaker Production Test: Rub and Buzz Peak 
Ratio result is the Peak Ratio trace from the Rub and 

X-axis Y-axis Y-axis (Acoustic)

•s (seconds) •V •Pa

X-axis Y-axis Y-axis (Acoustic)

•s (seconds) •V •Pa

X-axis

•s (seconds)
•h:m:s
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Buzz result, displayed without the overlay of the Crest 
Factor trace.

Rub and Buzz Peak Ratio results are only
available when Log Chirp is selected as the
sweep type; they are not available when
Fast Sweep is selected. 

More About Calculation Mode
The IEC and IEEE specifications use slightly different 
methods for calculating THD. Measurement results 
that support both methodologies have a Calculation 
Mode drop-down menu in the Result Settings bar 
below the graph results that is used to select the 
desired calculation mode. 

The IEC calculation method takes the sum of the har-
monics as the numerator and the sum of the harmon-
ics plus the fundamental as the denominator. The 
equation is:

Where:

hn = amplitude of product n

h1 = fundamental amplitude

The IEEE calculation is made by taking the sum of the 
harmonics as the numerator and the fundamental as 
the denominator. The equation is:
 

Where:

hn = amplitude of product n

h1 = fundamental amplitude

More about Normalized Results
Normalization addresses some common distortion 
effects that can occur when testing loudspeakers. One 
is that at lower frequencies, speaker output levels 
decrease, which can cause an apparent increase of 
harmonic distortion at lower frequencies. 

Additionally, the fundamental response can include 
effects from harmonics and environmental conditions 
such as sound reflections, which can also appear as 
distortion in the results. Normalizing the result can 
identify and remove the non-distortion artifacts from 
distortion ratio results.

When the Normalized checkbox is available and 
checked for a specified distortion ratio result, the har-
monic responses are first frequency normalized to 
account for a speaker’s reduced output at lower fre-
quencies. Amplitude normalization is applied individu-
ally to each of the harmonic responses to shift the 
fundamental response to 0 dB. With the harmonic 
responses shifted back to the stimulus frequency, the 
THD ratios are computed and results do not include 
the artificial rise of THD in lower frequency or artifacts 
that can be found in the fundamental response.
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Maximum Output
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

Maximum Output measurements use a sine wave 
stimulus signal that is adjusted to the level that pro-
duces the target distortion in a selected channel using 
regulation. This method is often employed to perform 
measurements at an amplifier’s maximum output 
level.

Go to page 567 for more information about regulation.

Maximum Output measurements are not
available in External Source or File Input
configurations.

Maximum Output results available in APx500 are:

•RMS Level

•THD+N Level

•THD+N Ratio.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Click Start. The generator will output a sine wave to 
the DUT on the selected generator channels at the fre-
quency set in the Signal Generation panel. The gener-
ator level is automatically adjusted while the analyzer 
observes the Measured Channel to achieve the level 
of distortion you specified. If another channel exhibits 
more distortion than the channel you initially selected, 
you can set that channel as the Measured Channel 
and run the measurement again.

Generator
Selecting the generator waveform
By default, the Maximum Output measurement uses a 
sine wave at the frequency set in the Signal Genera-
tion panel as the test signal.
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High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Start Level
The Start Level is the first generator setting where a 
measurement is made. If it is lower than the Stop 
Level, then it is also the lowest generator setting 
where the measurement is made. If it is higher than 
the Stop Level, then it is the highest generator setting 
where the measurement is made.

The regulation search proceeds from Start
Level to Stop Level; your choices for these
values determine the direction (up or down)
of the search.

Stop Level
If the Stop Level is higher than the Start Level, then 
the Stop Level is the highest generator setting where a 
measurement is made. If the Stop Level is lower than 
the Start Level, then the Stop Level is the lowest gen-
erator setting where a measurement is made. The 
Stop Level is also the last generator setting where a 
measurement is made in the initial search for an inter-
val containing a measured value of the type that is 
sought.

The higher of Start Level or Stop Level also
serves to limit the maximum APx generator
output, protecting your DUT.

Offset
For the DAC generator, you can enter an optional DC 
offset here.

Initial Steps
Initial Steps sets the number of intervals dividing the 
generator level range between Start Level and Stop 
Level. The default setting is 2. Depending upon the 
parameter to be regulated and characteristics of the 
DUT, greater values may provide better performance.

Frequency
Choose the generator frequency here.

Analyzer
Measured Channel
Choose a channel to measure for the Target THD+N.

Target THD+N
Choose a target distortion and enter the value in the 
Target THD+N field.

Filters
Local high-pass, low-pass and weighting filters are 
available for this measurement. The low-pass and 
high-pass filters, if selected, are applied to the entire 
measured signal and affect all the results. The weight-
ing filter, if selected, affects only the distortion and 
distortion plus noise results. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
Maximum Output on page 455.

See Chapter 109 for more information about units of 
measurement.

Maximum Output: Level

Read the regulated RMS Level for each channel from 
the meter bar display.
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Units
Units available for Maximum Output: RMS Level are

Maximum Output measurements: 
THD+N Level

Read the THD+N Level for each channel from the 
meter bar display.

Units
Units available for Maximum Output: THD+N Level are

Maximum Output measurements: 
THD+N Ratio

Read the THD+N Ratio for each channel from the 
meter bar display.

Units
Units available for Maximum Output: THD+N Ratio are:

Advanced Settings for Maximum 
Output
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
No advanced settings for signal generation
level are available for Maximum Output
(CEA-2006) or Regulated Frequency Sweep
measurements.

Set Channel Assignments (Maximum Output 
measurement)
For special waveforms like Sine Dual, you can set 
channel mapping. By default, channel A audio is 
mapped to odd numbered output channels, channel B 
audio to even numbered output channels. These 
assignments can be remapped by changing individual 
settings in the Sine column, or by selection one of sev-
eral presets from the Set Channel Assignments menu.

Analog Signals Digital Signals

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

Analog Signals Digital Signals

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

• x/y • ppm
• % • dB
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Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Settling tab
Two Settling tabs are available for regulated measure-
ments, Settling (Level) and Settling (THD+N).

See Chapter 103 for more information about Settling 
for regulated measurements.
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Maximum Output (CEA-2006)
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

The Maximum Output (CEA-2006) measurements pro-
vide single-value results that show the DUT output for 
each channel during the burst ON interval, after regu-
lation is performed. Maximum Output (CEA-2006) 
measurements use a tone-burst stimulus signal that is 
adjusted to the level that produces a target distortion 
in a selected channel (regulated). This method is spec-
ified in the standard CEA-2006 “Testing & Measure-
ment Methods for Mobile Audio Amplifiers,” section 
5.2, Dynamic Power testing.

Go to page 567 for more information about regula-
tion, and to page 460 for more information about 
burst measurements.

Maximum Output (CEA-2006) results are
not available in External Source or File Input
configurations.

Maximum Output (CEA-2006) results available in 
APx500 are:

•RMS Level

•THD+N Level

•THD+N Ratio.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Click Start. The generator will output a sine burst to 
the DUT on the selected generator channels at the fre-
quency set in the Signal Generation panel. The gener-
ator is automatically adjusted while the analyzer 

observes the Measured Channel during the burst ON 
interval to achieve the level of distortion you speci-
fied. If another channel exhibits more distortion than 
the channel you initially selected, you can set that 
channel as the Measured Channel and run the mea-
surement again.

Generator
Signal
By default, the Maximum Output (CEA-2006) measure-
ment uses a 1 kHz CEA-2006/490A sine burst as the 
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test signal. You can optionally select a 50 Hz CEA-
2006/490A sine burst as the test signal.

Start Level
The Start Level is the first generator setting where a 
measurement is made. If it is lower than the Stop 
Level, then it is also the lowest generator setting 
where the measurement is made. If it is higher than 
the Stop Level, then it is the highest generator setting 
where the measurement is made.

The regulation search proceeds from Start
Level to Stop Level; your choices for these
values determine the direction (up or down)
of the search.

Stop Level
If the Stop Level is higher than the Start Level, then 
the Stop Level is the highest generator setting where a 
measurement is made. If the Stop Level is lower than 
the Start Level, then the Stop Level is the lowest gen-
erator setting where a measurement is made. The 
Stop Level is also the last generator setting where a 
measurement is made in the initial search for an inter-
val containing a measured value of the type that is 
sought.

The higher of Start Level or Stop Level also
serves to limit the maximum APx generator
output, protecting your DUT.

Initial Steps
Initial Steps sets the number of intervals dividing the 
generator level range between Start Level and Stop 
Level. The default setting is 2. Depending upon the 
parameter to be regulated and characteristics of the 
DUT, greater values may provide better performance.

Offset
Set an optional DC offset voltage here.

Analyzer
Measured Channel
Choose a channel to measure for the Target THD+N.

Target THD+N
Choose a target distortion and enter the value in the 
Target THD+N field.

Filters
Local high-pass, low-pass and weighting filters are 
available for this measurement. The low-pass and 
high-pass filters, if selected, are applied to the entire 
measured signal and affect all the results. The weight-
ing filter, if selected, affects only the distortion and 
distortion plus noise results. See Measurement Fil-

ters on page 733 for detailed information about the fil-
ters available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
Burst Measurements on page 459.

See Chapter 109 for more information about units of 
measurement.

Maximum Output (CEA-2006): Level

Read the RMS Level for each channel from the meter 
bar display.

Units
Units available for Maximum Output (CEA-2006): RMS 
Level are

Analog Signals Digital Signals

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Maximum Output (CEA-2006): THD+N 
Level

Read the THD+N Level for each channel from the 
meter bar display.

Units
Units available for Maximum Output (CEA-2006): 
THD+N Level are

Maximum Output (CEA-2006): THD+N 
Ratio

Read the THD+N Ratio for each channel from the 
meter bar display.

Units
Units available for Maximum Output (CEA-2006): 
THD+N Ratio are:

•x/y

•%

•ppm

•dB

Advanced Settings for Burst Mea-
surements
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
There are no advanced settings for signal generation 
for regulated burst measurements.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
Maximum Output (CEA-2006) uses a modified auto-
ranging process to find the correct input range.

The burst measurement acquisition begins in the mini-
mum range and moves up from there if necessary. You 
can specify a higher range by entering the value in the 
Minimum Range field.

The regulation algorithm moves the range upward if 
necessary while searching for the target distortion.

If your Maximum Output (CEA-2006) measurement is 
a step in an automated sequence that you would like 
to run as fast as possible, you can optimize the speed 
of the ranging process by setting the minimum range 
to the correct range for the measurement.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 

Analog Signals Digital Signals

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

No settling is available for Maximum Out-
put (CEA-2006) results.

More about burst measurements
“Tone bursts” have been used for many years as stim-
ulus signals for audio testing.

A burst signal is usually a sine wave that is switched 
between two levels (that is, modulated by a square 
wave), with the higher level typically 100% of the set 
generator amplitude and the lower level typically 10% 
(–20 dB). The “duty cycle” of the burst is usually less 
than 50% (the “on” time is less than the “off” time). 
Well-formed tone burst signals will have an integer 
number of sine cycles in the burst, and the beginning 
and end of the burst will be zero-crossing.

Tone Burst Diagram

Other common burst signals include “shaped bursts” 
(sine waves modulated by a wave shape other than a 
square wave).

Burst signals for CEA-2006 in APx500
The burst signals in APx500 are designed to satisfy 
the requirements of the standard CEA-2006 “Testing 
& Measurement Methods for Mobile Audio Amplifi-
ers,” section 5.2, Dynamic Power testing.

Two signals are specified in the standard: for full-
range amplifiers, the signal shall be a repetition of a 
burst of 20 cycles of a 1 kHz sine wave at 100%, fol-
lowed by 480 cycles of 1 kHz at 10% (–20 dB). For lim-
ited-range amplifiers (subwoofer amplifiers), the signal 
shall be a repetition of a burst of 10 cycles of a 50 Hz 
sine wave at 100%, followed by 20 cycles of 50 Hz at 
10% (–20 dB).

APx500 provides both these stimulus signals in the 
Max Output (Burst) measurement result.

Analyzing burst signals in APx500
The first few cycles of the burst are ignored to mini-
mize spurious results caused by initial transients. For 
the 1 kHz burst, the first 9 cycles are ignored and the 
last 11 cycles are analyzed. For the 50 Hz burst, the 
first 2 cycles are ignored and the last 8 cycles are ana-
lyzed. Any delay in the DUT is automatically taken into 
account.

INTERVAL

BURST ON

LOW LEVEL

GENERATOR
AMPLITUDE
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Measurement Recorder
(Sequence Mode)

The Measurement Recorder is a general-purpose diag-
nostic tool that provides a record of level, gain, inter-
channel phase, THD+N ratio or level, DC level, 
frequency, or SINAD versus elapsed time. The record 
can be very long (up to one week), providing a means 
of monitoring the output of a device under test over an 
extended period of time.

The Measurement Recorder does not require a spe-
cific test signal. It can be used with any audio signal 
within the input range of the analyzer.

Measurement Recorder results available in APx500 
are:

Gain is not available in external source con-
figuration, or if a square wave, a generator
waveform or File Input has been selected
for the measurement.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7) to select and configure inputs 
and outputs, references and other settings.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox and a Notes field for 
each data set. See page 766 for more information 
about managing Data Sets.

Running the measurement
To use Measurement Recorder: Level, click Start. The 
generator will output the test signal to the DUT on the 
selected generator channels. The measurement 
recording will begin and the graph will display as the 

•RMS Level •THD Ratio •DC Level
•Gain •THD Level •Peak Level
•Phase •SINAD •Average Jitter 

Level
•THD+N Ratio •Bandpass Level
•THD+N Level •Frequency
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record is acquired. The record will continue until the 
end time set in Sweep Time.

Note: For digital inputs, sample rate must
b e  s t a b le  b e fo r e  t h e  Me a s ur e me n t
Recorder begins. When playing a digital
external source (such as a DVD), we advise
that you start the playback device first, then
click the measurement Start button.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. See Signal Generation (Chapter 6) for 
detailed information about the using the APx Genera-
tor and setting Waveform, Level and Frequency.

Loop Waveform
Most of the operation when using a Generator Wave-
form is described in Chapter 6. Measurement 
Recorder has an additional control in this mode. By 
default, generator waveforms are looped in the gener-
ator, providing a continuous generator output. If Loop 
Waveform is unchecked, the generator waveform is 
played once, and then ends.

Analyzer
Sweep Time
Sweep Time sets the length of the measurement 
record. Minimum time is 0.1 s, maximum time is 7 
days.

Enter the Sweep Time following this pattern: 

                                d:hh:mm:ss.s

where d = days, hh = hours, mm = minutes, ss = sec-
onds. Days and fractional seconds are optional.

Reading Rate
Reading Rate sets a maximum number of times the 
input signal will be read per second. In most cases the 
number of readings will be very close to this value. 
However, the rate is dependent upon PC performance 
and channel count, and may be lower. See More About 
Reading Rate on page 469.

Filtering
Local high-pass, low-pass and weighting filters are 
available for this measurement. The low-pass and 
high-pass filters, if selected, are applied to the entire 
measured signal and affect all the results. The weight-
ing filter, if selected, affects only the distortion and 
distortion plus noise results. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Notch Tuning Mode
For the harmonic distortion results, a tunable notch fil-
ter is used to remove the fundamental from the mea-
surement. The filter can be tuned to:

•Generator Frequency 
The current APx audio generator frequency. When 
the generator channels are outputting different 
frequencies (Split Frequency generation), the 
notch filter center is set to Frequency A. This mode 
is not available when using a generator waveform 
file.

•Jitter Generator Frequency 
The current APx jitter generator frequency, when 
jitter generation is available and enabled. Read 
more about jitter beginning on page 104.

•Measured Frequency 
The current measured frequency. When the ana-
lyzer channels are receiving different frequencies, 
the notch filter for each channel is centered on the 
frequency in that channel.

•Fixed Frequency 
A fixed frequency selected by the user. When Fixed 
Frequency is selected, a Filter Frequency entry 
field becomes available beneath the Notch Tuning 
Mode control.

Phase Reference Channels
There is a phase reference channel selector for each 
configured input. This selection is only relevant to the 
Measurement Recorder: Phase measurement. See 
page 464.

BP Selectivity
This control only affects the Bandpass Level result.

For the Bandpass Level result, you can choose from a 
number of bandpass filter widths using the BP Selec-
tivity control. The list is ordered from narrowest at the 
top, to widest at the bottom. The Window Width and x 
Octave filters are tuned according to the BP Tune 
Mode setting.

•Window width
This is the window width of the underlying FFT, typ-
ically only a few hertz wide. This selection has very 
steep skirts and a flat top.
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•1/24 octave
This selection has –3 dB points that are 1/24 
octave apart.

•1/12 octave
This selection has –3 dB points that are 1/12 
octave apart.

•1/9 octave
This selection has –3 dB points that are 1/9 
octave apart.

•1/6 octave
This selection has –3 dB points that are 1/6 
octave apart.

•1/3 octave
This selection has –3 dB points that are 1/3 
octave apart.

•1 octave
This selection has –3 dB points that are 1 octave 
apart.

All of the “x octave” filters are equivalent to
second-order analog bandpass filters, with
6 dB/octave skirts. Q is chosen to achieve
the specif ied bandwidth at the –3 dB
points.

BP Min Freq: / BP Max Freq:
When Rectangular Band is the BP Selectivity choice, 
these fields become available for lower and upper fre-
quency cutoff point entry.

BP Tune Mode
This control only affects the Bandpass Level result.

The bandpass Window width and x octave filters are 
centered at some user-defined frequency for each 
step of the measurement. This can be:

•Generator Frequency 
The current APx audio generator frequency. When 
the generator channels are outputting different 
frequencies (Split Frequency generation), the 
bandpass filter center is set to Frequency A.

•Jitter Generator Frequency 
The current APx jitter generator frequency, when 
jitter generation is available and enabled. Read 
more about jitter beginning on page 104.

•Measured Frequency 
The current measured frequency. When the ana-
lyzer channels are receiving different frequencies, 
the notch filter for each channel is centered on the 
frequency in that channel.

•Fixed Frequency 
A fixed frequency selected by the user. When Fixed 
Frequency is selected, a Filter Frequency entry 
field becomes available beneath the BP Tune 
Mode control.

Save to File
Click this option to save the acquired audio to a file on 
disk. See Recording Audio to a File on page 467.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
see Advanced Settings for the Measurement Recorder 
on page 470. See Chapter 109 for more information 
about units of measurement.

RMS Level
The Measurement Recorder: RMS Level result will pro-
vide a record of RMS level versus elapsed time for any 
audio signal. The illustration shows a 20-second 
record of a 10 kHz sine wave on two channels, with a 
10 kHz EQ control adjusted from about –20 dB to 
about +12 dB during the course of the recording.

Units
Units available for RMS Level are:

Gain
The Measurement Recorder: Gain measurement 
result will provide a record of gain versus elapsed time 
for any audio signal. The illustration shows a 20-sec-
ond record of a 10 kHz sine wave on two channels, 

X-axis Y-axis (analog) Y-axis (digital) Jitter

•s •Vrms •dBFS •UI
•dBV •FS •dBUI
•dBu •%FS •s
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm •D
•W (watts)
•V
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with a 10 kHz EQ control adjusted from about –20 dB 
to about +12 dB during the course of the recording.

Units
Units available for: Gain are:

Phase
The Measurement Recorder: Phase measurement 
result will provide a record of relative phase of the 
DUT channels at a single frequency. One channel on 
each configured input is chosen as the phase refer-
ence channel, and the remaining channels on each 
input are measured against it. The illustration shows a 
20-second record of a 10 kHz sine wave on two chan-
nels, with a 10 kHz EQ control adjusted from about –
20 dB to about +12 dB during the course of the 
recording. For more information about phase, see 
page 408. 

Units
Units available for Phase are:

THD+N Ratio

The Measurement Recorder: THD+N Ratio measure-
ment result provides a record of the THD+N ratio ver-
sus elapsed time for any audio signal. The illustration 
shows a 20-second record of a 10 kHz sine wave on 
two channels, with a 10 kHz EQ control adjusted from 
about –20 dB to about +12 dB during the course of 
the recording. 

Units
Units available for THD+N Ratio are:

THD+N Level

The Measurement Recorder: THD+N Level measure-
ment result provides a record of THD+N level versus 

X-axis
Y-axis (same- 
domain)

Y-axis (cross-
domain)

•s •x/y •FS/Vrms
•% •dB(FS/Vrms)
•ppm or
•dB •Vrms/FS

•dB(Vrms/FS)

X-axis Y-axis

•s •deg
•rad

X-axis Y-axis

•s •x/y
•%
•ppm
•dB
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elapsed time for any audio signal. The illustration 
shows a 20-second record of a 10 kHz sine wave on 
two channels, with a 10 kHz EQ control adjusted from 
about –20 dB to about +12 dB during the course of 
the recording. 

Units
Units available for THD+N Level are:

THD Ratio

The Measurement Recorder: THD Ratio measurement 
result provides a record of the THD ratio versus 
elapsed time for any audio signal. The illustration 
shows a 20-second record of a 10 kHz sine wave on 
two channels, with a 10 kHz EQ control adjusted from 
about –20 dB to about +12 dB during the course of 
the recording. 

Units
Units available for THD Ratio are:

THD Level

The Measurement Recorder: THD Level measurement 
result provides a record of THD level versus elapsed 
time for any audio signal. The illustration shows a 20-
second record of a 10 kHz sine wave on two chan-
nels, with a 10 kHz EQ control adjusted from about 
–20 dB to about +12 dB during the course of the 
recording. 

Units
Units available for THD Level are:

SINAD

The Measurement Recorder: SINAD measurement 
result provides a record of the SINAD ratio versus 
elapsed time for any audio signal. The illustration 

X-axis Y-axis (analog) Y-axis (digital) Jitter

•s •Vrms •dBFS •UI
•dBV •FS •dBUI
•dBu •%FS •s
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm •D
•W (watts)
•V

X-axis Y-axis

•s •x/y
•%
•ppm
•dB

X-axis Y-axis (analog) Y-axis (digital) Jitter

•s •Vrms •dBFS •UI
•dBV •FS •dBUI
•dBu •%FS •s
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm •D
•W (watts)
•V
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shows a 20-second record of a 10 kHz sine wave on 
two channels, with a 10 kHz EQ control adjusted from 
about –20 dB to about +12 dB during the course of 
the recording.

Units
Units available for SINAD are:

Bandpass Level

The Bandpass Level measurement result provides a 
record of the Bandpass Level versus elapsed time for 
any audio signal. The illustration shows a 20-second 
record of a 10 kHz sine wave on two channels, with a 
10 kHz EQ control adjusted from about –20 dB to 
about +12 dB during the course of the recording.

Units
Units available for Bandpass Level are:

Frequency
The Measurement Recorder: Frequency measure-
ment result will provide a record of frequency versus 
elapsed time for any audio signal. The illustration 

shows a 20-second record of a 10 kHz sine wave on 
two channels, with a 10 kHz EQ control adjusted from 
about –20 dB to about +12 dB during the course of 
the recording. 

Units
Units available for Frequency are:

DC Level

The DC Level result is not available when
the input is AC coupled.

The Measurement Recorder: DC Level measurement 
result will provide a record of DC level versus elapsed 
time for any signal. The Measurement Recorder does 
not require a specific test signal. It can be used with 
any audio signal within the input range of the analyzer.

Note: Although the Measurement Recorder
result includes Generator and Filter con-
trols, the DC Level measurement incorpo-
rates a very tight low-pass filter that rejects
any audio signal and makes the analysis fil-

X-axis Y-axis

•s •x/y
•dB

X-axis Y-axis (analog) Y-axis (digital) Jitter

•s •Vrms •dBFS •UI
•dBV •FS •dBUI
•dBu •%FS •s
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm •D
•W (watts)
•V

X-axis Y-axis

•s •Hz
•dHz
•F/R
•%Hz
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ters irrelevant. Measurement Recorder: DC
Level measurements will return the same
results whether or not there is an audio sig-
nal in the DUT, or whether or not there is fil-
tering applied. 

Go to page 338 for more information about DC Level.

Units
Units available for DC Level are:

Peak Level

The Measurement Recorder: Peak Level result uses a 
sine wave stimulus signal that is moved across a 
range of levels in a series of points. X axis is genera-
tor level; Y axis is the bandpass filtered DUT output 
level, scaled in peak units.

Units
Units available for Peak Level are:

Average Jitter Level

The Measurement Recorder: Average Jitter Level 
result uses a sine wave stimulus signal that is moved 
across a range of levels in a series of points. X axis is 
generator level; Y axis is the bandpass filtered DUT 
output jitter level, scaled in average units.

Units
Units available for Average Jitter Level are:

Recording Audio to a File
The Measurement Recorder and the Noise Recorder 
can optionally record acquired audio to a file on disk.

Note: APx timing constraints will sometimes
cause a timeout error when saving to a net-
work folder or a removable disk. We recom-
mend saving audio files to a local disk.

On the Measurement or Noise Recorder panel, check 
the Save to File checkbox. Click File Settings to spec-
ify the file name, location and file format.

Save to File is not available when Input Con-
figuration is set to File (Analog Units) or File
(Digital Units).

X-axis Y-axis (analog) Y-axis (digital)

•s (seconds) •V •D
•hex

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •V •D
•Vp •FS
•Vpp •%FS
•dBV •dBrG
•dBu Y-axis (jitter)

•dBrG •UI
•dBm •dBUI
•W (watts) •s

X-axis (analog) X-axis (digital) Y-axis (jitter)

•Vrms •dBFS •UI
•Vp •FS •dBUI
•Vpp •%FS •s
•dBV •dBrG
•dBu
•dBrG
•dBm
•W (watts)
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Save Acquisition to File Settings dialog

Location
Enter or browse to the destination folder here.

Name
Name the output file here. Choose from one of these 
selections:

•If file exists, replace it

•If file exists, append timestamp to the file name

When more than one input is configured, the connec-
tor name is appended to the file name. If the acquisi-
tion is saved with one channel embedded per file 
(Multiple Mono PCM format), then multiple files are 
created for each input. 

Format
Choose the file format in the Format field. 

For both analog inputs and digital acquisitions, there 
are three linear file formats available:

Multiple Mono PCM (.wav)
If Multiple Mono PCM (.wav) (the default) is selected, 
each audio channel of the acquisition is saved as an 
individual monaural WAV file, using the Microsoft 
WAVE_FORMAT_PCM (Type 1, 24 bit) file format. For 
multichannel audio of channel count n, n mono WAV 
files are created, with the numeral n appended to the 
file name.

Multi-channel PCM (.wav)
If Multi-channel PCM (.wav) is selected, all the audio 
channels of the acquisition are saved in one multi-
channel file, using the WAVE_FORMAT_PCM format. 
For 1 channel and 2 channel acquisitions, this selec-
tion records a standard WAVE_FORMAT_PCM (Type 1, 
24 bit). For multichannel acquisitions, this selection 
records a multichannel WAVE_FORMAT_PCM file in a 
proprietary 24-bit format, compatible with Sony Sound 
Forge and other audio editing applications. 

Extensible Multi-channel PCM (.wav)
If Save as Extensible Multi-channel PCM (.wav) is 
selected, all the audio channels of the acquisition are 
saved in one multichannel file, using the Microsoft 
standard WAVE_FORMAT_EXTENSIBLE format, at 24 
bits.

32-bit audio
The DSIO receiver will accept 32-bit audio. In such a 
case, the audio can be saved in any of the above for-
mats, but the bit depth will be 32 bit fixed point.

Bit Depth
This field is available for analog and digital acquisi-
tions. The default setting is Auto. Bit Depth (word 
length) for analog acquisitions is 24 bits when Auto is 
selected. You can also select 16 bits. For digital acqui-
sitions, the digital stream will be saved at the bit 
depth of the input stream.

Analog scaling and sample rates
When recording an analog acquisition, proprietary 
scaling metadata is embedded in the WAV file. The 
scaling factor relates the analog voltage to the digital 
level (Vrms/FS), and is used for scaling the display of 
values when using the APx500 file input configura-
tion, or the MATLAB script apx_read_wave.

For analog acquisitions, the sample rate is set to be 
the same as the sample rate determined by the ana-
lyzer input configuration analog bandwidth setting, set 
in Signal Path Setup, as follows:

Input bandwidths beyond 90 kHz require the BW52 
Option; 1 MHz bandwidth requires input set to 1 chan-
nel.

The sample rate can be changed in the Advanced Set-
tings dialog.

Duration for linear recordings
Windows WAV files are limited to 4 GB in size. For 24-
bit stereo WAV files, this is approximately 1 hour at 
192 kHz. Mono files and files with lower sample rates 
or bit depths can have longer durations. For longer 
recordings, APx automatically creates a sequential file 
(or a set of sequential files) providing a very long 
recording capability without loss of any data.

Note: The sequential file feature for very
long recordings is resource-intensive, and
requires a high performance level in terms
of PC CPU and hard disk speed, beyond the
minimum recommended computer required
to run APx500.

Bandwidth Sample Rate
•20 kHz •44.1 kS/s
•22 kHz •48 kS/s
•45 kHz •96 kS/s
•90 kHz •192 kS/s
•250 kHz •624 kS/s
•500 kHz •1.248 MS/s
•1 MHz •2.496 MS/s
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Filtering
The Filtering set on the Measurement Recorder/Noise 
Recorder panel is applied to the measurement, but 
the audio is recorded without filtering. AC/DC cou-
pling settings apply, however.

Bit depth and sample rate for digital 
acquisitions
For digital acquisitions, the record sample rate and bit 
depth are set to match that of the incoming digital sig-
nal.

Coded formats available for Measure-
ment Recorder digital acquisitions
Coded audio formats are only available as Save to File 
selections for digital acquisitions in Measurement 
Recorder.

Coded audio (typically multichannel Dolby or DTS sur-
round sound, coded in an IEC61937 bitstream) is 
saved in the incoming format. Only coded formats cur-
rently supported by the APx waveform generator are 
supported by Save to File. When connected to the 
HDMI Sink input, recordings cannot be made if HDCP 
is enabled at the playback device. See Compare 
Encoded Bitstream to Reference in Chapter 33 to eval-
uate bitstreams acquired with HDCP enabled. 

First, select the expected coded format from the list:

•Dolby Digital (.ac3)

•Dolby Digital + (.ec3)

•DTS 5.1 Compact (.cpt)

•DTS 5.1 (.dts)

•DTS-HD (.cpt)

•Dolby TrueHD (.mlp)

When you click Start, Measurement Recorder waits 
until the selected coded bitstream is detected, and 
then begins analysis and saves the coded audio to the 
named file.

This pause accommodates DUTs such as Blu-ray Disc 
players, which often output PCM audio while idling 
between tracks.

If you choose

•Auto Detect Encoded

Measurement Recorder waits until the any of the 
listed coded bitstreams is detected before analyzing 
and saving.

Alternatively, you can select

•Raw Encoded Bitstream (.bin)

This saves the raw digital output of the receiver chip 
as a binary file for analysis using third-party software 
tools.

Duration for coded recordings
Coded file length is limited only by computer storage 
capacity, to the maximum duration of the Measure-
ment Recorder acquisition of 7 days. Hundreds of 
gigabytes of storage are necessary for extended times.

Filtering
Coded waveforms are saved without any processing or 
modification.

More about Reading Rate
A reading is taken at the beginning of the record and 
at (approximately) the reading rate throughout the 
record. The final reading is taken at the reading 
instant that equals or exceeds the sweep end time.

The reading rate also has an effect on analyzer perfor-
mance at low frequencies. Each reading rate has a 
low-frequency point below which analyzer perfor-
mance falls off. THD+N performance degrades rapidly 
below this point, with level accuracy degrading a little 
more slowly.

Measurement Recorder and Noise Recorder accuracy 
limits, by reading rate and frequency:

•at 20/sec > 60 Hz

•at 10/sec > 30 Hz

•at 5/sec > 15 Hz

•at 3/sec > 9 Hz

•at 2/sec > 6 Hz

•at 1/sec > 3 Hz

•at 0.5/sec > 1.5 Hz

•at 0.2/sec > 0.6 Hz

•at 0.1/sec > 0.3 Hz
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Advanced Settings for Measure-
ment Recorder
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
You can set different output levels or DC offsets for 
each channel here.

If Levels Track Ch1 is checked (the default), the gen-
erator output level and DC offset values for channel 1 
are copied to the other channels, and values for chan-
nels greater than 1 cannot be edited. Any changes 
made to channel 1 are reproduced in the other chan-
nels.

To set individual generator output channel levels or 
offsets, uncheck the Levels Track Ch1 checkbox and 
enter values in the output channel Level or Offset 
fields.

Set Channel Assignments for special waveforms
For special waveforms like Sine Dual, you can specify 
the channel assignment.

Set Channel Assignments for generator wave-
forms
For stereo or multichannel generator waveform files, 
you can set channel mapping. By default, channel 1 
audio is mapped to channel 1 output, channel 2 to 
channel 2, and so on. If the number of channels in the 
waveform file is less than the number of output chan-
nels, the waveform channels resume numbering at 1 
and wrap to the next available output channel. These 
assignments can be remapped by changing individual 
settings in the Wave Ch column, or by selection one of 

several presets from the Set Channel Assignments 
menu.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.
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Bandwidth (Sample Rate)
This control is only available when the ana-
lyzer input configuration is set to Analog. 

The Bandwidth (Sample Rate) control allows you to 
override the analog input bandwidth setting in Signal 
Path Setup. The input bandwidth set here operates 
only on the Measurement Recorder.

Certain applications that may use the files created 
here require files of specific sample rate. An example 
would be the recording of perceptual evaluation sig-
nals, which are often required to be at 8 kHz or 16 
kHz sample rate. For analog inputs, the default sam-
ple rate of a recorded file is determined by the input 
bandwidth setting, normally set in Signal Path Setup. 
This control allows selection of other bandwidths/
sample rates. The analog input bandwidth (sample 
rate) settings, whether made here or in Signal Path 
Setup, result in channel-count constraints at high 
sample rates.

The bandwidth choices, followed by their correspond-
ing sample rates, are:

•2.75 kHz (6 kS/s)

•3.5 kHz (8 kS/s)

•5.5 kHz (12 kS/s)

•7 kHz (16 kS/s)

•11 kHz (24 kS/s)

•20 kHz (44.1 kS/s)

•22 kHz (48 kS/s)

•40 kHz (88.2 kS/s)

•45 kHz (96 kS/s)

•80 kHz (176.4 kS/s)

•90 kHz (192 kS/s)

•250 kHz (624 kS/s) (requires the BW52 Option)

•500 kHz (1.248 MS/s) (requires the BW52 Option)

•1 MHz (2.496 MS/s) (requires the BW52 Option, 
set to 1 channel)

•Use Signal Path (the default)

Note that recording files with bandwidths of
250 kHz or greater (with the BW52 Option
at sample rates at or  above 624 kHz)
requires a very fast PC and hard disk, due
to the high data rates. Slower systems can
suffer recording interruptions and failure.  
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66

Metadata Recorder
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

The Metadata Recorder measurement records the 
state of selected metadata settings in the incoming 
digital audio signal. If one of the selected settings 
changes state during the acquisition, the transition 
instant and the new state are recorded and displayed.

This measurement is only available when
the input is set to digital unbalanced, digi-
tal balanced, digital optical, or HDMI.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. See APx Generator Waveforms and Con-
trols for detailed information about the using the APx 
Generator and setting Waveform, Level and Fre-
quency.

Alternatively, you can make open-loop measurements, 
using either the External Source or File Input configu-
ration. 

Linear waveforms
Since the Metadata Recorder only reads metadata 
information, the audio in the transport stream is 
largely irrelevant. Chose the internal generator or a lin-
ear generator waveform. For a closed-loop test, you 
can set the metadata for the transport stream in Sig-
nal Path Setup > Output Configuration > Digital 

[Unbalanced] [Balanced] [Optical] [HDMI] > Settings > 
Status/User Bits or Audio InfoFrame. 

Coded waveforms
For a coded waveform, you must choose a generator 
waveform of a coded type, such as AC3 or DTS. The 
coding metadata is embedded in the waveform file, 
and the transport stream Validity bit is set (indicating 
not linear audio). You can set other metadata for the 
transport stream as discussed above.

Analyzer
Acquiring the metadata
Set Sweep Time for the duration you would like to dis-
play in the log. The default is 10 s. Click Start. The ini-
tial state of each metadata field is displayed by a 
labeled bar. If a field changes state, a transition is 
indicated, and the label after the transition indicates 
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the new state. The transition is marked with a time 
stamp referenced to the beginning of the sweep.

The X-axis of the Metadata Recorder is labeled in sec-
onds, but the scale does not represent a linear flow of 
time. Instead, (when X-Axis Range is set to Auto) the 
total time of the sweep is shown across the breadth of 
the graph, and the graph is divided into segments left 
to right that correspond to the number of transitions. 
Each segment is marked with the instant of transition.

Select Fields (in the Results display)
You can choose up to sixteen metadata fields for dis-
play. Click Select Fields to open the selection dialog.

In a New Project, the default fields are

•Lock Status

•Measured Sample Rate

•IEC61937 data-type

•Application(A) [Status Bits]

•Audio Mode(A) [Status Bits]

•Category Code(A) [Status Bits]

•Sampling Frequency(A) [Status Bits]

•Word Length(A) [Status Bits]

Adding fields
Click Select Fields... to open the selection dialog.

Open a branch in the tree in the left panel and select 
a metadata field. In the right panel, select the row in 
which you would like the data to be displayed. Click 
the Select>> button to assign the field to the display. 
For Status Bits, choose the Select A>> or Select B>> 
button for the subframe you want to display, A or B.

A default color is assigned to each row. Click the 
browser button at the right of the row to change the 
display color for that row.

You can remove an entry by clicking the Delete button 
at the top of the right panel. Use the Up and Down 
arrows to change the order of the fields.

Abbreviations used in the Metadata 
Recorder display
“SB” stands for status bits. “(A)” and “(B)” refer to the 
status bits subframe designation. “HD” stands for 
HDMI.

Metadata Recorder results

The initial state of each metadata field is displayed by 
a labeled bar. If a field changes state, a transition is 
indicated, and the label after the transition indicates 
the new state. The transition is marked with a time 
stamp referenced to the beginning of the sweep.

The X-axis of the Metadata Recorder is labeled in sec-
onds, but the scale does not represent a linear flow of 
time. Instead, (when X-Axis Range is set to Auto) the 
total time of the sweep is shown across the breadth of 
the graph, and the graph is divided into segments left 
to right that correspond to the number of transitions. 
Each segment is marked with the instant of transition.

Units
Units available for Metadata Recorder are

•s

See Chapter 109 for more information about units of 
measurement.

More About Audio Metadata
Note:  for  th is  top ic ,  the designat ion
“IEC60958” represents all the largely com-
patible audio transport streams, including
AES/EBU, AES3, S/PDIF, SMPTE 276M and
so on.

Metadata has been defined as “data about other 
data.” Some digital audio files and digital transport 
streams carry metadata that describe aspects of the 
stream and the audio content.
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Transport streams and metadata
IEC60958

This industry standard transport stream carries audio 
samples, embedded clock and metadata. For each 
subframe (or channel) of audio, there is a synchroniz-
ing/identification Preamble, followed by audio data, 
followed by a Validity Bit, a User Bit, a Channel Status 
Bit (normally just called a Status Bit) and a Parity Bit. 
The User Bits and Status Bits are collected over 192 
frames, providing metadata in the form of a block of 
384 user bits and Subframe A and Subframe B blocks 
of 192 channel status bits.

Coded audio streams
Low-bit rate coded audio such as Dolby Digital (AC3) 
and DTS Digital Surround can be embedded in the 
IEC60958 transport stream as defined in the stan-
dard IEC61937. In such cases, the Validity Bit is set, 
indicating a non-PCM signal. Additionally, the embed-
ded IEC61937 audio carries its own metadata, spe-
cific to the coding format.

HDMI: Stream metadata
The HDMI transport stream carries a great deal of 
data and metadata. Although in audio test and mea-
surement we are not concerned with much of the 
HDMI signal, the video formats and high-level stream 
metadata do affect a receiver’s ability to correctly 
accept embedded audio, and these metadata set-
tings and readings are exposed in APx500.

HDMI: Audio InfoFrame
HDMI carries metadata in InfoFrames, and APx500 
can set and read Audio InfoFrame data.

Embedded audio stream metadata
Although audio on HDMI is packetized and multi-
plexed into a high-bit rate video stream, the format of 
the audio mimics IEC60958 audio and includes user 
bits, status bits and metadata related to coded audio.

EDID
HDMI also carries EDID, which is not directly related to 
the audio but affects how a downstream device may 
react to the transport stream.

HDCP
HDMI streams are often encrypted using HDCP 
encryption, indicated by a metadata flag.

Audio streams that do not include metadata
Analog audio does not carry any digital metadata. 
Also, pure PCM sampled audio data is simply a pulse 
train of samples, and does not carry any metadata. 
I2S, TDM and other chip-level protocols are of this 
type; thus, the signals passing in or out of the DSIO 
ports have no metadata.

Audio files and metadata
Linear files

Generally speaking, linear audio files such as WAV 
files do not contain metadata. There are housekeep-
ing data that all files contain so that the computer can 
work with the files, but not metadata about the audio 
content.

That being said, there are variants on WAV files that 
contain channel allocation information or specialized 
broadcast production information. It is even possible 
to package coded audio with its attendant metadata 
in a WAV file. But common WAV files, and the WAV lin-
ear test signals we provide, do not carry metadata.

When such a file is routed out through a transport 
stream transmitter (e.g., IEC60958 or HDMI) meta-
data is added by the transmitter.

Coded audio files
Coded audio files such as AC3, DTS, MLP and DTSHD 
contain the proprietary metadata for the coding for-
mat. When such a file is routed out through a trans-
port stream transmitter (e.g. IEC60958 or HDMI), the 
coding metadata is maintained as embedded 
IEC61937 metadata, and transport stream metadata 
is added by the transmitter.

IEC60958 Status Bits and User 
Bits
Overview
The family of digital interface formats variously known 
as IEC60958, AES3, AES/EBU, S/PDIF, and SMPTE 
276M share a common history of development by 
standards committees made up of audio experts from 
around the world. The formats are, for the most part, 
compatible. The primary differences are in the physi-
cal interface and in the use and interpretation of 
channel status bits.

In practice, if the physical interfaces are compatible 
and the sample rate and bit depth are supported, a 
signal transmitted conforming to any of these stan-
dards will almost always be converted to audio in a 
receiving device.

Status Bits
The channel status information is carried in the Sta-
tus Bits. Apart from the first two bits, the meaning of 
the bits is defined differently for the consumer and 
professional formats. See the tables at the end of this 
chapter.

User Bits
The user bit can be used to carry user-specific infor-
mation.
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Status bits and user bits over HDMI
Although the physical layer of the high-speed, pack-
eted transport signal of HDMI is completely incompati-
ble with any of the above interfaces, nonetheless the 
supported audio protocols at the input or output of 
HDMI transmitters or receivers are compliant with 
IEC60958 and the coded audio layer IEC61937. Chan-
nel status bits and user bits are supported within the 
audio streams carried by HDMI. The default for HDMI 
is the consumer application.

HDMI and HDMI Audio InfoFrame
Overview
The HDMI transport stream carries a great deal of 
information, including video data, audio data and 
extensive metadata, including several types of 
InfoFrames that describe various aspects of the data 
in the transport stream.

Of interest in audio test and supported in APx500 is 
the Audio InfoFrame, which contains information 
about the audio format, with additional channel allo-
cation and downmix information for linear PCM audio.

“Refer to Stream Header”
Note that the CEA-861-D standard that defines Audio 
InfoFrame supports HDMI, but also other transport 
streams. Some fields of the Audio InfoFrame are con-
sidered redundant in the HDMI application and are 
required to be set to 0, “Refer to Stream Header”. 
“Stream Header” indicates the IEC60958 channel sta-
tus bits and, for coded streams, the IEC61937 burst 
info data.

Audio InfoFrame fields
Coding Type (CT)

In HDMI use, audio Coding Type is considered redun-
dant and is required to be set to 0 (“Refer to Stream 
Header”). For testing purposes, APx500 can ignore 
this requirement and transmit audio Coding Type indi-
cators at any supported setting. Coding Type and 
Channel Count share Data Byte 1.

Channel Count (CC)
Audio channel count can be set to 0 (“Refer to Stream 
Header”), or to 2–8 channels for multichannel linear 
PCM use. For testing purposes, APx500 can transmit 
channel count indicators at any supported setting. 
Coding Type and Channel Count share Data Byte 1.

Sampling Frequency (SF)
In HDMI use, audio sampling frequency is considered 
redundant and is required to be set to 0 (“Refer to 
Stream Header”). For testing purposes, APx500 can 
ignore this requirement and transmit sampling fre-
quency indicators at any supported setting. Sampling 
Frequency and Sample Size share Data Byte 2.

Sample Size (SS)
In HDMI use, audio sample size is considered redun-
dant and is required to be set to 0 (“Refer to Stream 
Header”). For testing purposes, APx500 can ignore 
this requirement and transmit sample size indicators 
at any supported setting. Sampling Frequency and 
Sample Size share Data Byte 2.

Speaker Allocation (CA)
The speaker allocation field is provided for Layout 1 
multichannel LPCM streams, which do not carry 
speaker data. Metadata is embedded in the HDMI sig-
nal indicating the desired mapping of channels 1–8 to 
one of 32 loudspeaker arrangements. For testing pur-
poses, APx500 can transmit speaker allocation data 
at any supported setting. Speaker Allocation is carried 
in Data Byte 4.

Level Shift Value (LSV)
The level shift field is provided for multichannel linear 
PCM streams, which do not carry downmix data. For 
testing purposes, APx500 can transmit level shift data 
at any supported value. Level Shift Value and Down-
mix share Data Byte 5.

Downmix (DM)
The downmix inhibit field is provided for multichannel 
linear PCM streams, which do not carry downmix data. 
For testing purposes, APx500 can transmit downmix 
permitted (0) or prohibited (1). Level Shift Value and 
Downmix share Data Byte 5.

In APx500, outgoing Audio InfoFrame metadata can 
be set in the HDMI Output Settings dialog; see page 
167. Incoming Audio InfoFrame metadata can be read 
in the Metadata Monitor: HDMI; see page 67.
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Metadata tables
Status Bits consumer interpretation
See the latest edition of the standard IEC60958 Part 
3 for more information.

Status Bits professional interpretation
See the latest edition of the standard IEC60958 Part 
4 for more information.

BITS LABEL INTERPRETATION

0 application: consumer or 
professional

0: consumer; 1: professional

1 non-audio 0: audio data is linear PCM samples 
1: other than linear PCM samples

2 copyright 0: asserted; 1: not asserted
3-5 emphasis 000: Emphasis not indicated

100: CD-type emphasis
6-7 channel status mode 00: mode zero; other values reserved
8-15 category code (bit 8 is LSB)
16-19 source number (bit 16 is LSB)
20-23 channel number (bit 20 is LSB)
24-27 sampling frequency 0000: 44.1 kHz

0100: 48 kHz
1100: 32 kHz

28-29 clock accuracy 10: Level I, ±50 ppm
00: Level II, ±1000 ppm
01: Level III, variable pitch shifted

30-31 reserved
32 word length 

(field size)
0: Maximum length 20 bits
1: Maximum length 24 bits

33-35 word length
000:
101:
001:
010:
011:
100:

if bit 32 = 1
not indicated
24 bits
23 bits
22 bits
21 bits
20 bits

if bit 32 = 0
not indicated
20 bits
19 bits
18 bits
17 bits
16 bits

36-39 reserved
40-191 reserved

BITS LABEL INTERPRETATION

0 application: consumer or 
professional

0: consumer; 1: professional format

1 non-audio 0: audio data is linear PCM samples 
1: other than linear PCM samples

2-4 emphasis 000: Emphasis not indicated 
100: No emphasis
110: CD-type emphasis
111: J-17 emphasis

5 lock 0: not indicated
1: unlocked

6-7 sampling frequency 00: not indicated (or see byte 4)
10: 48 kHz
01: 44.1 kHz
11: 32 kHz
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8-11 Channel mode

(SCDSR represents “single 
channel double sample 
rate”)

0000: not indicated (default to 2 ch)
0001: 2 channel
0010: 1 channel (monophonic)
0011: primary / secondary
0100: stereo
0101: reserved for user applications
0110: reserved for user applications
0111: SCDSR (see byte 3 for ID)
1000: SCDSR (stereo left)
1001: SCDSR (stereo right)
1111: Multichannel (see byte 3 for ID)

12-15 user bit management 0000: no indication
0001: 192-bit block as in channel status
0010: As defined in AES18
0011: user-defined
0100: as in IEC60958-3 (consumer)

16-18 use of aux sample word 0000: not defined, audio max 20 bits
0001: used for main audio, max 24 bits
0010: used for coordination signal, audio max 20 bits
0011: user-defined

19-21 source word length
000:
001:
010:
011:
100:
101:

if max = 24 bits
not indicated
23 bits
22 bits
21 bits
20 bits
24 bits

if max = 20 bits
not indicated
19 bits
18 bits
17 bits
16 bits
20 bits

22-23 alignment level 00: not indicated
01: –20 dB FS
10: –18.06 dB FS

24-31 channel identification if bit 31 = 0 then channel number is 1 plus the numeric value of bits 24-
30.
if bit 31 = 1 then bits 4–6 define a multichannel mode and bits 0–3 give 
the channel number within that mode.

32-33 digital audio reference
signal (DARS)

00: not a DARS
10: DARS grade 2 (+ / –10 ppm)
01: DARS grade 1 (+ / –1 ppm)

35-38 sampling frequency 0000: not indicated
1000: 24 kHz
0100: 96 kHz
1001: 22.05 kHz
0101: 88.2 kHz
1101: 176.4 kHz
1111: User defined

39 sampling frequency scaling 0: no scaling
1: apply factor of 1 / 1.001 to value

48-79 alphanumerical channel 
origin

four-character label using 7-bit ASCII with no parity. Bits 55, 63, 71, 79 = 
0.

80-111 alphanumerical channel 
destination

four-character label using 7-bit ASCII with no parity. Bits 87, 95, 103, 
111 = 0.

112-143 local sample address code 32-bit binary number representing the sample count of the first sample 
of the channel status block.

144-175 time of day code 32-bit binary number representing time of source encoding in samples 
since midnight.

176-183 reliability flags 0: data in byte range is reliable
1: data in byte range is unreliable

184-191 CRCC 00000000: not implemented
nnnnnnnn: error check code for bits 0–183
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Modulated Noise
(Sequence Mode)

This measurement requires a software
option key. See page 241 for more informa-
tion about software options.

The Modulated Noise measurement is specifically 
designed to detect air leaks in a sealed loudspeaker/
enclosure system. Modeling an air leak as a burst of 
amplitude-modulated noise, this measurement uses a 
low-frequency stimulus to excite the system, and 
applies filtering and AM detection to analyze the 
speaker output and provide a modulated noise ratio 
result.

Read about Modulated Noise and air leak detection at 
the end of this chapter.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Generator
This measurement must be performed in the closed-
loop configuration, using the APx generator as a stim-
ulus.

Selecting the generator waveform
By default, the Modulated Noise measurement uses a 
50 Hz sine wave at the frequency and level set in the 
Generator panel as the test signal. You can set other 
frequencies, but low frequencies are the most effec-
tive in detecting air leaks. It is important to drive the 
loudspeaker with enough level to get the air moving in 
the enclosure.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Analyzer
The acquired signal is first comb-filtered, with a comb 
set at the generator frequency and its harmonics. 

Acquisition Time
Set the acquisition time here.
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High-pass filter
Use this filter to reduce environmental noise. The 
default corner frequency is 1 kHz, with a range of 
10 Hz to 3 kHz. Adjust this filter to find the highest 
modulated noise ratio. When set, the local high-pass 
filter acts on the acquired audio, after comb filtering. 
Read about Modulated Noise and air leak detection at 
the end of this chapter.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. Unlike 
other measurements, setting the local high-pass filter 
in Modulated Noise does not override the high-pass fil-
ter in Signal Path Setup.

If a filter in Signal Path Setup is set to
reduce or eliminate a frequency range that
includes the Modulated Noise stimulus (set
in Generator > Frequency), the Modulated
Noise measurement may fail to make an
acquisition.

Line Rejection
This optional filter will notch out the mains power line 
frequency and its harmonics, if necessary. Set the fil-
ter to the nominal mains frequency in your region, 
50 Hz or 60 Hz.

Advanced Settings
Advanced Settings makes available individual chan-
nel output level and offset controls, and input ranging 
and settling controls. See Advanced Settings for sin-
gle value measurements on page 427.

See Chapter 109 for more information about units of 
measurement.

Modulated Noise Ratio

Loudspeaker enclosure with an air leak.

Same loudspeaker enclosure with air leak plugged.

Units
Units available for Modulated Noise Ratio are

•x/y

•dB

Modulated Noise and air leak detection
Loudspeaker designs may specify a completely sealed 
enclosure, or an enclosure vented with acoustic ports. 
In either case, air leaks can degrade the perfor-
mance, and can add spurious signals to the acoustic 
output of the system. A loudspeaker with air leaks 
presents a higher Modulated Noise Ratio result (in dB) 
compared to the same loudspeaker without air leaks 
measured under identical conditions.

The Modulated Noise Ratio result values are relative, 
and will depend on a number of factors such as the 
environmental conditions, the physical test setup, the 
choice of filters and associated parameters selected, 
the amount of air leakage, the relative position of the 
microphone with respect to the position of the air 
leak—to name a few. 
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Modulated Noise
A Modulated Noise ratio measurement is provided in 
software option SW-SPK-RD and SW-SPK-PT as an air 
leak detection tool. A leak will create noise that is 
modulated by movements of the speaker cone. A sine 
wave is used to drive the speaker. Under these circum-
stances, the signature of a leak will be short bursts of 
noise occurring in rhythm with excursions of the driver 
at the stimulus fundamental frequency and its har-
monics.

The Modulated Noise ratio measurement first 
removes the sine wave signal and its harmonics but 
leaves the noise portion of the signal intact. The user 
may suppress the impact of environmental noise by 
adjusting the corner frequency of a high pass filter. 
Additionally, the user may opt to remove any line fre-
quency and its harmonics from the noise. The remain-
ing noise signal is then analyzed to provide the 
average power of the residual stimulus at the funda-
mental frequency of the original sine wave and its har-
monics. This is compared to the average power of the 
noise at other frequencies. The result of this compari-
son is finally converted to decibels to provide the 
reported value.

Suppressing environmental noise
Successful detection of air leaks requires analysis 
uncontaminated by environmental noise, to the 
degree possible. Ideally, the loudspeaker and mea-
surement microphone are placed in a quiet acoustic 
chamber. However, in production and in many R&D 
bench situations, environmental noise such as HVAC 
rumble, fan noise, and mains hum are unavoidable.

If the loudspeaker is in a noisy environment, the cor-
ner frequency of the measurement's high pass filter 
may be adjusted with the goal of obtaining the high-
est ratio. An optional filter in the Modulated Noise 
measurement may also be selected to suppress 
mains hum.

Using multiple microphones
An air leak may be located on the side or rear surface 
of an enclosure. If the measurement microphone is 
only directed to the front surface, the air leak may 
escape detection. Using an analyzer with two or more 
inputs enables the simultaneous use of multiple mea-
surement microphones for more complete evaluation 
and detection.
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Multitone Analyzer
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

The Multitone Analyzer uses a special stimulus signal 
called a multitone. Multitone analysis is very fast, and 
provides a broad range of results.

The Multitone Analyzer results available in APx500 
are:

For more information about multitone, go to page 495.

Operation
If you have not yet configured the instrument I/O for 
your DUT and test, first go to Signal Path Setup (Chap-

•Level
•Gain
•Relative Level
•Deviation
•Phase
•Phase (at Tone)
•TD+N Ratio
•TD+N Level
•TD+N Spectrum
•Crosstalk
•Crosstalk (at Tone Pair)
•Total Level
•Tone Level
•Maximum Level (at Tone)
•Noise Density Spectrum
•Noise RMS Level
•Signal to Noise Ratio
•DC Level
•Frequency Shift
•FFT Spectrum
•Acquired Waveform
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ter 7). When Generator and Analyzer (below) are set 
for your test, click Start.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Generator
Waveform
The APx generator can create a multitone directly from 
a multitone signal definition, or it can play an audio 
(WAV) file that contains a multitone.

Using a pre-defined multitone signal definition
A number of pre-defined multitone signal definitions 
are available for selection from the Waveform drop-
down menu. The illustration at left shows the pre-
defined definition “APx 32-tone” as the selection. Pre-
defined multitone signal definitions cannot be edited.

When a pre-defined multitone signal definition is cur-
rently selected, you can read the multitone signal’s 
Min Frequency, Max Frequency and the number of 
Tones in the display fields. Click the View button to 
open the View Multitone Signal Definition dialog, 
where you can see the definition in detail, export the 
definition as a data file, or use it to create and save an 
audio (WAV) multitone file.

Creating and using user-defined multitone sig-
nal definitions
You can create custom multitone signal definitions. 
From the Waveform drop-down menu, choose Create 
New... to open the Create Multitone Signal Definition 
dialog (page 497). Choose a signal definition as a 
starting point, then click OK to continue to the Edit 
Multitone Signal Definition dialog (page 498), where 
you can edit the definition in detail, export the defini-
tion as a CSV or XLS data file, or use it to create and 
save an audio (WAV) multitone file. Click OK to save 
your definition in the project and add it to the Wave-
form menu.

Loading a multitone signal definition from a file 
on disk
You can import a multitone signal definition from a file 
on disk. From the Waveform drop-down menu, choose 
Browse for file... and select a CSV or XLS multitone sig-
nal definition file using the file browser.

Using a linear audio file on disk as a generator 
waveform
You can use the APx generator waveform feature with 
the multitone analyzer, much as you can with other 
measurements. From the Waveform drop-down menu, 
choose Browse for file... and select a linear audio 
(WAV) file using the file browser. For proper operation 
and analysis, the audio contained in the file must be a 
valid, well-formed multitone. For a linear (WAV) file, 
APx500 extracts a multitone signal definition from the 
audio in the file. This definition is required to provide 
the frequency, level and phase information necessary 
for analysis. The extracted definition can be examined 
by clicking the View button to open the View Multitone 
Signal Definition dialog (page 497). When the multi-
tone is played by the APx generator, the original audio 
file is used for signal generation, not the extracted 
definition. See Generator Waveform files on page 237.

Using a coded audio file on disk as a generator 
waveform
Coded audio files (ac3, dts, etc.) can be used as gen-
erator waveform files. The file must contain coded 
audio derived from a valid and well-formed multitone 
signal. Additionally, the multitone signal definition 
data used to create the original multitone must be 
available to APx500. When a coded multitone file is 
selected, a new field called Signal Definition appears 
in the settings panel. Use this selector to choose a 
multitone signal definition that corresponds to the 
multitone in the coded file. This definition is required 
to provide the frequency, level and phase information 
necessary for analysis. See Generator Waveform files 
on page 237.

Description
This field is only displayed when a generator wave-
form is currently loaded in the generator. It displays 
information about the waveform file. 

Signal Definition
This field is displayed in External Source configura-
tion, or when a coded generator waveform is currently 
loaded in the generator. It provides a selector to 
choose a multitone signal definition that corresponds 
to the multitone in use (either the externally sourced 
multitone, or the multitone in the coded file). See Edit 
Multitone Signal Definition on page 498. This defini-
tion is required to provide the frequency information 
necessary for analysis.

Min Frequency / Max Frequency / Tones
These fields display information about the multitone 
definition currently loaded in the generator. See View 
Multitone Signal Definition (page 497) and Edit Multi-
tone Signal Definition (page 498).
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Level
Set the generator output level in this field.

The Level control in an APx measurement sets the 
level of the generator output to the rms value entered 
in the Level field. With a sine wave, the result is what 
you might expect: the generator outputs a single tone 
at 1 Vrms.

However, a multitone waveform is the sum of two or 
more sine waves of different frequency and phase, 
and possibly different level. These tones are summed, 
resulting in a complex waveform whose crest factor 
(page 502) will be higher than that of a sine wave. The 
Level control sets the amplitude of the complex wave-
form, but the individual component stimulus tone lev-
els in a multitone signal are typically well below the 
rms level of the complex waveform.

Channel
The generator will output a multitone to the DUT on 
the selected generator channels (page 237).

Start
The Start button runs the measurement. For closed 
loop operation, Start generates the multitone signal 
and prepares the analyzer for acquisition. For Exter-
nal Source (open loop) measurements, Start pre-
pares the analyzer for acquisition, awaiting Trigger.

Analyzer
Trigger
By default, the Multitone Analyzer Trigger is set to Free 
Run, which is the untriggered condition. In many 
cases, especially closed-loop configurations, this set-
ting will provide fast, reliable and highly accurate mul-
titone measurements. However, some use cases or 
testing environments will require other trigger configu-
rations.

•Signal
This trigger mode is the most discriminating. The 
incoming audio on a specified channel is com-
pared to the multitone signal definition in memory, 
with selectable degrees of discrimination (see 
Channel, Delay, Match % and SNR, below). The 
analysis is only triggered when a match between 
the incoming audio and the multitone signal defi-
nition is accomplished, after any trigger Delay. 
Tones that are very close together (separated by 
only a few bins) are more difficult to trigger on.

•Generator
This trigger mode begins analysis at the moment 
the internal generator outputs a signal, after any 
trigger Delay.

•Level
This trigger mode begins analysis when the incom-

ing audio on a specified channel exceeds the 
specified level, after any trigger Delay.

•Free Run (the default)
This trigger has no conditions. Analysis begins 
when the Start button is clicked, after any trigger 
Delay.

Channel
For Signal and Level triggering, select the triggering 
channel here.

Delay
The trigger Delay inserts time between a successful 
trigger event and the actual start time of the acquisi-
tion. The range is 0.000 s to 1.000 s; default is 200.0 
ms.

Level
For Level triggering, set a threshold Level here.

Match %
For Signal triggering, set the desired degree of match-
ing here. The range is from 25 % (rough match) to 
100 % (exact match).

SNR
For Signal triggering, set the required signal-to-noise 
ratio here. The range is from 20 dB to 100 dB.

Averages
For non-periodic signals such as noise, averaging mul-
tiple acquisitions can provide a more useful view. This 
control allows you to specify how many acquisitions to 
average. The default is 1; maximum is 8.

Phase Ref Channel
Select the reference channel for the phase measure-
ment here. The phase of the other channels is calcu-
lated relative to the reference channel.

Filters
Local high-pass, low-pass and weighting filters are 
available for this measurement. The low-pass and 
high-pass filters, if selected, are applied to the entire 
measured signal and affect all the results. The weight-
ing filter, if selected, affects only the distortion and 
distortion plus noise results. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
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the local weighting filter is applied in addition to any 
active Signal Path filters.

Save to File
You can record the multitone audio signal to a file as 
the signal is being acquired. Click Save to File before 
you run the multitone measurement. For multitone, 
only the frequency-shifted FFT record is saved, not the 
entire acquisition. See Recording Multitone Audio to a 
File on page 502 for detailed information.

File Settings
When saving a multitone acquisition to a file, click File 
Settings to specify the file name and location. For sub-
sequent acquisitions, data are overwritten to the 
same file name, with no warning. To keep multiple 
acquisitions, rename the file for each acquisition.

Advanced Settings
If you’d like to adjust analyzer ranging or settling 
parameters, click Advanced Settings, where you will 
also find multitone-specific settings including A-B sig-
nal mapping, trigger timeout, maximum frequency 
shift and skirt width. See page 501 for information 
about Advanced Settings for Multitone.

See Chapter 109 for more information about units of 
measurement.

A multitone result provides a limited num-
ber of measured data points (one for each
tone in the stimulus, as you can see in the
graph data grid (page 767). Values between
these data points implied by the plotted
curve are interpolated for display.

Multitone Analyzer: Level

The Multitone Analyzer: Level result uses the multi-
tone method to provide a graphical display of the level 
vs. frequency (frequency response) for each channel 

of the DUT. The rms value of each tone is measured, 
and a response curve is plotted through these values.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Units
Units available for Level results are

Multitone Analyzer: Gain

Gain measurements are not available when
External Source is selected as the output
configuration, when File is selected as the
input configuration, or when a square wave
or generator waveform file is selected as
the test signal.

The Multitone Analyzer: Gain result uses the multi-
tone method to provide a graphical display of the gain 
vs. frequency (gain response) for each channel of the 
DUT. The rms value of each tone is measured, and a 
response curve is plotted through these values.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Units
Units available for Multitone: Gain are

Multitone Analyzer: Relative Level

The Multitone Analyzer: Relative Level result uses the 
multitone method to provide a graphical display of the 
level vs. frequency (frequency response) for each 
channel of the DUT, relative to the measured level at a 
reference frequency. This enables you to specify a fre-
quency that will be set as 0 dB, and to view the 
response in relation to that frequency. The rms value 
of each tone is measured, and a response curve is 
plotted through these values.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Additional Controls for Relative Level
Ref Frequency
Enter a reference frequency here. The measured level 
at the frequency you choose is set as 0 dB on the 
graph, and the DUT response is plotted in relation to 
this reference. You can change the Ref Frequency at 
any time and the graph will immediately be redrawn to 
reflect the new setting. A midband frequency such as 
1 kHz is often set as the reference frequency, and is 
the default here.

Units
Units available for Multitone: Relative Level are

Multitone Analyzer: Deviation

The Multitone Analyzer: Deviation result uses the mul-
titone method to provide the frequency deviation (the 
total range of frequency variation) of each DUT chan-
nel, displayed as a meter (single value) result. You can 
specify a minimum and maximum frequency to define 
the range to be considered in the deviation measure-
ment.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Additional Controls for Deviation
Min Frequency / Max Frequency
Deviation measurements are often limited to a cer-
tain frequency range; the default here is 20 Hz to 
20 kHz. You can change set the range across which 
deviation is calculated by entering new values into the 
Min Frequency and Max Frequency fields. You can 
change this range at any time and the meter bars will 
immediately be redrawn to reflect the new settings.

A note about data sets and the Deviation result
You can append or import graph data to Multitone 
measurements, but the Deviation result only shows 
the deviation in the latest acquired data. Other data 
sets cannot be selected for Deviation.

Units
Units available for Multitone: Deviation results are

•dB

X-axis
Y-axis (same- 
domain)

Y-axis (cross-
domain)

•Hz •x/y •FS/Vrms
•dHz •% •dB(FS/Vrms)
•F/R •ppm or
•%Hz •dB •Vrms/FS

•dB(Vrms/FS)

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Multitone Analyzer: Phase

The Multitone Analyzer: Phase result uses the multi-
tone method to provide a graphical display of the inter-
channel phase vs. frequency (interchannel phase 
response) for each channel of the DUT. The phase 
value of each tone is measured and compared to the 
phase value of the reference channel at the same 
tone, and a response curve is plotted through these 
values.

Read more about phase on page 408.

Units
Units available for Multitone: Phase are

Multitone Analyzer: Phase (at Tone)

The Multitone Analyzer: Phase at (Tone) result uses 
the multitone method to provide a graphical display of 
the interchannel phase at any tone in the multitone, 
for each channel of the DUT. The phase value of the 

selected tone is measured and compared to the 
phase value of that tone in the reference channel.

Read more about phase on page 408.

Units
Units available for Multitone: Phase (at Tone) are

•deg

•rad

See Chapter 109 for more information about units of 
measurement.

Multitone Analyzer: TD+N Ratio

Operation
See the Multitone Analyzer main topic on page 483 for 
controls and settings common to all multitone mea-
surements.

The Multitone Analyzer: TD+N Ratio result uses the 
multitone method to provide total distortion + noise 
ratio results. How this is measured depends upon the 
setting of Ratio Type.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

TD+N Ratio (Ratio Type set to RMS 
Level)
This result is the ratio of two intermediate results.

First, the rms distortion + noise level (the sum of the 
rms distortion + noise across the multitone band-
width) is determined for each DUT channel. Tone bins 
and bins in the current Skirt width are excluded from 
this result. All other bins, odd and even are summed. 
This provides a total distortion + noise (TD+N) level 
result. In a second operation, all the bins are summed 
to provide a total rms level result. The total rms level is 
divided by the TD+N level, to produce a TD+N ratio 
result.

X-axis Y-axis

•Hz •deg
•dHz •rad
•F/R
•%Hz
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TD+N Ratio (Ratio Type set to Max 
Level)
This result is the ratio of two intermediate results.

First, the rms distortion + noise level is determined in 
the same way as described above, providing a TD+N 
level result. In a second operation, the selected tone 
bin and the bins in that tone’s current Skirt width are 
summed to provide an rms level result. This result is 
then scaled (the attenuation applied in the multitone 
signal creation process is factored out), providing a 
maximum level value. This maximum level value is 
divided by the TD+N level, producing an alternative 
TD+N ratio result.

Ratio Type:
Choose the Ratio Type (described above) in this field.

Units
Units available for Multitone: TD+N Ratio results are:

•x/y

•%

•ppm

•dB

Multitone Analyzer: TD+N Level

The Multitone Analyzer: TD+N Level result uses the 
multitone method to provide the rms total distortion + 
noise level (the sum of the rms distortion + noise 
across the multitone bandwidth) for each DUT chan-
nel, displayed as a meter (single value) result. To pro-
duce a total distortion + noise result, tone bins and 
bins in the current Skirt width are excluded from mea-
surement. All other bins, odd and even, are summed.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Units
Units available for Multitone: TD+N Level are

Multitone Analyzer: TD+N Spectrum

The Multitone Analyzer: TD+N Spectrum result pro-
vides an FFT spectrum display of the acquired signal. 
All bins, odd and even, that are not tone bins nor 
within the current Skirt width are plotted in this dis-
play. This removes the stimulus tones and reports a 
total distortion + noise result.

This result provides approximately the full
number of measured data points (one for
each non-tone bin in the FFT analysis). The
graph data grid (page 767) initially shows
the number of data points on the graph dis-
play, but can be set to show All Points.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Analog Digital

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Units
Units available for Multitone: TD+N Spectrum are

Multitone Analyzer: Crosstalk

The Multitone Analyzer: Crosstalk result uses the mul-
titone method to provide a graphical display of the 
crosstalk vs. frequency (crosstalk response) for each 
channel of the DUT. The crosstalk of each tone pair is 
measured, and a response curve is plotted through 
these values.

The Crosstalk results require that specific crosstalk 
tone exist in the multitone signal. If there are no such 
tones in the stimulus signal, Crosstalk results will not 
be available. See Multitone Crosstalk Measurements 
on page 497 for more information.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Units
Units available for Multitone: Crosstalk are

Multitone Analyzer: Crosstalk (at 
Tone Pair)

The Multitone Analyzer: Crosstalk (at Tone Pair) result 
uses the multitone method to provide the crosstalk 
level for a selected tone pair for each DUT channel, 
displayed as a meter (single value) result.

The Crosstalk results require that specific crosstalk 
tone exist in the multitone signal. If there are no such 
tones in the stimulus signal, Crosstalk results will not 
be available. See Multitone Crosstalk Measurements 
on page 497 for more information.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Units
Units available for Multitone: Crosstalk (at Tone Pair) 
are:

•x/y

•%

•ppm

•dB

Multitone Analyzer: Total Level

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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The Multitone Analyzer: Total Level result uses the 
multitone method to provide the total rms level (the 
sum of the rms levels of all tones and their skirts) for 
each DUT channel, displayed as a meter (single value) 
result.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Units
Units available for Multitone: Total Level are

Multitone Analyzer: Tone Level

The Multitone Analyzer: Tone Level result uses the 
multitone method to provide the rms level for a 
selected tone for each DUT channel, displayed as a 
meter (single value) result.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Units
Units available for Multitone: Tone Level are

Multitone Analyzer: Maximum Level 
(at Tone)

The Multitone Analyzer: Maximum Level (at Tone) 
result uses the multitone method to provide the calcu-
lated maximum level for a selected tone for each DUT 
channel, displayed as a meter (single value) result.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Explanation of Max Level
Since a multitone waveform is a complex waveform, 
the sum of several or many individual tones, none of 
the individual tones can be at the maximum level of 
the waveform. In other words, the crest factor of the 
waveform will always be greater than the crest factor 
for a sine wave (1.414).

To provide a close estimation of a signal to noise ratio 
measurement made in the conventional method, the 
selected tone bin and the bins in that tone’s current 
Skirt width are summed to provide an rms level result. 
This result is then scaled (the attenuation applied in 
the multitone signal creation process is factored out), 
providing a maximum level value.

Analog Digital

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

Analog Digital

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Units
Units available for Multitone: Maximum Level (at Tone) 
are

Multitone Analyzer: Noise Density 
Spectrum

The Multitone Analyzer: Noise Density Spectrum result 
provides an FFT spectrum display of the acquired sig-
nal. All odd-numbered bins that are not within the cur-
rent Skirt Width are plotted in this display; even 
numbered bins are not reported, ignoring stimulus 
tones and distortion products. This produces a noise-
only result. This result is scaled for display in ampli-
tude per √(Hz), an accepted unit for noise density 
results.

This result provides approximately 1/2 the
full number of measured data points (one
for each odd-numbered bin in the FFT anal-
ysis). The graph data grid (page 767) ini-
tially shows the number of data points on
the graph display, but can be set to show All
Points.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Units
Units available for Multitone: Noise Density Spectrum 
are

Multitone Analyzer: Noise Level

The Multitone Analyzer: Noise Level result uses the 
multitone method to provide the rms noise level (the 
sum of the rms noise across the multitone band-
width) for each DUT channel, displayed as a meter 
(single value) result. To produce a noise-only result, 
even-numbered bins and bins in the current Skirt 
width are excluded from measurement. Instead, such 
bins are assigned the values in the adjacent odd-num-
bered bins. All bins are summed. 

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Units
Units available for Multitone: Noise Level are

Analog Digital

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms/√(Hz) •FS/√(Hz)
•dHz •dBV/√(Hz) •dBFS/√(Hz)
•F/R •dBu/√(Hz)
•%Hz

Analog Digital

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Multitone Analyzer: Signal to Noise 
Ratio

Operation
See the Multitone Analyzer main topic on page 483 for 
controls and settings common to all multitone mea-
surements.

The Multitone Analyzer: Signal to Noise Ratio result 
uses the multitone method to provide signal to noise 
ratio results. How this is measured depends upon the 
setting of Ratio Type.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

Signal to Noise Ratio (Ratio Type set to 
RMS Level)
This result is the ratio of two intermediate results.

First, the rms noise level (the sum of the rms noise 
across the multitone bandwidth) is measured for each 
DUT channel. To produce a noise-only result, even-
numbered bins and bins in the current Skirt Width are 
excluded from measurement. Instead, the excluded 
bins are assigned the values in the adjacent odd-num-
bered bins. All bins are summed. This provides a total 
rms noise level result.

In a second operation, all the bins are summed to pro-
vide a total rms level result.

The total rms level is divided by the total noise level, to 
produce a signal to noise ratio result.

Signal to Noise Ratio (Ratio Type set to 
Max Level)
This result is the ratio of two intermediate results.

First, the rms noise level (the sum of the rms noise 
across the multitone bandwidth) is measured for each 
DUT channel. in the same way as described above, 
providing a total rms noise level result.

In a second operation, the selected tone bin and the 
bins in that tone’s current Skirt width are summed to 

provide an rms level result. This result is then scaled 
the attenuation applied in the multitone signal cre-
ation process is factored out), providing a maximum 
level value.

This maximum level value is divided by the total noise, 
producing an alternative signal to noise ratio result.

See Maximum Tone Level on page 491 for an explana-
tion of the calculations that provide maximum level.

Ratio Type
Choose the Ratio Type (described above) in this field.

Units
Units available for Multitone: Signal to Noise Ratio are:

•x/y

•dB

Multitone Analyzer: DC Level

The Multitone Analyzer: DC Level result uses the multi-
tone method to measure dc level in the presence of 
signal for each DUT channel, displayed as a meter 
(single value) result. If AC Coupled is selected in the 
analog input configuration settings in Signal Path 
Setup, the Multitone Analyzer: DC Level result is not 
available. Change the setting to DC Coupled and start 
the measurement again.

The Skirt Width control (page 502) in Advanced Set-
tings can affect the values reported in this result.

The analog measurement range for DC Level depends 
upon the instrument model:

•for an APx515, it is from approximately ±10 µV to 
±120 V.

•for an APx52x or 555 family analyzer, it is from 
approximately ±10 µV to ±160 V.

•for an APx58x, it is from approximately ±10 µV to 
±115 V.

See More about DC Level on page 338.
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Units
Units available for Multitone: DC Level are

Multitone Analyzer: Frequency Shift

Operation
See the Multitone Analyzer main topic on page 483 for 
controls and settings common to all multitone mea-
surements.

Multitone Analyzer: Frequency Shift is a diagnostic 
result that reports the degree of frequency shifting 
necessary to bring the signal acquired from the DUT 
into the precise match required for synchronous (win-
dowless) FFT analysis.

Units
Units available for Multitone: Frequency Shift are:

•%

•ppm

Multitone Analyzer: FFT Spectrum

The Multitone Analyzer: FFT Spectrum result provides 
an FFT spectrum display (a frequency domain display) 
of the acquired signal. Every bin is plotted in this dis-
play. For a multitone stimulus, this will show the indi-
vidual tones rising from a floor of distortion + noise.

This result provides the full number of mea-
sured data points (one for each bin in the
FFT analysis). The graph data grid (page
767) initially shows the number of data
points on the graph display, but can be set
to show All Points.

Units
Units available for Multitone: FFT Spectrum are

Multitone Analyzer: Acquired Wave-
form

The Multitone Analyzer: Acquired Waveform result pro-
vides a time domain display of the acquired signal.

Units
Units available for Multitone: Acquired Waveform are

Analog signals Digital signals

•V •D
•hex

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

Analog signals Digital signals

•V •D
•hex
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More about multitone
Multitone testing uses FFT analysis with a special 
stimulus waveform. A multitone stimulus signal is a 
complex waveform, the combination of many sine 
waves. There are typically from 3 to 30 or more tones 
in a multitone signal; to the ear, it sounds like a disso-
nant organ chord. The analysis can provide frequency 
response, phase response, crosstalk response, distor-
tion response, noise response and other results.

Multitones are useful for fast testing applications, and 
since a multitone stimulus can be brief and unobtru-
sive, multitone can be considered for in-service test-
ing.

The example below shows a diagram representing a 
frequency domain view of an 8-tone multitone signal.

The multitone signal is applied to the DUT and an 
acquisition of the device’s output is made for analysis.

The FFT data can be interpreted in a number of ways, 
extracting amplitude, phase, and other results. Multi-
tone can provide detailed, accurate and fast measure-
ments using a short multitone “burst.”

Multitone: Level displays a frequency response curve 
that plots the level across all of the tones at analysis. 
The amplitudes in the FFT bins that correspond to the 
multitone stimulus tones are shown as a light gray 
lines. The dark line represents the frequency response 
curve.

APx500 Multitone implementation
To produce useful results, the APx multitone analyzer 
must perform a windowless FFT on the acquired multi-
tone audio signal. This requires that the analyzer be 
provided with the precise frequency values for each of 
the tones in the multitone stimulus signal. For multi-
tones generated in the APx generator from a multi-

tone signal definition, this information is available 
within the system. For playback of generator wave-
forms or for external source, multitone signal defini-
tion information must be made available to the 
analyzer.

FFT analysis
The multitone is analyzed in the frequency domain. 
The frequency and phase results of both tone bins 
and non-tone bins are used to derive the various mea-
surement results.

Windowless FFT
Windowed FFTs filter the FFT record in the time 
domain using amplitude window functions to elimi-
nate the effect of any discontinuity at the record ends. 
However, windowed FFTs provide limited frequency 
resolution.

Current technology has made it trivial to create stimu-
lus signals with exactly the same sample rate and 
length as the FFT, permitting FFT analysis without 
using windows in most use cases. This method pro-
duces FFT results of very high frequency resolution 
and none of the distortions created by window leak-
age.

Bins, bandwidth and bin width
A frequency-domain FFT result contains amplitude 
and phase values in frequency bins. The number of 
bins is equal to one-half of the FFT record length: an 
FFT length of 8192 samples would produce a result 
with 4096 bins.

The bandwidth of the result is equal to one-half of the 
sample rate: an FFT record of a sample rate of 48 kHz 
would produce a result with a 24 kHz bandwidth.

The bin width is equal to the bandwidth divided by the 
number of bins: the examples above would produce a 
result with bin widths of 5.86 Hz. The amplitude and 
phase value of each bin would be the sum of the 
amplitudes and phases all frequencies that fall into 
that bin.

As another example, an FFT record of a length of 
48000 samples and a sample rate of 48 kHz would 
have 24000 bins across a bandwidth of 24 kHz. Each 
bin would be 1 Hz wide.

Multitone and even and odd bins
Tones in an Audio Precision multitone stimulus signal 
are always set on even-numbered bins. This has the 
desirable effect of causing any distortion products to 
fall into even bins as well. At analysis time, all bins can 
be measured, or only tone bins, or only non-tone bins, 
or only odd bins. This enables the analysis software to 
report level (tone bins), distortion plus noise (all non-
tone bins), noise (all odd bins) and so on. When 
reporting only the odd bins, you would correctly expect 
that the noise would be about half of the value of the 
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true noise, as only half the bins are used. APx500 
solves this by reporting values for all bins, using the 
value of the adjacent odd bin for each ignored even 
bin.

Skirts
A DSP generated and analyzer multitone is very pre-
cise, and a view of the results in loopback reveals zero 
stimulus energy outside of any FFT bin. But real world 
DUTs can exhibit a variable frequency shift, commonly 
jitter or flutter. Even when the multitone signal is prop-
erly frequency-shifted to match the bin centers, jitter 
or flutter will spread stimulus tone energy around the 
tone frequency, creating skirts surrounding the FFT 
bin(s) in analysis.

For multitone results based on rms level results, 
APx500 includes the energy in the skirts by including 
adjacent bins. For multitone results based on noise 
results, APx500 rejects the energy in the skirts by 
excluding adjacent bins. By default, the skirt width is 
3.00 % of the tone frequency. For a 1 kHz tone, this 
would be a skirt width of 30 Hz.

Signal Definition
Multitone signal definition creation
A well-formed multitone waveform requires tones that 
are on specific frequency centers (for windowless 
FFTs, below) and with optimized phase relationships 
(for a low crest factor). These will vary with the chosen 
Sample Rate and Length. APx500 provides a compre-
hensive multitone creation capability within the Multi-
tone Measurement environment. A multitone signal 
definition can be created, imported or extracted from 
an audio file. This definition can be loaded directly 
into the APx generator, or it can be exported as defini-
tion data or used to create a multitone WAV file.

Signal Generation
Output of an internally generated multitone 
(closed loop)
The APx generator can output a multitone from a mul-
titone signal definition, or by playing a multitone audio 
file using APx500’s generator waveform capability.

Output of a generator waveform multitone (from 
a WAV file)
When the APx generator is outputting a multitone by 
playing a generator waveform WAV file, a multitone sig-
nal definition is extracted from the audio in the WAV 
file to provide the analyzer with the necessary fre-
quency center information.

Output of a generator waveform multitone (from 
a coded audio file)
APx500 does not incorporate decoders to open or 
analyze coded audio files. Therefore, when the APx 
generator is outputting a multitone by playing a gener-
ator waveform coded audio file, a multitone signal 

definition cannot be extracted from the audio in the 
file. A multitone signal definition containing frequency 
center information that corresponds to the audio in 
the coded file must be provided.

Signal Analysis
Acquisition
The multitone is acquired and the frequencies of the 
tones are identified. These are compared to the fre-
quencies in the current multitone signal definition. 
The acquired audio is sample rate converted (SRC) to 
shift the pitch of the acquired multitone until the fre-
quencies exactly match the frequencies in the multi-
tone signal definition. This is required for windowless 
FFT analysis.

External Source configuration (open loop)
When APx500 is making a multitone measurement in 
external source configuration, a multitone signal defi-
nition containing frequency center information that 
corresponds to the audio being played in the DUT 
must be provided.

Triggering
The analysis of the multitone does not begin until the 
trigger function is satisfied. Four trigger modes and a 
trigger delay allow you to optimize the acquisition and 
analysis. 

Results
Level
FFT analysis provides level and phase results for each 
frequency bin. In APx500 multitone measurements, 
these data are used in a number of ways.

•The rms level of every bin is reported. This pro-
vides the FFT spectrum result. 

•The rms level of every non-tone bin is reported, 
with skirt exclusion. This provides the TD+N (total 
distortion + noise) result, which is also used as a 
source to derive the TD+N Ratio and TD+N Level 
results. 

•The rms level of each stimulus tone bin is 
reported, with skirt inclusion. From these are 
derived the Level, Gain, Relative Level, Deviation, 
Total RMS Level, RMS Level (at Tone), Maximum 
Level (at Tone) results, and the signal component 
of Signal to Noise Ratio. 

•The rms level of each odd bin is reported, with 
skirt exclusion. From these are derived Noise RMS 
Level, Noise Density Spectrum and the noise com-
ponent of Signal to Noise Ratio. 

•The instantaneous voltage level in the zero (0) Hz 
bin is reported as DC Level. 
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Multitone Crosstalk Measure-
ments
APx multitone signals that have not been specifically 
configured for crosstalk measurements are mono; 
that is, the same multitone signal is applied to all APx 
output channels. Crosstalk measurements, however, 
require that one or more tones exist in each channel 
that do not exist in another, so that the degree of 
crosstalk can be observed and measured.

APx allows you to modify a mono multitone signal defi-
nition to create two related multitones that contain 
crosstalk tones; that is, that have one or more tones 
unique to each signal. The resultant multitone signal 
definitions are called “A” and “B”.

In APx, you have the choice of measuring crosstalk at 
one specified frequency or tone, or at all tones. APx 
accomplishes this by adding a tone 0.5 % higher than 
the specified tone(s) and then deleting the original 
specified tone(s), for signal A; and by adding a tone 
0.5 % lower than the specified tone(s) and then delet-
ing the original specified tone(s), for signal B.

View Multitone Signal Definition
See Edit Multitone Signal Definition dialog on page 
498 for detailed discussions of the fields in both the 
View Multitone Signal Definition and the Edit Multi-
tone Signal Definition dialogs. The fields in these two 
dialogs and the descriptions of their content are the 
same.

The View Multitone Signal Definition dialog allows you 
to view a multitone signal definition that cannot be 
edited. You can optionally export the signal definition 
or create an audio file (WAV file) from the definition. 
Multitone signal definitions that cannot be edited 
include preset multitone signal definitions, signal defi-
nitions extracted from audio files, and signal defini-
tions associated with External Source stimulus signals 
in open loop testing.

Create a Multitone Signal Defini-
tion
Also see Edit Multitone Signal Definition on page 498.

This dialog opens from Signal Generation > Waveform 
> Create New... on the Multitone Analyzer settings 
panel. The selections made here can be edited in 
more detail or changed entirely in the following dia-
log, Edit Multitone Signal Definition (page 498).

Start Definition From
Select an existing multitone definition from this list to 
use as a starting point for your new multitone.

New Signal Definition is the default, which provides a 
simple, 2-tone definition as a starting point. Sample 
Rate is set to 48 kHz for an analog signal path, or to 
the current sample rate for a digital signal path. 
Length is set to 8192 samples, Min Frequency to 
approximately 20 Hz and Max Frequency to approxi-
mately 20 kHz. The actual frequencies are con-
strained by the Sample Rate and Length defined in 
New Signal Definition. You can edit the Min Fre-
quency, Max Frequency and Tones fields as described 
below.

Min Frequency
The minimum frequency in the definition selected in 
Start Definition From is shown here.

If Start Definition From is set to New Signal Definition, 
you can edit the frequency in this field to establish a 
new Min Frequency for the definition you are creating. 
Note that the available frequencies are constrained by 
the Sample Rate and Length defined in New Signal 
Definition.

Max Frequency
The maximum frequency in the definition selected in 
Start Definition From is shown here. If Start Definition 
From is set to New Signal Definition, you can edit the 
frequency in this field to establish a new Max Fre-
quency for the definition you are creating. Note that 
available frequencies depend upon the Sample Rate 
and Length settings in the definition selected in Start 
Definition From.

Tones
The number of tones in the definition selected in Start 
Definition From is shown here. If Start Definition From 
is set to New Signal Definition, you can edit this field 
to change the number of tones for the definition you 
are creating.

OK
When you have made your selections, click OK to open 
the next dialog, Edit Multitone Signal Definition.



Chapter 68: Multitone Analyzer (Sequence Mode)

498 APx500 User’s Manual

Edit Multitone Signal Definition

This dialog allows you to edit a multitone signal defini-
tion. You can optionally import a signal definition, 
export the signal definition or create an audio file 
(WAV file) from the definition.

APx500 does not allow all multitone signal definitions 
to be edited.

Name
Enter a unique name for your multitone signal defini-
tion here.

Waveform Settings
Sample Rate
Enter the sample rate for your multitone here. 

Length (samples)
Enter the length of the multitone signal here.

Signal Generation
Values entered in these fields will immediately be 
propagated into the tone description grid, to the right.

Min Frequency
Enter the minimum desired frequency for your multi-
tone signal here.

Max Frequency
Enter the maximum desired frequency for your multi-
tone signal here.

Step Type
The Step Type determines the spacing between the 
tones in the multitone signal. Choices are

•Logarithmic
Logarithmic will logarithmically space the number 

of tones set in Tones across the frequency range 
set in Min and Max Frequency. 

•Linear
Linear will linearly space the number of tones set 
in Tones across the frequency range set in Min 
and Max Frequency. When the Step Type is Linear, 
the Step Size field (below) becomes available. 

•Custom
When any tone has been manually edited in the 
grid (added, deleted, or the frequency is changed), 
the Step Type becomes Custom, and the Min Fre-
quency, Max Frequency and Tones fields become 
unavailable. 

Tones
Enter the number of tones here.

Step Size
When the Step Type is Linear, the Step Size field 
becomes available. Step Size is equal to the range 
between Min and Max Frequency divided by the num-
ber of Tones. Editing the value of any of these three 
variables will change the values of the other two. 

Tone Description Grid
The grid in the center of the dialog lists each tone in 
the multitone definition, sorted by frequency. When 
the information is available, the Tone Bin, Level and 
Phase are also listed.

Crest Factor
This field shows the crest factor (page 502) of the cur-
rent multitone definition. 
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Crosstalk Tones...
When creating or editing a multitone definition, you 
can create tones on alternate channels that are 
slightly offset in frequency, for the purpose of measur-
ing crosstalk. This button opens the Create Crosstalk 
Tones dialog. See Creating Multitone Crosstalk Tones 
on page 502 for a detailed discussion.

Import EQ Table...
See Generator Equalization on page 245 for general 
information on this subject.

You can equalize a multitone by entering various lev-
els in the Level column in the Edit Multitone Signal 
Definition dialog. You can also import an existing gen-
erator equalization table file and apply it to the cur-
rent multitone signal definition. Click Import EQ 
Table... and use the file browser to select a compati-
ble generator EQ table in *.xlsx or *.csv format.

The level applied to tones that are between EQ points 
in the file will be set to an interpolated value.

Import EQ Table operations are additive. Reset all tone 
level values to 0 dB before re-importing to prevent 
addition. 

Optimize Crest Factor
When you have chosen all the tones and optionally 
edited levels, added crosstalk tones, and applied an 
EQ curve, click Optimize Multitone. This control 
applies a set of algorithms to find phase settings for 
each tone that result in a multitone waveform with a 
lower crest factor (page 502). Optimization proceeds 
for 1 second, and uses the optimized waveform if it 
shows an improved crest factor. Subsequent applica-
tions of Optimize Multitone will re-optimize the wave-
form, but there is rarely any improvement over the 
optimization achieved in the first pass. Multitone 
waveforms with a great number of tones may show lit-
tle or no improvement in crest factor after optimiza-
tion.

Note: if a low crest factor (page 502) is
important to your application, consider
designing a multitone with fewer tones.

Import...
Click Import... to open a multitone signal definition 
from a file on disk. Use the file browser to select a CSV 
or XLS multitone signal definition file.

Export...
Your multitone signal definition is added to the cur-
rent project as an attached project item. You can also 
export the signal definition as a CSV or XLS file. Click 
Export... to open a Save File browser. 

Create WAV File....
You can use the current multitone signal definition to 
create a multitone audio file, in the mono or stereo lin-
ear PCM WAV format. Click Create WAV File... and 
enter the Duration (up to 5 minutes) and Bit Depth 
(either 16-bit or a 24-bit) in the dialog box. Click OK to 
open a file browser.

Multitone Crosstalk Measure-
ments
APx multitone signals that have not been specifically 
configured for crosstalk measurements are mono; 
that is, the same multitone signal is applied to all APx 
output channels. Crosstalk measurements, however, 
require that one or more tones exist in each channel 
that do not exist in another, so that the degree of 
crosstalk can be observed and measured.

APx allows you to modify a mono multitone signal defi-
nition to create two related multitones that contain 
crosstalk tones; that is, that have one or more tones 
unique to each signal. The resultant multitone signal 
definitions are called “A” and “B”.

In APx, you have the choice of measuring crosstalk at 
one specified frequency or tone, or at all tones. APx 
accomplishes this by adding a tone 0.5 % higher than 
the specified tone(s) and then deleting the original 
specified tone(s), for signal A; and by adding a tone 
0.5 % lower than the specified tone(s) and then delet-
ing the original specified tone(s), for signal B.

This results in one or more crosstalk “tone pairs” 
between the two signals, offset slightly around the 
original tone centers.

Operation
The first task is to create a multitone with crosstalk 
tones, as described above. This is done in the Edit 
Multitone Signal Definition dialog. First, design the 
multitone definition with tones, sample rate, etc. 
according to your testing requirements.

Then click Crosstalk Tones... to open the Create Cross-
talk Tones dialog and specify the tones you want. 
Close the dialog. 

Observe that there are now an “A” and a “B” tab for 
the signal definition grid, each listing the tones in the 
two multitones. Optimize the crest factor and click OK 
to save the definition in the project.

Results
Two multitone crosstalk results are available.

Crosstalk result
The Crosstalk result requires at least two crosstalk 
tone pairs in the stimulus multitone, and provides a 
crosstalk ratio vs. frequency result. See Multitone Ana-
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lyzer: Crosstalk (page 490), and the Multitone Ana-
lyzer main topic (page 483) for more detailed 
operational information.

Crosstalk (at Tone Pair) result
The Crosstalk (at Tone Pair) result provides a cross-
talk ratio value for the selected tone pair. See Multi-
tone Analyzer: Crosstalk (at Tone Pair) (page 490) and 
the Multitone Analyzer main topic (page 483) for more 
detailed operational information.

Removing or Changing Crosstalk Tones
If you open a multitone signal definition that already 
has A/B crosstalk tone pairs, you will not be able to 
add more tone pairs. If you click Crosstalk Tones... 
from the Edit Multitone Signal Definition dialog (page 
498), you will see that the only available option is 
Remove Crosstalk Tones. Accepting this option will 
delete the “B” signal definition, leaving a mono multi-
tone definition that is not configured for crosstalk 
measurement.

Note that accepting this option does not return the 
specified crosstalk tones to their original frequencies, 
but instead keeps the “A” definition, in which the spec-
ified crosstalk tones were shifted up by 0.5 %.

Mapping the A and B multitones to APx output 
channels
The APx generator can output a maximum of two dif-
ferent signals simultaneously. When the output for-
mat supports more than two signals, these two signals 
can be arbitrarily mapped to the output channels 
using controls in Advanced Settings. The default map-
ping is the “A” multitone signal to odd channels, and 
the “B” multitone signal to even channels.

Creating Multitone Crosstalk 
Tones
In APx500, multitone definitions and waveforms that 
do NOT contain crosstalk tones are monaural, single-
channel definitions or waveforms.

For crosstalk measurements, the APx500 multitone 
implementation requires a stereo, two-channel defini-
tion or waveform. For each frequency of interest, a 
pair of tones is created (one tone slightly above the 
frequency of interest, and one tone slightly below). 
The upper tone of the tone pair is placed in the “A” 
channel, and the lower in the “B” channel.

Create Crosstalk Tones dialog
In the Edit Multitone Signal Definition dialog (page 
498), click Crosstalk Tones... The Create Crosstalk 
Tones dialog will open.

Create Crosstalk Tones at a Single Frequency
Use the first selection to create a pair of crosstalk 
tones at a single frequency of interest. Choose the fre-
quency from the list of available tones in the current 
multitone signal definition. The single-channel multi-
tone signal definition will be converted to a two-chan-
nel signal definition. (When you return to the previous 
dialog, you will notice that an “A” and a “B” tab have 
been added to bottom of the tone definition grid.) The 
tone you select will be removed from the definition, 
and a crosstalk tone pair will be created. The upper 
tone will be placed in the A channel, and the lower 
tone will be placed in the B channel.

Create Crosstalk Tones Across a Frequency 
Range
Use this selection to create a pair of crosstalk tones at 
every frequency within a range of interest. Set the 
range minimum and maximum frequencies using the 
Min and Max lists, which show the available tones in 
the current multitone signal definition. The single-
channel multitone signal definition will be converted 
to a two-channel signal definition. (When you return to 
the previous dialog, you will notice that an “A” and a 
“B” tab have been added to bottom of the tone defini-
tion grid.} The tones you select will be removed from 
the definition, and a crosstalk tone pair will be cre-
ated for each tone. The upper tones of each pair will 
be placed in the A channel, and the lower tones will be 
placed in the B channel.

“Not enough FFT bins” error
At low frequencies for short multitone FFT lengths, 
there will not enough FFT bins available to create a 
crosstalk tone pair. To create a successful multitone 
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with crosstalk tones, either increase the Length, or 
specify crosstalk tones of higher frequencies. 

Remove Crosstalk Tones
If a multitone signal definition already has crosstalk 
tones on the A and B channels, new crosstalk tones 
cannot be added without first removing the existing 
crosstalk tones. Selecting Remove Crosstalk Tones 
deletes the B channel, resulting in a monaural, single-
channel multitone signal definition.

Note that removing the existing crosstalk tones does 
NOT return the tones to their original frequencies, as 
were specified in the original multitone signal defini-
tion. That information is not carried forward in the 
definition. Instead, the tone(s) that had been shifted 
up slightly (the A channel crosstalk tones) become the 
tones in the new definition.

Advanced Settings for the Multi-
tone Analyzer
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Also see More About Multitone and APx500 Multitone 
implementation on page 495.

Signal Generation
If Levels Track Ch1 is checked (the default), the gen-
erator output level and DC offset values for channel 1 
are copied to the other channels, and values for chan-
nels greater than 1 cannot be edited. Any changes 
made to channel 1 are reproduced in the other chan-
nels.

To set individual generator output channel levels or 
offsets, uncheck the Levels Track Ch1 checkbox and 
enter values in the output channel Level or Offset 
fields.

Set Channel Assignments for crosstalk multi-
tones
For multitones that include crosstalk tones, you can 
also set channel mapping. By default, crosstalk multi-
tones map channel A audio to odd output channels, 
and channel B audio to even output channels. These 
assignments can be remapped by changing individual 
settings in the Signal column, or by selection one of 
several presets from the Set Channel Assignments 
menu.

Set Channel Assignments for generator wave-
forms
For stereo generator waveform multitone files, you can 
set channel mapping. By default, channel 1 audio is 
mapped to channel 1 output, and channel 2 to chan-
nel 2. These assignments can be remapped by chang-
ing individual settings in the Wave Ch column.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
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drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Advanced Settings for Multitone does not
have a Settling tab.

Trigger Timeout
When a Trigger selection other than Free Run (untrig-
gered) is set and Trigger Timeout is not set, the 
APx500 software will wait indefinitely for a valid trig-
ger condition. When Trigger Timeout is set, the opera-
tion will wait for the duration set in the Trigger Timeout 
field, and then will cancel the measurement with a 
notice. Minimum time is 0.1 s, maximum time is 7 
days.

Enter the Trigger Timeout following this pattern: 

                                d:hh:mm:ss.s

where d = days, hh = hours, mm = minutes, ss = sec-
onds. Days and fractional seconds are optional.

Skirt Width
Flutter, jitter or other variable frequency shift in the 
device or transmission channel will create sidebands 
of energy around each of the tones, called skirts. 
Some small amount of energy is also spread into the 
skirts as an artifact of the multitone frequency correc-
tion. For correct rms level measurements, energy in 
the skirts must be added to the energy in the tone. For 
correct noise measurements, energy in the skirts 
must be excluded from the measurement.

The Skirt Width control specifies the width around the 
tone that is to be considered as skirt energy. The 
default (and maximum) is 3 %.

Frequency Correction Enabled
In practical devices and transmission channels, audio 
signals can undergo frequency changes (sample rate 
changes). APx multitone measurements, which use 
unwindowed FFTs for analysis, must frequency shift 
the acquired waveform so that it matches the internal 
reference exactly. This checkbox enables frequency 
correction.

By default, Frequency Correction is checked (on) for 
digital inputs. The multitone measurement will run 
faster with Frequency Correction disabled.

Max Frequency Shift
When Frequency Correction is enabled, the Max Fre-
quency Shift field is available.

The value in Max Frequency Shift represents the maxi-
mum percentage of shift allowed. If the input signal 
requires a shift beyond this value, the measurement 
will fail. The default value is 3 %; the range is 0 % to 
5 %.

Crest Factor
The crest factor of a waveform is the ratio of its peak 
value to its rms value. Crest factor can be expressed 
as a ratio or fraction (4:1 or 4/1, for example) or as a 
decibel (12.041 dB, in this case). When expressed as 
a ratio or fraction, crest factor is often reduced to low-
est terms (4, in this case).

In APx500, the amplitude of a multitone waveform is 
set to the value in the generator Level setting field. 
The higher the waveform’s crest factor, the lower the 
level of the component tones within the waveform.

Typical crest factors:

Recording Multitone Audio to a 
File
This topic discusses the Save to File feature when 
invoked from the Multitone Analyzer. See Recording 
Audio to a File on page 467 for a discussion of the 
Save to File feature when invoked from the Measure-
ment Recorder.

Overview
The Measurement Recorder and the Noise Recorder 
can optionally record acquired audio to a file on disk.

Transform record
As explained in APx500 Multitone Implementation on 
page 495, at analysis time a multitone signal must 
match the multitone signal definition in sample length 
and in sample rate. This often requires frequency 
(sample rate) shifting and truncation of the raw input 
acquisition. It is this truncated and frequency-shifted 
audio, the audio actually used for analysis, that is 
recorded to file; not the raw audio acquisition. This 

WAVEFORM RATIO DECIBEL
square wave 1 0 dB
sine wave 1.414 3.01 dB
triangle wave 1.732 4.77 dB
ambient noise (typical) 3 10 dB
speech (typical) 4 12 dB
APx 32-tone multitone 4.481 13.028 dB
some musical instruments 
(typical)

8–10 18–20 dB

fast transient (such as a gun-
shot)

30 or 
more

30 dB or 
more
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audio is also be referred to by the terms transform 
record or FFT record. 

Note: APx timing constraints will sometimes
cause a timeout error when saving to a net-
work folder or a removable disk. We recom-
mend saving audio files to a local disk.

On the Measurement or Noise Recorder panel, check 
the Save to File checkbox. Click File Settings to spec-
ify the file name, location and file format.

Save to File is not available when Input Con-
figuration is set to File (Analog Units) or File
(Digital Units).

Save Acquisition to File Settings 
dialog
Location
Enter or browse to the destination folder here.

Name
Name the output file here. Choose from one of these 
selections:

•If file exists, replace it

•If file exists, append timestamp to the file name

When more than one input is configured, the connec-
tor name is appended to the file name. If the acquisi-
tion is saved with one channel embedded per file 
(Multiple Mono PCM format), then multiple files are 
created for each input. 

Format
Choose the file format in the Format field. 

For both analog inputs and digital acquisitions, there 
are three linear file formats available:

Multiple Mono PCM (.wav)
If Multiple Mono PCM (.wav) (the default) is selected, 
each audio channel of the acquisition is saved as an 
individual monaural WAV file, using the Microsoft 
WAVE_FORMAT_PCM (Type 1, 24 bit) file format. For 
multichannel audio of channel count n, n mono WAV 
files are created, with the numeral n appended to the 
file name.

Multichannel PCM (.wav)
If Multichannel PCM (.wav) is selected, all the audio 
channels of the acquisition are saved in one multi-
channel file, using the WAVE_FORMAT_PCM format. 
For 1 channel and 2 channel acquisitions, this selec-
tion records a standard WAVE_FORMAT_PCM (Type 1, 
24 bit). For multichannel acquisitions, this selection 
records a multichannel WAVE_FORMAT_PCM file in a 
proprietary 24-bit format, compatible with Sony Sound 
Forge and other audio editing applications. 

Extensible Multichannel PCM (.wav)
If Save as WAVE_FORMAT_EXTENSIBLE is selected, all 
the audio channels of the acquisition are saved in one 
multichannel file, using the Microsoft standard 
WAVE_FORMAT_EXTENSIBLE format, at 24 bits.

Bit Depth
This field is available for analog and digital acquisi-
tions. The default setting is Auto. Bit Depth (word 
length) for analog acquisitions is 24 bits when Auto is 
selected. You can also select 16 bits. For digital acqui-
sitions, the digital stream will be saved at the bit 
depth of the input stream.

Analog scaling and sample rates
When recording an analog acquisition, proprietary 
scaling metadata is embedded in the WAV file. The 
scaling factor relates the analog voltage to the digital 
level (Vrms/FS), and is used for scaling the display of 
values when using the APx500 file input configuration.

For analog acquisitions, the sample rate is set to be 
the same as the sample rate determined by the ana-
lyzer input configuration analog bandwidth setting, set 
in Signal Path Setup, as follows:

Input bandwidths beyond 90 kHz require the BW52 
Option; 1 MHz bandwidth requires input set to 1 chan-
nel.

The sample rate can be changed in the Advanced Set-
tings dialog.

Duration for linear recordings
Windows WAV files are limited to 4 GB. For 24-bit ste-
reo WAV files, this is approximately 1 hour at 192 kHz. 
Mono files and files with lower sample rates or bit 
depths can have longer durations. For longer record-
ings, APx automatically creates a sequential file (or a 
set of sequential files) providing a very long recording 
capability without loss of any data.

Note: The sequential file feature for very
long recordings is resource-intensive, and
requires a high performance level in terms
of PC CPU and hard disk speed, beyond the
minimum recommended computer required
to run APx500.

Bandwidth Sample Rate
22 kHz 48 kHz
45 kHz 96 kHz
90 kHz 192 kHz
250 kHz 624 kHz
500 kHz 1.248 MHz
1 MHz 2.496 MHz
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Noise (Q-peak)
(Sequence Mode)

Noise (Q-Peak) Level view provides a single-value mea-
surement of the noise level present at the output of 
each DUT channel, using a Q-peak detector and the 
CCIR/ITU-R BS 468-4 weighting curve. Use this mea-
surement if you are required to provide CCIR/ITU-R BS 
468-4 results.

Preparing for a Noise Measure-
ment
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

To measure the residual noise in a DUT, select None 
as the waveform, which will run the measurement with 
no stimulus signal. We recommend disconnecting any 
devices from the DUT inputs (including the APx gener-
ator, if connected), and terminating the DUT inputs 
with a low resistance, typically 0 ohms to a few hun-
dred ohms.

To test using a noise stimulus, select Noise or Browse 
for File, and connect the generator outputs to the DUT 
inputs.

Generator
Typically, the Noise (Q-Peak) measurement is used 
without a stimulus signal (Waveform: None), but a 
Noise signal or Generator Waveform files are also 
available.

If you choose to make a noise measurement with a 
stimulus signal, these signals are available. When 
Waveform is set to Noise, these choices will be avail-
able from the Noise Shape selector:

•White

•Pink

•IEC 60268-1

•BS EN 50332-1

See More About Noise Signals on page 509 for 
descriptions of these signals.

Alternatively, you can select a generator waveform file 
as the test signal, using the file browser in the Wave-
form drop-down menu. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

Level
Set the generator level here. Note that with Noise sig-
nals the generator level values are scaled differently; 
see More About Noise Signals on page 509.

Analyzer
The average Q-peak level across the default Acquisi-
tion Time of 250 ms is shown on the meter bar dis-
play. To adjust the Acquisition Time or the Delay Time 
(which sets the time of the beginning of the acquisi-
tion), go to Advanced Settings.

This measurement can be configured to measure jit-
ter in Signal Path Setup > Input > Measure. Read 
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detailed information about jitter generation and mea-
surement beginning on page 104.

Filtering
A fixed CCIR/ITU-R BS 468-4 weighting curve filter is 
used for Noise (Q-peak) measurements.

Low pass, high pass and weighting input filter settings 
made in Signal Path Setup > Input/Output > Filters 
will also affect this measurement. See Chapter 102 
for more information about filtering.

Advanced Settings
Advanced Settings makes available individual chan-
nel output level and offset controls, and input ranging 
and settling controls. See Advanced Settings on page 
508.

See Chapter 109 for more information about units of 
measurement.

Q-Peak Level

Noise (Q-Peak) Level provides a single-value meter 
result, displaying the Q-Peak noise level from each 
DUT channel, as measured at each analyzer input.

Units
Units available for Noise (Q-peak) are

Analog Signals Digital Signals

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Noise (RMS)
(Sequence Mode)

The Noise (RMS) measurement provides a single-
value result that shows the noise present at the out-
put of each DUT channel, using an rms detector. Typi-
cally, the Noise measurement is used without a 
stimulus signal (Waveform: None), but a Noise signal 
or Generator Waveform files are also available.

The Noise (RMS) measurement available in APx500 is:

•Noise: RMS Level

Preparing for a Noise Measure-
ment
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

To measure the residual noise in a DUT, select None 
as the waveform, which will run the measurement with 
no stimulus signal. We recommend disconnecting any 
devices from the DUT inputs (including the APx gener-
ator, if connected), and terminating the DUT inputs 
with a low resistance, typically 0  to a few hundred 
ohms.

To test using a noise stimulus, select Noise or Browse 
for File, and connect the generator outputs to the DUT 
inputs.

Generator
If you choose to make a noise measurement with a 
stimulus signal, these signals are available. When 
Waveform is set to Noise, these choices will be avail-
able from the Noise Shape selector:

•White

•Pink

•IEC 60268-1

•BS EN 50332-1

See More About Noise Signals on page 509 for 
descriptions of these signals.

Alternatively, you can select a generator waveform file 
as the test signal, using the file browser in the Wave-
form drop-down menu. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

Level
Set the generator level here. Note that with Noise sig-
nals the generator level values are scaled differently; 
see More About Noise Signals on page 509.

Analyzer
This measurement can be configured to measure jit-
ter in Signal Path Setup > Input > Measure. Read 
detailed information about jitter generation and mea-
surement beginning on page 104.
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Filters
Noise measurements are typically made within a lim-
ited passband. The default setting for noise level mea-
surements uses a 20 kHz low-pass filter and a 20 Hz 
high-pass filter.

Local high-pass, low-pass and weighting filters are 
available for this measurement. The low-pass and 
high-pass filters, if selected, are applied to the entire 
measured signal and affect all the results. The weight-
ing filter, if selected, affects only the distortion and 
distortion plus noise results. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Advanced Settings
Advanced Settings makes available individual chan-
nel output level and offset controls, and input ranging 
and settling controls. See Advanced Settings, next.

See Chapter 109 for more information about units of 
measurement.

Noise (RMS) Level

Noise (RMS) Level provides a single-value meter 
result, displaying the rms noise level from each DUT 
channel, as measured at each analyzer input.

Units
Units available for Noise (RMS) Level are

Advanced Settings for Noise Mea-
surement
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
If Waveform is set to None, no signal gener-
ation settings will be available.

You can set different output levels or DC offsets for 
each channel here.

If Levels Track Ch1 is checked (the default), the gen-
erator output level and DC offset values for channel 1 
are copied to the other channels, and values for chan-
nels greater than 1 cannot be edited. Any changes 
made to channel 1 are reproduced in the other chan-
nels.

To set individual generator output channel levels or 
offsets, uncheck the Levels Track Ch1 checkbox and 
enter values in the output channel Level or Offset 
fields.

Set Channel Assignments for generator wave-
forms
For stereo or multichannel generator waveform files, 
you can set channel mapping. By default, channel 1 

Analog Signals Digital Signals Jitter signals

•Vrms •dBFS •UI
•dBV •FS •dBUI
•dBu •%FS •s
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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audio is mapped to channel 1 output, channel 2 to 
channel 2, and so on. If the number of channels in the 
waveform file is less than the number of output chan-
nels, the waveform channels resume numbering at 1 
and wrap to the next available output channel. These 
assignments can be remapped by changing individual 
settings in the Wave Ch column, or by selection one of 
several presets from the Set Channel Assignments 
menu.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-

nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Delay Time
When the noise measurement is run from the Naviga-
tor or as part of a sequence, the acquisition is delayed 
for the time set here. This pause can avoid signal dis-
ruptions that may occur in the DUT when changing 
measurements. The Delay Time range is 0.0 s to 
10.0 s; the default setting is 300.0 ms.

Acquisition Time
Since noise is aperiodic, a very short acquisition may 
display a result that is well above or below the aver-
age noise level. In the Noise: RMS Level measure-
ment the signal is acquired over a period of time 
between 100 ms and 10 s, set in Acquisition Time. 
Longer acquisitions provide more repeatable results, 
but update more slowly. The default acquisition time is 
250 ms.

More About Noise Signals
The Noise signals in APx500 are generated in DSP. 
They have the following characteristics:

White noise
White noise has a power spectrum ideally constant 
per unit bandwidth from just above DC to half the 
sampling rate. The crest factor is between 3 and 5, 
and the probability distribution is close to Gaussian. 
The generation period is 232-1 samples long, which is 
about a day at 48 kHz.

Pink noise
Pink noise is generated from white noise using a filter, 
and inherits the statistics of the white noise. Pink 
noise has a power spectrum ideally constant per frac-
tional bandwidth from just above DC to half the sam-
pling rate. The signal power drops off below 10 Hz. 
The ideal pink power spectrum is maintained ±1.0 dB 
in the range 2x10-4 SR to 0.45 SR.

IEC 60268-1 noise
Noise according to the IEC 60268-1 standard is gener-
ated from pink noise passed through a weighting fil-
ter. IEC 60268-1 has a spectrum that mimics program 
material, including voice and music.

BS EN 50332-1 noise
BS EN 50332-1 is IEC 60268-1 noise with a reduced 
crest factor, accomplished by applying soft clipping. 
The crest factor is between 1.8 and 2.2. BS EN 
50332-1 noise supports headphone testing.
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Setting Generator levels when using 
noise signals
The RMS units assume a sine wave, which has a crest 
factor of the square root of 2 (approximately 1.414). 
None of the noise signals have this crest factor, so 
actual noise values will not be equal to the generator 
level in RMS-based units.

White noise is generated using a method that guaran-
tees that the peak value is equal to the generator level 
in peak units; Vp and Vpp will accurately specify the 
noise level. Note that for digital outputs there is no 
generator level peak unit.

The filters used in pink noise, IEC 60268-1 noise and 
BS EN 50332-1 noise alter the signal so that the maxi-
mum output cannot be guaranteed in the same way 
that the white noise can. Signal levels for these noise 
types will not be equal to the generator level setting 
for any units, but will be bounded by the Vp setting.
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Noise Recorder (RMS)
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

Noise Recorder (RMS) is a diagnostic tool that pro-
vides a record of an RMS noise measurement versus 
elapsed time. The record can be very long (up to one 
week), providing a means of monitoring the output of 
a device under test over an extended period of time. 
Typically, the Noise Recorder is used without a stimu-
lus signal (Waveform: None), but a Noise signal or 
Generator Waveform files are also available.

The Noise Recorder result available in APx500 is:

•RMS Level

Recording an audio file to disk
The Noise Recorder also provides a means of record-
ing the audio acquisition to a file. See Recording Audio 
to a File on page 467 for more information.

Preparing for a Noise Recorder 
measurement
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

To measure the residual noise in a DUT, select None 
as the waveform, which will run the measurement with 
no stimulus signal. We recommend disconnecting any 
devices from the DUT inputs (including the APx gener-
ator, if connected), and terminating the DUT inputs 
with a low resistance, typically 0 ohms to a few hun-
dred ohms.

To test using a noise stimulus, select Noise or Browse 
for File, and connect the generator outputs to the DUT 
inputs.

Operation
When Waveform is set to None, no stimulus is gener-
ated. Click Start and the RMS level of the noise in the 
DUT output is recorded.

When Waveform (below) is set to Noise or File, click 
Start. The generator will output the stimulus signal to 
the DUT on the selected generator channels at the 
level set in the Signal Generation panel. The RMS level 
of the noise in the DUT output is recorded.

Append Graph Data
Normally, the current graph data for all results is 
deleted each time you start a new measurement. If 
the Append box is checked, the current data is kept in 
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memory as a Data Set (see page 240), and the new 
measurement data is appended as a new data set. 
You can append many Data Sets.

Generator
Typically, noise measurements are made with no stim-
ulus signal. Once connections to the DUT outputs are 
made, the noise level is measured and displayed.

However, signal generation is available. 

 When Waveform is set to Noise, these choices will be 
available from the Noise Shape selector:

•White

•Pink

•IEC 60268-1

•BS EN 50332-1

See More About Noise Signals on page 509 for 
descriptions of these signals.

Alternatively, you can select a generator waveform file 
as the test signal, using the file browser in the Wave-
form drop-down menu. See Generator Waveforms on 
page 237.

Level
Set the generator level here. Note that with Noise sig-
nals the generator level value are scaled differently; 
see More About Noise Signals on page 509. 

Analyzer
Sweep Time
Sweep Time sets the length of the measurement 
record. Minimum time is 0.1 s, maximum time is 7 
days.

Enter the Sweep Time following this pattern: 

                                d:hh:mm:ss.s

where d = days, hh = hours, mm = minutes, ss = sec-
onds. Days and fractional seconds are optional.

Reading Rate
Reading Rate sets a maximum number of times the 
input signal will be read per second. In most cases the 
number of readings will be very close to this value. 
However, the rate is dependent upon PC performance 
and channel count, and may be lower. See More About 
Reading Rate on page 469.

Filters
Low-pass, weighting and high-pass filters are avail-
able for this measurement. In the case of the Noise 
Recorder, all three filters (if applied) act on the RMS 
Level result.

Noise measurements are typically made within a lim-
ited passband. The default setting for noise level mea-

surements uses a 20 kHz low-pass filter and a 20 Hz 
high-pass filter. 

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Save to File
Click this option to save the acquired audio to a file on 
disk. See Recording Audio to a File on page 467.

Running the measurement in File Input 
configuration

See Analyzing Audio Files in Chapter 24 for
more information about File Input configu-
ration.

If you have chosen File for an input configuration in 
Signal Path Setup, first click the File List... button to 
add input file(s) to a list for analysis. 

If your DUT is to be recording the WAV file, select a 
generator waveform and turn the generator ON, as 
described above. Configure your DUT to save a WAV 
file(s) whose file name(s) and location match the 
name specified in the File List.

If you are measuring an existing file (not recording 
from the generator but working in External Source), be 
sure that the file name(s) and location match the 
name(s) specified in the File List.

Finally, click the Analyze button. The first settled read-
ing (typically within the first 0.10 second of the file) is 
shown on the meter bar display. To take a reading 
later in the file, go to the Settling tab in Advanced Set-
tings and increase the Delay Time to the desired point 
in the file.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
see Advanced Settings for the Noise Recorder on page 
513.

Noise Recorder: RMS Level
The Measurement Recorder: Level measurement 
result will provide a record of RMS level versus 
elapsed time for any audio signal. The illustration 
shows a 10-second record of a noise signal on two 
channels.
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Units
Units available for Measurement Recorder: Level are:

See Chapter 109 for more information about units of 
measurement.

Advanced Settings for Noise 
Recorder
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
If Waveform is set to None, no signal gener-
ation settings will be available.

You can set different output levels or DC offsets for 
each channel here.

If Levels Track Ch1 is checked (the default), the gen-
erator output level and DC offset values for channel 1 
are copied to the other channels, and values for chan-
nels greater than 1 cannot be edited. Any changes 
made to channel 1 are reproduced in the other chan-
nels.

To set individual generator output channel levels or 
offsets, uncheck the Levels Track Ch1 checkbox and 
enter values in the output channel Level or Offset 
fields.

Set Channel Assignments for generator wave-
forms
For stereo or multichannel generator waveform files, 
you can set channel mapping. By default, channel 1 
audio is mapped to channel 1 output, channel 2 to 
channel 2, and so on. If the number of channels in the 
waveform file is less than the number of output chan-
nels, the waveform channels resume numbering at 1 
and wrap to the next available output channel. These 
assignments can be remapped by changing individual 
settings in the Wave Ch column, or by selection one of 
several presets from the Set Channel Assignments 
menu.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

X-axis Y-axis (analog) Y-axis (digital)

•s •Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Bandwidth (Sample Rate)
This control is only available when the ana-
lyzer input configuration is set to Analog. 

The Bandwidth (Sample Rate) control allows you to 
override the analog input bandwidth setting in Signal 
Path Setup. The input bandwidth set here operates 
only on the Noise Recorder.

Certain applications that may use the files created 
here require files of specific sample rate. For analog 
inputs, the default sample rate of a recorded file is 
determined by the input bandwidth setting, normally 
set in Signal Path Setup. This control allows selection 
of other bandwidths/sample rates. The analog input 
bandwidth (sample rate) settings, whether made here 
or in Signal Path Setup, result in channel-count con-
straints at high sample rates.

The bandwidth choices, followed by their correspond-
ing sample rates, are:

•2.75 kHz (6 kS/s)

•3.5 kHz (8 kS/s)

•5.5 kHz (12 kS/s)

•7 kHz (16 kS/s)

•11 kHz (24 kS/s)

•20 kHz (44.1 kS/s)

•22 kHz (48 kS/s)

•40 kHz (88.2 kS/s)

•45 kHz (96 kS/s)

•80 kHz (176.4 kS/s)

•90 kHz (192 kS/s)

•250 kHz (624 kS/s) (requires the APx555 or the 
BW52 Option)

•500 kHz (1.248 MS/s) (requires the APx555 or 
the BW52 Option)

•1 MHz (2.496 MS/s) (requires the APx555 or the 
BW52 Option, set to 1 channel)

•Use Signal Path (the default)

Note that recording files at bandwidths
a b ov e  9 0 k H z  (s a m p le  r a t es  a b o v e
192 kHz) requires a very fast PC and hard
disk, due to the high data rates. Slower sys-
tems can suffer recording interruptions and
failure.
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Pass/Fail
(Sequence Mode)

Pass/Fail is not a measurement, but a Navigator node 
designed to provide an opportunity for the operator or 
some external device to insert a Pass or Fail result in a 
sequence, unrelated to APx audio measurement 
results. The Pass/Fail result is included in the Report.

Whether or not this step presents a Pass, Fail or Can-
cel result, the Sequence continues.

Pass/Fail is only useful in an automated sequence.

Methods of Response
There are 4 methods of response to the Pass/Fail 
step in a sequence.

1. The Operator responds to a condition (an indicator 
light in the DUT, for example) by clicking the Pass, 
Fail or Cancel button on the prompt displayed on 
the computer screen. 

2. An Aux Control In condition is met (a specific pin 
goes high, for example) for Pass, Fail or Cancel. 
This could be in response to the operator pushing 
a physical button, or could be a signal from 
another device involved in the test. A temperature-
sensing device, for example, could send an Aux 
Control In Fail signal if the DUT temperature were 
out of range. Aux Control In conditions for Pass, 
Fail or Cancel can be set in Project/Sequence 
Properties > Dialog Button Aux Control (see page 
639).

3. The step calls a program, which runs to produce a 
text string. If the resulting text string matches the 
expected result, the step reports Pass; in any 
other case (wrong result, illegal path, etc.) the step 
reports Fail.

4. The step opens a text file that contains a text 
string. If the text string matches the expected 
result, the step reports Pass; in any other case 
(wrong text, illegal path, etc.) the step reports Fail.

Operation
Open Pass/Fail and place a check mark on its node to 
enter it as a sequence step. Move the node to the 
desired position in the sequence.

Choose the method of response

•Show Prompt 

•Run Program, or 

•Read Text File 

Click Settings to configure the response.

Show Prompt settings

Example prompt
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General Tab
Prompt to Display to User

Add any text you want to appear in the prompt here. 
You can also paste formatted text from the Windows 
clipboard into the text entry field. Long text can be 
scrolled in the prompt.

The toolbar at the top of the text entry area provides 
left, center and right alignment buttons. The font style 
button opens a dialog where you can select a new 
font, change point size, color, weight, and so on.

Pass Button
By default, the Pass button is labeled “Pass”. You can 
change the button label by setting the label checkbox 
and entering new text in the label field.

Fail Button
By default, the Fail button is labeled “Fail”. You can 
change the button label by setting the label checkbox 
and entering new text in the label field.

Show Cancel
By default, there in no Cancel button in the prompt. If 
you would like to add a Cancel button, set the check-
box here.

Close Dialogs using Aux Control
The operator can use Aux Control In commands to 
close the prompts dialogs during production test, 
enabling the use of physical devices rather than click-
ing on the computer screen. To configure Aux Control 
In to respond, right-click on the Project node to open 
the Project/Sequence Properties dialog (page 639).

Appearance tab
Image

You can place an image at the top of the user prompt. 
This could be a photograph or diagram with additional 
visual information to help the user.

Beneath the Image area, click the Browse... button 
and navigate to an image file (page 677). Select the 
image and click Open to place the image in the 
prompt. When an image is used, the image file is also 
attached to the project file.

Larger images will cause the prompt window size to 
increase to fill the available screen space, and will be 
scaled to fit in the prompt window.

Click Delete to remove the image from the prompt. 
Image files attached to the project but not currently in 
use can be removed by navigating to the dialog at File 
> Manage Attached Project Items... (see page 59).

Icon to Show on Prompt
Check one of the following (or None) to place a stan-
dard Windows attention icon on the prompt.

•None

•  Error

•  Question

•  Warning

•  Information

Run Program
When configured to Run Program, the Pass/Fail step 
calls a program, which runs to produce a text string. If 
the resulting text string matches the expected result, 
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the step reports Pass; in any other case (wrong result, 
illegal path, etc.) the step reports Fail.

Command:
Enter in the path and command for the external pro-
gram here, or browse to the program using the browse 
button.

Arguments:
Enter in the command arguments here, if any.

Working Folder:
Enter in the working folder here, if necessary, or 
browse to the folder using the browse button.

Expected Response
Enter the exact text you expect as a response.

Read Text File
When configured to Read Text File, the Pass/Fail step 
opens a text file. If the resulting text string in the file 
matches the expected result, the step reports Pass; in 
any other case (wrong text string, illegal path, etc.) the 
step reports Fail.

File:
Enter in the path and filename for the text file here, or 
browse to the file using the browse button.

Expected Contents
Enter the exact text you expect to be in the file.
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PESQ
(Sequence Mode)

This measurement requires a software
option key. See page 241 for more informa-
tion about software options.

PESQ (Perceptual Evaluation of Speech Quality) is a 
method of grading the quality of an audio communica-
tions channel, resulting in a MOS (Mean Opinion 
Score). See page 524 for more information about 
PESQ.

The PESQ measurement uses a speech sample stimu-
lus signal that is passed through the DUT and com-
pared with the original speech signal serving as a 
reference. A MOS result and a number of diagnostic 
cause analysis results are provided.

The PESQ measurement results available in APx500 
are:

Operation
If you have not yet set up your test, first go to Chapter 
7 “Signal Path Setup.” When Generator and Analyzer 
settings (below) are set for your test, click Start.

Append Graph Data
Normally, the current graph data for all results is 
deleted each time you start a new measurement. If 
the Append box is checked, the current data is kept in 
memory as a Data Set (see page 240), and the new 
measurement data is appended as a new data set. 
You can append many Data Sets.

Generator
Waveform
For the PESQ measurement, the APx generator can 
play a speech sample that conforms to PESQ require-

ments. APx provides one speech sample at a sample 
rate of 8 kHz and one at 16 kHz embedded in the 
PESQ measurement. Select one of these, or browse 
for a waveform file. An additional 32 speech samples 
are installed as .WAV waveforms during the installa-
tion of APx500.

Conforming waveforms are mono WAV files at a sam-
ple rate of 8 kHz or 16 kHz. Content should be speech 

•MOS (P.862.1) •Average Delay •Reference 
Waveform

•PESQ •Delay vs Time
•MOS vs Time •Acquired Wave-

form



Chapter 73: PESQ (Sequence Mode)

520 APx500 User’s Manual

samples. Length is typically 5 to 10 seconds; maxi-
mum length is 35 seconds.

Description
This field displays information about the current wave-
form. 

Level
Set the generator output level in this field.

The Level control sets the level of the generator out-
put to the value entered in the Level field, for a maxi-
mum level in the waveform file. See Generator 
Waveform Files on page 79 for a general discussion of 
generator level when playing waveform files.

Channel
The generator will output the speech samples to the 
DUT on the selected generator channels.

Start
The Start button runs the measurement. For closed 
loop operation, Start outputs the speech sample sig-
nal and prepares the analyzer for acquisition. For 
External Source (open loop) measurements, Start pre-
pares the analyzer for acquisition, awaiting a speech 
sample from the DUT.

Using Output EQ with PESQ waveforms
See Output EQ on page 246.

If you are testing with complex waveforms (such as 
speech waveforms for PESQ) and find that the genera-
tor limiting feature of Output EQ reduces the level so 
far that you cannot attain the necessary Active Speech 
Level at the transducer, an alternative method is to 
use the APx EQ .wav Files Utility. Read about the utility 
by searching for the file “APx EQ .wav Files Utility 
Instructions.pdf” at ap.com. 

Analyzer
Filters

There are no local filters available for this
measurement; the global filters in Signal
Path Setup > Input/Output will affect this
measurement, if set. Read more about APx
Filters in Chapter 102.

Reference Signal
in Closed Loop configuration...
In closed loop configuration, the Reference Signal is 
usually the Generator Waveform that is currently 
selected. 

In situations where you have externally modified or 
EQ’d a Reference Waveform (equalized to compen-
sate for loudspeaker response, for example), you have 

the option to select an alternative Reference Signal 
(the unmodified reference waveform, for example) 
here.

in External Source configuration...
When in External Source (open loop) configuration, 
you must choose a reference speech sample file here. 
The speech sample file (or compensated speech sam-
ple file) being played from the DUT must correspond to 
the Reference Signal chosen here.

Mode
Conforming PESQ speech sample files have an 8 kHz 
sample rate for testing narrowband channels, and a 
16 kHz sample rate for testing wideband channels. 
The Mode setting is forced to Wideband for 16 kHz 
sample rate reference files. For 8 kHz sample rate ref-
erence files, the Mode should be set to Narrowband. 
In mixed narrowband/wideband environments, set the 
Mode selector to Wideband, even if the reference file 
has a sampling rate of 8 kHz.

Extend Acq. Time
The acquisition time is set to the length of the speech 
sample (selected either in Waveform, for closed loop, 
or Reference Signal for External Source (open loop), 
plus the time set in this field. If you suspect you are 
getting poor results because the acquisition length is 
truncating the input signal, add time here.

This field is not available if Input Configuration is set 
to File. In File Input, the acquisition time is set to the 
length of the input file. In either case, the maximum 
acquisition length is 35 seconds.

Auto adjust leading/trailing silence
The PESQ implementation will automatically adjust the 
length of the leading and trailing silence of a speech 
sample to ensure that the length conforms to the ITU 
recommendations. When this checkbox is checked 
(the default), the automatic length adjustment is ON.

For PESQ conformance testing, switch this feature OFF 
to remain backward compatible.

Save to File
You can record the PESQ audio signal to a file as the 
signal is being acquired. Click Save to File before you 
run the PESQ measurement. See Recording Audio to a 
File on page 467 for more information.

File Settings
When saving a PESQ acquisition to a file, click File Set-
tings to specify the file name and location.

Advanced Settings
If you’d like to adjust analyzer ranging parameters, 
click Advanced Settings. See Advanced Settings for 
PESQ on page 523. Read more about Units in Chap-
ter 109.
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PESQ: MOS (P.862.1) result

The PESQ: MOS result is the primary result for the 
PESQ measurement. The PESQ score is mapped to 
MOS-LQO using P.862.1 for narrowband analysis, or 
P.862.2 for wideband analysis.

Additional Control for MOS result
Analyze

•All
Analyzes the entire speech sample. This mode is 
supported by the ITU-T P.862 standard for MOS 
results.

•Active Speech
Analyzes only the speech portions of the sample.

•Silence
Analyzes only the relative silence between the 
speech portions.

Units
Units for PESQ: MOS are:

•MOS-LQO

PESQ: PESQ result

The PESQ: PESQ result shows the PESQ score for nar-
rowband analysis. The PESQ score should be treated 

as an intermediate result, and the MOS scores 
reported instead. 

Additional Control for PESQ result
Analyze

•All
Analyzes the entire speech sample. This mode is 
supported by the ITU-T P.862 standard for MOS 
results.

•Active Speech
Analyzes only the speech portions of the sample.

•Silence
Analyzes only the relative silence between the 
speech portions.

Units
Units for PESQ: PESQ results are:

•PESQ

PESQ: MOS vs Time result

The PESQ: MOS vs Time is useful for cause analysis. 
The result shows a graph of the MOS score versus 
elapsed time.

Units
Units for PESQ: Delay vs Time are:

X-axis
•s (seconds)

Y-axis
•MOS-LQO
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PESQ: Average Delay result

The PESQ: Average Delay result is useful for cause 
analysis. The result shows the average signal delay 
through the DUT or system.

Units
Units for PESQ: Average Delay are:

•s (seconds)

PESQ: Delay vs Time result

The PESQ: Delay vs Time result is useful for cause 
analysis. The result shows signal delay time versus 
elapsed time.

Units
Units for PESQ: Delay vs Time are:

X-axis
•s (seconds)

Y-axis
•s (seconds)

PESQ: Acquired Waveform result

The PESQ: Acquired Waveform result is useful for 
cause analysis. The result shows a time-domain view 
of the acquired speech sample waveform. 

Additional Control for Acquired Wave-
form result
Show Dropouts
APx compares the acquired waveform to the refer-
ence waveform. A signal dropout is defined as a loca-
tion where there is signal in the reference waveform 
but no signal in the acquired waveform. 

When the Show Dropouts checkbox is checked (the 
default), APx highlights dropout locations on the 
graph.

Playback
You can play the PESQ measurement Acquired Wave-
form through the PC Windows audio. Click the Play-
back menu to list the available acquired channels, 
and play the desired channel by selecting it.

Units
Units available for PESQ: Acquired Waveform are:

X-axis Y-axis (analog) Y-axis (digital)

•s (seconds) •V •D
•hex
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PESQ: Reference Waveform result

The PESQ: Reference Waveform result is result is use-
ful for cause analysis. The result shows a time-domain 
view of the reference speech sample waveform.

Units
Units for PESQ: Reference Waveform are:

Advanced Settings for PESQ
The default settings here are appropriate for meter 
(single value) measurements under most conditions. 
You may want to make minor adjustments for special 
situations.

Signal Generation
If Levels Track Ch1 is checked (the default), the gener-
ator output level value for channel 1 is copied to the 
other channels, and output levels for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels.

To set individual generator output channel levels, 
uncheck the Levels Track Ch1 checkbox and enter val-
ues in the output channel Level fields.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging. You will hear relays click-
ing when the ranging changes.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Auto Range and PESQ
PESQ and other perceptual audio measurements use 
voice samples as test signals, and operate best when 
ranging is fixed. See When autoranging isn’t suitable 
on page 742.

X-axis Y-axis (analog) Y-axis (digital)

•s (seconds) •V •D
•hex
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More about PESQ and perceptual 
audio testing
Overview
PESQ (Perceptual Evaluation of Speech Quality), like 
POLQA, is a method of grading the quality of an audio 
communications channel. Perceptual audio evalua-
tion methods were developed to enable evaluation of 
audio quality in channels of compromised perfor-
mance, where conventional measurements such as 
THD+N may provide results that are not useful.

Although still in wide use, PESQ has been succeeded 
by POLQA, which avoids certain weaknesses in PESQ, 
and is extended towards higher bandwidth audio sig-
nals.

Perceptual audio evaluation techniques are based on 
subjective experiments with listeners, and do not use 
simple periodic waveforms or sweeps as most APx 
measurements do; consequently, the perceptual eval-
uation results cannot be stated as physical values 
such as volts or hertz. Instead, listeners’ opinions of 
quality (or algorithms designed to respond similarly) 
are averaged and scored.

PESQ and POLQA are both methods of producing MOS 
results without actually using a room full of listeners. 
Instead, pre-recorded speech samples are passed 
through a DUT or system and are compared with the 
original speech sample. A sophisticated algorithm 
evaluates the difference between the reference audio 
and the degraded audio, and produces a result.

Channels of compromised audio quality
Many speech communications channels have limited 
audio capabilities, when compared to full fidelity chan-
nels optimized for music transmission. The limited 
capabilities of speech channels may provide other 
benefits: lower cost, lower bandwidth, lower power 
requirements, and so on.

Most of the I/O interfaces offered in an APx analyzer 
have very high fidelity capabilities, but in some cases 
the configuration for a low data rate DUT may make 
PESQ or POLQA-type evaluations valuable. Passing a 
stimulus signal through a telephone network, for 
example, will likely degrade the signal substantially, as 
will low data rate codecs. The Bluetooth HSP and HFP 
profiles, in particular, are of moderate fidelity. Blue-
tooth manufacturers often use PESQ or POLQA to 
characterize Bluetooth devices operating in these pro-
files.

MOS (Mean Opinion Score)
Perceptual audio evaluations are typically made with a 
number of listeners, who provide opinions about the 
quality of audio samples they have listened to. Typi-
cally, many audio samples, many listeners and many 
iterations are used, and the results are averaged into 

a MOS (Mean Opinion Score). MOS is expressed in a 
unitless scale from 1 to 5, representing the average 
opinion of quality, as shown in this table:

MOS results in APx are reported as MOS-LQO (LQO 
stands for Listening-only Quality, Objective). For PESQ 
results, these reference the PESQ-to-MOS mapping: 
P.862.1 for narrowband, and P.862.2 for wideband.

PESQ ITU-T P.862 (2001)
The PESQ algorithm is defined in ITU-T Recommenda-
tion P.862 (2001).

Narrowband / Wideband testing
Narrowband has a bandwidth of 300–3400 Hz and 
uses a filter in analysis to emulate the characteristics 
of a telephone handset. Digital files for PESQ narrow-
band have a sampling rate of 8 kHz. Narrowband 
PESQ results are mapped to MOS-LQON according to 
P.862.1.

Wideband has a bandwidth of 50–7000 Hz and uses 
flat filtering. Digital files for PESQ wideband have a 
sampling rate of 16 kHz. Wideband PESQ results are 
mapped to MOS-LQOW according to P.862.2. The 
mapping algorithm in P.862.2 is slightly different from 
the algorithm in P.862.1.

In either case, the PESQ result itself should be consid-
ered an intermediate result, and the MOS score the 
primary result.

The standard forbids mixing of wideband and narrow-
band results. If wideband networks have to be com-
pared to narrowband networks, then the wideband 
version of PESQ has to be used in both cases. 

See http://www.itu.int/rec/T-REC-P.862/ for the lat-
est ITU standard.

The PESQ score is available for the entire signal, or for 
the active speech parts of the signal only, or for the 
silent periods only.

Speech samples
PESQ evaluates speech samples. You can record your 
own samples, or obtain speech sample files from 
other sources. The ITU has created a number of sam-
ples designed to cover the range of speech sounds 
uttered by men and women in a range of languages. 
These are available at http://www.itu.int/net/itu-t/
sigdb/genaudio/Pseries.htm and 
http://www.itu.int/rec/T-REC-P.501-200912-S/en. 
See the ITU P501E documentation at the second link 

MOS Quality Impairment

5 Excellent Imperceptible
4 Good Perceptible but not annoying
3 Fair Slightly annoying
2 Poor Annoying
1 Bad Very annoying
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for detailed information about creating and using 
speech samples.

For PESQ, APx500 provides one speech sample at a 
sample rate of 8 kHz and one at 16 kHz embedded in 
the measurement. An additional 32 speech samples 
are installed as .WAV files during the installation of 
APx500, at C:\Program Files\Audio Precision\APx500 
[version]\Waveforms\PESQ\...

The PESQ algorithm has been extensively tested 
against a number of European and Asian languages 
and performs well. For detailed information, refer to 
the ITU publication ITU-T-REC-P862 3-200711.pdf.

Averaging
Averaging multiple speech samples across multiple 
iterations provides the most reliable MOS results. 
APx500 provides a PESQ (Averaged) measurement 
that enables you to average up to 64 speech samples 
or iterations.

Other results
The primary PESQ results in APx500 are the MOS 
(P.862.1) result and the MOS Average (P.862.1) result.

Other results are provided that are unsupported by 
ITU-T P.862. These results may be helpful in diagnos-
tics and cause analysis in the DUT or system.
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PESQ (Averaged)
(Sequence Mode)

This measurement requires a software
option key. See page 241 for more informa-
tion about software options.

PESQ (Perceptual Evaluation of Speech Quality) is a 
method of grading the quality of an audio communica-
tions channel, resulting in a MOS (Mean Opinion 
Score). See page 524 for more information about 
PESQ.

This measurement provides a means to average a 
number of PESQ measurements, producing a single 
MOS Average result per channel. Best practice recom-
mends at least two male and two female voice sam-
ples, each averaged several times. Some testers will 
use many different voice samples, repeated and aver-
aged many times.

The PESQ (Averaged) measurement uses a speech 
sample stimulus signal that is passed through the DUT 
and compared with the original speech signal serving 
as a reference. A MOS result and a number of diag-
nostic cause analysis results are provided.

The PESQ (Averaged) measurement is not available in 
External Source (open loop) configuration, or when 
Input Configuration is set to File. 

The PESQ (Averaged) measurement results available 
in APx500 are:

Operation
If you have not yet set up your test, first go to Chapter 
7 “Signal Path Setup.”

Start
When Signal Generation and Signal Analysis (below) 
are set and you have imported all your reference files, 
click Start. The files will be played through the DUT, 
one at a time. 

Append Graph Data
Normally, the current graph data for all results is 
deleted each time you start a new measurement. If 
the Append box is checked, the current data is kept in 
memory as a Data Set (see page 240), and the new 
measurement data is appended as a new data set. 
You can append many Data Sets.

•MOS Average
•File MOS
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Generator
Level
Set the generator output level in this field.

The Level control sets the level of the generator out-
put to the value entered in the Level field, for a maxi-
mum level in the waveform file. See Chapter 6 for a 
general discussion of generator level when playing 
waveform files.

Generator Channels
The generator will output the speech samples to the 
DUT on the selected generator channels. 

Reference Files
For a PESQ measurement, a reference file in the APx 
is played through the generator, and the output of the 
DUT or communications channels under test is com-
pared to the reference file. For multiple averaging iter-
ations with the same file or with different files, browse 
to enter the files in the grid here. These reference files 
will be played and analyzed in the order shown in the 
grid. The minimum number of files is 2; the maximum 
number of files is 64.

Audio Precision provides 32 speech samples, installed 
as .WAV waveforms during the installation of APx500.

Conforming waveforms are mono WAV files at a sam-
ple rate of 8 kHz or 16 kHz. Content should be speech 
samples. Length is typically 5 to 10 seconds; maxi-
mum length is 35 seconds.

Use the folder icon to open a file browser. You can add 
files already in the project, or you can browse for files 
on disk. If you choose files of mixed sampling rates, 
the analysis Mode will be constrained to Wideband.

Select a file to delete it, or to move it up or down in the 
list using the arrow buttons.

Analyzer
Filters

There are no local filters available for this
measurement; the global filters in Signal
Path Setup > Input/Output will affect this
measurement, if set. Read more about APx
Filters in Chapter 102.

As the generator moves through the Reference Files 
list, the analyzer acquires the signal and matches the 
audio received to the reference files, one at a time. 
The PESQ algorithm assigns a PESQ score, which is 
then mapped to a MOS score. A running average of 
the MOS scores is displayed, with the final value being 
the average of the scores of all the reference files.

Mode
Conforming PESQ speech sample files have an 8 kHz 
sample rate for testing narrowband channels, and a 
16 kHz sample rate for testing wideband channels. 
The Mode setting is forced to Wideband for 16 kHz 
sample rate reference files. For 8 kHz sample rate ref-
erence files, the Mode should be set to Narrowband. 
In mixed narrowband/wideband environments, set the 
Mode selector to Wideband, even if the reference file 
has a sampling rate of 8 kHz. For files of mixed sam-
pling rates, the Mode will be constrained to Wideband.

Extend Acq. Time:
The acquisition time is set to the length of the speech 
sample (selected either in Waveform, for closed loop, 
or Reference Signal for External Source (open loop), 
plus the time set in this field. If you suspect you are 
getting poor results because the acquisition length is 
truncating the input signal, add time here.

Auto adjust leading/trailing silence
The PESQ implementation will automatically adjust the 
length of the leading and trailing silence of a speech 
sample to ensure that the length conforms to the ITU 
recommendations. When this checkbox is checked 
(the default), the automatic length adjustment is ON.

For PESQ conformance testing, switch this feature OFF 
to remain backward compatible.

Advanced Settings
If you’d like to adjust analyzer ranging parameters, 
click Advanced Settings. See Advanced Settings for 
PESQ on page 523. Read more about Units in Chap-
ter 109.

PESQ (Averaged): MOS Average 
result

The PESQ: MOS Average (P.862.1) result is the pri-
mary result for the PESQ (Averaged) measurement. 
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The PESQ score is mapped to MOS-LQO using P.862.1 
for narrowband analysis, or P.862.2 for wideband 
analysis. This result provides an average of all the 
MOS scores of the speech samples in the Reference 
Files list.

Additional Control for MOS result
Analyze

•All
Analyzes the entire speech sample. This mode is 
supported by the ITU-T P.862 standard for MOS 
results.

•Active Speech
Analyzes only the speech portions of the sample.

•Silence
Analyzes only the relative silence between the 
speech portions.

Units
Units for PESQ (Averaged): MOS Average are:

•MOS-LQO

PESQ (Averaged): File MOS result

The PESQ (Averaged): File MOS (P.862.1) result is use-
ful for cause analysis. The result shows the MOS score 
for each of the files in the Reference Files list.

Additional Control for File MOS result
Analyze

•All
Analyzes the entire speech sample. This mode is 
supported by the ITU-T P.862 standard for MOS 
results.

•Active Speech
Analyzes only the speech portions of the sample.

•Silence
Analyzes only the relative silence between the 
speech portions.

Units
Units for PESQ (Averaged): File MOS are:

X-Axis
•File number

Y-Axis
•MOS-LQO
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POLQA
(Sequence Mode)

This measurement requires a software
option key. See page 241 for more informa-
tion about software options.

Note: POLQA measurements depend upon
correct level settings throughout the signal
path, and will provide inaccurate results
when levels are not properly set. See Level
alignment for POLQA on page 539  for
detailed information.

POLQA (Perceptual Objective Listening Quality Assess-
ment) is a method of grading the quality of an audio 
communications channel, resulting in a MOS (Mean 
Opinion Score). See page 537 for more information 
about POLQA.

The POLQA measurement uses a speech sample stim-
ulus signal that is passed through the DUT and com-
pared with the original speech signal serving as a 
reference. A MOS result and a number of diagnostic 
cause analysis results are provided.

The POLQA measurement results available in APx500 
are:

Operation
If you have not yet set up your test, first go to Chapter 
7, Signal Path Setup.

When Signal Generation and Signal Analysis (below) 
are set for your test, click Start.

Append Graph Data
Measured data are grouped in a Data Set (see page 
240), which contains all acquisition results. Normally, 
the current graph data are deleted each time you start 

a new measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets. The Data Sets Panel (see page 766) dis-
plays the Data Set(s) in the measurement, and pro-
vides a visibility checkbox and a Notes field for each 
data set. 

•MOS (LC IRS 
P.863)

•Average Delay •POLQA Result 
Data

•POLQA G.107 •Delay vs Time •Acquired Wave-
form

•MOS vs Time •Delay vs Time 
(Resampled)

•Reference 
Waveform
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Generator (closed loop configura-
tion)
Waveform
For POLQA, a speech sample used as a test stimulus 
is called the reference signal. 

For the POLQA measurement, the APx generator can 
play a speech sample that conforms to POLQA require-
ments; this is the reference signal. APx provides one 
speech sample at each of three sample rates: 8 kHz, 
16 kHz and 48 kHz, embedded in the POLQA mea-
surement. Select one of these, or browse for a wave-
form file. More POLQA speech samples are installed at 
C:\Program Files\Audio Precision\APx500 [ver-
sion]\Waveforms\POLQA\...

Conforming waveforms are mono WAV files at a sam-
ple rate of 8 kHz, 16 kHz or 48 kHz, at a 16-bit word 
length (bit depth). Content should be speech sam-
ples. Length is typically 5 to 10 seconds; maximum 
length is 12 seconds. Files must be properly filtered 
and optimized for an Active Speech Level (ASL) of 
–26 dBov, using the ITU-T P.56 meter. See Level align-
ment for POLQA on page 539 for more information.

Description
When using a POLQA speech signal from a file on disk, 
this field displays information about the current wave-
form.

Level
Set the generator output level in this field. 

For analog output, the file overload level (0 dBFS) is 
scaled to the value set in Level. A properly made 
POLQA speech signal will have an ASL of –26 dBov 
(equivalent to –26 dBFS), so the ASL in the analog 
output will be 26 dB below the value set in Level.

For digital output, the Level should be set to –0.000 
dBFS to maintain correct ASL in the digital output 
stream.

See Level alignment for POLQA on page 539 for 
detailed information. See Generator Waveform Files 
on page 79 for a general discussion of generator level 
when playing waveform files.

Offset
Set an optional DC offset to the signal here.

Channel
The generator will output the speech samples to the 
DUT on the selected generator channels. Note that the 
Audio Precision POLQA-2 software option only enables 
POLQA analysis on 2 channels.

Using Output EQ with POLQA wave-
forms
See Output EQ on page 246.

If you are testing with complex waveforms (such as 
speech waveforms for POLQA) and find that the gener-
ator limiting feature of Output EQ reduces the level so 
far that you cannot attain the necessary Active Speech 
Level at the transducer, an alternative method is to 
use the APx EQ .wav Files Utility. Read about the utility 
by searching for the file “APx EQ .wav Files Utility 
Instructions.pdf” at ap.com. 

External Source (open loop) configura-
tion
Go to Signal Path Setup to choose the None (External) 
Output Configuration. 

For External Source, the APx generator is not used. 
The DUT is a player or receiver that provides the stimu-
lus signal. To enable the POLQA measurement to oper-
ate, the signal must be a conforming speech sample 
and must match the speech sample selected in Sig-
nal Acquisition and Analysis: Reference Signal. Read 
more about External Source in Chapter 6.

File Input configuration
Read more about File Input Configuration on page 
225.

If you have chosen File for an input configuration in 
Signal Path Setup, the Analyze button will be added to 
the top of the measurement settings panel. Click the 
File List... button to add input file(s) to a list for analy-
sis. To enable the POLQA measurement to operate, 
the signal must be a conforming speech sample and 
must match the speech sample selected in Signal 
Generation: Waveform (for closed loop) or Signal 
Acquisition and Analysis: Reference Signal (for open 
loop / external source).

If your DUT is to be recording the WAV file, select a 
generator waveform speech sample and click Start, as 
described above. Configure your DUT to save a WAV 
file(s) whose file name(s) and location match the 
name specified in the File List.

If you are measuring an existing file (not recording 
from the generator but working in External Source), be 
sure that the file name(s) and location match the 
name(s) specified in the File List. For POLQA measure-
ments, the matching speech sample file must be 
available for selection as the Reference Signal.

Finally, click the Analyze button. The results will be 
shown on the graph display.

Start
The Start button runs the measurement. For closed 
loop operation, Start outputs the speech sample sig-
nal and prepares the analyzer for acquisition. For 
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External Source (open loop) measurements, Start pre-
pares the analyzer for acquisition, awaiting a speech 
sample from the DUT.

Analyzer
For POLQA, the signal to be analyzed is called the 
degraded signal.

The SW-POLQA-2 option only provides POLQA analysis 
on input channels 1 and 2. To authorize more chan-
nels, contact your Audio Precision representative.

Filters
There are no local filters available for this
measurement; the global filters in Signal
Path Setup > Input/Output will affect this
measurement, if set. Filter use in POLQA
measurements may degrade MOS scores.
Read more about APx Filters in Chapter
102.

Reference Signal
in Closed Loop configuration...
In closed loop configuration, the Reference Signal is 
usually the Generator Waveform that is currently 
selected. 

In situations where you have externally modified or 
equalized a Reference Waveform (to compensate for 
loudspeaker response, for example), you have the 
option to select an alternative Reference Signal (the 
unmodified reference waveform, for example) here.

in External Source configuration...
When in External Source (open loop) configuration, 
you must choose a reference speech sample file here. 
The speech sample file (or compensated speech sam-
ple file) being played from the DUT must correspond to 
the Reference Signal chosen here.

Note: the use a reference file whose sam-
ple rate differs from the target file is not
standards compliant, and an error will be
thrown. To suppress this error, set the Auto
Resampling checkbox in Advanced Settings.

ITU Version
The original POLQA V1.1 description in ITU-T P.863 
(2011) has been superseded by POLQA V2.4, 
described in ITU-T P.863 (2014). Choose the POLQA 
version you would like to test against here. See More 
About POLQA on page 537.

Mode
Conforming POLQA speech sample files have an 8 kHz 
sample rate for testing Narrowband (P.863) channels, 
a 16 kHz sample rate for testing Wideband (P.863) 
channels, and a 48 kHz sample rate for testing Super-

Wideband (P.863) channels. The mode is selected 
automatically by the POLQA measurement based on 
the sample rate contained in the reference file.

A conforming POLQA speech file is also optimized for 
an Active Speech Level (ASL) of –26 dBov ASL, using 
the ITU-T P.56 meter. See Level alignment for POLQA 
on page 539.

Extend Acq. Time
The acquisition time is set to the length of the speech 
sample (selected either in Waveform, for closed loop, 
or Reference Signal for External Source (open loop), 
plus the time set in this field. If you suspect you are 
getting poor results because the acquisition length is 
truncating the input signal, add time here; 10 s is the 
maximum.

This field is not available if Input Configuration is set 
to File. In File Input, the acquisition time is set to the 
length of the input file. In either case, the maximum 
acquisition length is 35 seconds.

Save to File
You can record the POLQA audio signal to a file as the 
signal is being acquired. Click Save to File before you 
run the POLQA measurement. See Recording Audio to 
a File on page 467 for more information.

File Settings
When saving a POLQA acquisition to a file, click File 
Settings to specify the file name and location.

Overload Ref:
A key difference between POLQA and PESQ is in sensi-
tivity to signal level. PESQ ignores level, but POLQA will 
produce poor MOS scores if the active speech level 
(ASL) presented to the algorithm is not matched 
(within a certain range) to the ASL of the reference 
file, which itself must be ASL-optimized for POLQA.

The Overload Ref: field is available when Auto level 
alignment is OFF (the default; see below). Enter the 
overload value of the DUT or system under test here to 
correctly align the ASL. For analog signals, the value 
set here is typically the clipping point of the analog 
DUT; for digital signals, the value is typically 0 dBFS. 
See Level alignment for POLQA on page 539.

Auto Level Alignment
APx provides an Auto level alignment checkbox to 
automatically align the input stream ASL to the level 
required, which makes good MOS scores easier to 
obtain. This is useful if your test requirements do not 
consider signal level, or if temporarily defeating level 
sensitivity is helpful in diagnosis. However, when Auto 
level alignment is ON, the APx POLQA measurement is 
not compliant with the ITU-T P.863 standard.
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See Level alignment for POLQA on page 539 for infor-
mation on adjusting levels to optimize MOS scores 
while remaining standards-compliant.

Auto resampling
If this checkbox is checked, the POLQA algorithm 
defaults to the lowest sampling rate when it detects a 
difference between the reference and target signals, 
and suppresses the error that is thrown. This may 
result in an improved score, but the result will not be 
standards compliant.

High accuracy mode
When checked, High-accuracy mode engages a mech-
anism in the POLQA algorithm that shifts the time 
alignment of the degraded signal in sub-sample steps 
to find the optimal (highest) MOS score. Use this fea-
ture if it provides better results in your test. See Sub-
sample time shift on page 539.

Warnings
If the level of either the reference signal or the 
degraded signal is too high or too low, a warning sym-
bol is displayed. View POLQA Result Data result (page 
535) for level data. 

If either signal is too long, a warning symbol is dis-
played. POLQA signals must be less than 12 seconds 
long.

Advanced Settings
If you’d like to adjust analyzer ranging parameters, 
click Advanced Settings. See Advanced Settings on 
page 536. Read more about Units in Chapter 109.

POLQA: MOS (LC IRS P.863) 
result

The POLQA: MOS result is the primary result for the 
POLQA measurement. The POLQA score is mapped to 
MOS-LQO LC STANDARD IRS P.863.

Units
Units for POLQA: MOS (LC STANDARD IRS P.863)

 are:

•MOS-LQO

POLQA: POLQA G.107 result

The POLQA: POLQA G.107 result shows the POLQA 
score for Wideband and SuperWideband analysis. This 
result is invalid and not populated with data in Narrow-
band analysis.

The POLQA G.107 score should be treated as an inter-
mediate result, and the MOS scores reported instead

Units
Units for POLQA: POLQA G.107 results are:

•G.107

POLQA: MOS vs Time result

The POLQA: MOS vs Time is useful for cause analysis. 
The result shows a graph of the MOS score versus 
elapsed time.

Units
Units for POLQA: Delay vs Time are:

X-axis
•s (seconds)



Chapter 75: POLQA (Sequence Mode)

APx500 User’s Manual 535

Y-axis
•MOS-LQO

Read more about Units in Chapter 109.

POLQA: Average Delay result

The POLQA: Average Delay result is useful for cause 
analysis. The result shows the average signal delay 
through the DUT or system.

Units
Units for POLQA: Average Delay are:

•s (seconds)

POLQA: Delay vs Time result

The POLQA: Delay vs Time result is useful for cause 
analysis. The result charts the delay between refer-
ence and acquisition over the span of the POLQA mea-
surement.

Units
Units for POLQA: Delay vs Time are:

X-axis
•s (seconds)

Y-axis
•s (seconds)

POLQA: Delay vs Time (Resam-
pled) result

The POLQA: Delay vs Time (Resampled) result is use-
ful for cause analysis. The result charts the delay 
between reference and acquisition over the span of 
the POLQA measurement, after Auto resampling has 
been applied.

Units
Units for POLQA: Delay vs Time are:

X-axis
•s (seconds)

Y-axis
•s (seconds)

POLQA: POLQA Result Data

POLQA Result data displays 19 results calculated by 
the POLQA algorithm. Each time a POLQA measure-
ment is made, the 19 results are updated. 
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Reviewing these data while setting levels for a POLQA 
measurement can be helpful, as the reference ASL 
and the degraded ASL are both shown, and the Over-
load Ref value can be adjusted to properly align these 
values.

Units
Units for POLQA: Delay vs Time are:

X-axis
•s (seconds)

Y-axis
•s (seconds)

POLQA: Acquired Waveform 
result

The POLQA: Acquired Waveform result is useful for 
cause analysis. The result shows a time-domain view 
of the acquired speech sample waveform. 

Additional Controls for Acquired Wave-
form result
Show VAD
If Show VAD regions is checked the result will indicate 
graphically on the acquired waveform where the 
POLQA algorithm’s Voice Activity Detection has found 
voice sounds and performed its analysis. VAD data is 
not exported nor retained in the project.

Playback
You can play the POLQA measurement Acquired Wave-
form through the PC Windows audio. Click the Play-

back menu to list the available acquired channels, 
and play the desired channel by selecting it.

Units
Units available for POLQA: Acquired Waveform are:

POLQA: Reference Waveform 
result

The POLQA: Reference Waveform result is result is 
useful for cause analysis. The result shows a time-
domain view of the reference speech sample wave-
form.

Units
Units for POLQA: Reference Waveform are:

Advanced Settings for POLQA
The default settings here are appropriate for meter 
(single value) measurements under most conditions. 

X-axis Y-axis (analog) Y-axis (digital)

•s (seconds) •V •D
•hex

X-axis Y-axis (analog) Y-axis (digital)

•s (seconds) •V •D
•hex
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You may want to make minor adjustments for special 
situations.

Signal Generation
If Levels Track Ch1 is checked (the default), the gener-
ator output level value for channel 1 is copied to the 
other channels, and output levels for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels.

To set individual generator output channel levels, 
uncheck the Levels Track Ch1 checkbox and enter val-
ues in the output channel Level fields.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging. You will hear relays click-
ing when the ranging changes.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 

range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Auto Range and POLQA
POLQA and other perceptual audio measurements use 
voice samples as test signals, and operate best when 
ranging is fixed. See When autoranging isn’t suitable 
on page 742.

More about POLQA and percep-
tual audio testing
Overview
The POLQA perceptual measurement algorithm is a 
joint development of OPTICOM, SwissQual and TNO, 
protected by copyrights and patents and available 
under license as software for various platforms. 

POLQA (Perceptual Objective Listening Quality Assess-
ment), like PESQ, is a method of grading the quality of 
an audio communications channel. Perceptual audio 
evaluation methods were developed to enable evalua-
tion of audio quality in channels of compromised per-
formance, where conventional measurements such as 
THD+N may provide results that are not useful.

POLQA is the successor of PESQ (ITU-T Rec. P.862). 
POLQA avoids weaknesses of the current P.862 model 
and is extended towards handling of higher band-
width audio signals. Further improvements target the 
handling of time scaled signals and signals with many 
delay variations. Similarly to P.862,[2] (PESQ), POLQA 
supports measurements in the common telephony 
band (300–3400 Hz), but in addition it has a second 
operational mode for assessing HD-Voice in wideband 
and super-wideband speech signals (50–14000 Hz). 
POLQA also targets the assessment of speech signals 
recorded acoustically by an artificial head with mouth 
and ear simulators.

Perceptual audio evaluation techniques are based on 
subjective experiments with listeners, and do not use 
simple periodic waveforms or sweeps as most APx 
measurements do; consequently, the perceptual eval-
uation results cannot be stated as physical values 
such as volts or hertz. Instead, listeners’ opinions of 
quality (or algorithms designed to respond similarly) 
are averaged and scored.
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PESQ and POLQA are both methods of generating 
MOS results without actually using a room full of lis-
teners. Instead, pre-recorded speech samples are 
passed through a DUT or system and are compared 
with the original speech sample. An algorithm evalu-
ates the difference between the reference audio and 
the degraded audio, and produces a result.

ITU-T P.863 (2011) (POLQA V1.1)
POLQA V1.1 is defined in ITU-T Recommendation 
P.863, introduced in 2011. See http://www.itu.int/
rec/T-REC-P.863 “Superceded and Withdrawn compo-
nents.”

ITU-T P.863 (2014) (POLQA V2.4)
POLQA Version 1.1 has been superseded by Version 
2.4, described in ITU-T P.863 (2014). Version 2.4 is 
also referred to as “POLQA 2015” and POLQA Edition 
2. See http://www.itu.int/rec/T-REC-P.863 “In force 
components.”

Channels of compromised audio quality
Many speech communications channels have limited 
audio capabilities, when compared to full fidelity chan-
nels optimized for music transmission. The limited 
capabilities of speech channels may provide other 
benefits: lower cost, lower bandwidth, lower power 
requirements, and so on.

Most of the I/O interfaces offered in an APx analyzer 
have very high fidelity capabilities, but in some cases 
the configuration for a low data rate DUT may make 
POLQA evaluations valuable. Passing a stimulus sig-
nal through a telephone network, for example, will 
likely degrade the signal substantially, as will low data 
rate codecs. The Bluetooth HSP and HFP profiles, in 
particular, are of moderate fidelity. Bluetooth manu-
facturers often use POLQA to characterize Bluetooth 
devices operating in these profiles.

MOS (Mean Opinion Score)
Perceptual audio evaluations are typically made with a 
number of listeners, who provide opinions about the 
quality of audio samples they have listened to. Typi-
cally, many audio samples, many listeners and many 
iterations are used, and the results are averaged into 
a MOS (Mean Opinion Score). MOS is expressed in a 
unitless scale from 1 to 5, representing the average 
opinion of quality, as shown in this table:

MOS results in APx are reported as MOS-LQO (LQO 
stands for Listening-only Quality, Objective). For 

POLQA, the MOS-LQO results reference LC STANDARD 
IRS P.863.

Active Speech Level (ASL) in POLQA
Active Speech Level is a level definition in POLQA that 
is the result of a measurement of speech samples 
made by a specific method, compliant with a meter 
defined in ITU-T P.56. The P.56 meter has optimized 
measurement detection and ballistics for this pur-
pose, and largely ignores the silences between utter-
ances, focusing instead on the active portions of the 
speech waveform.

A key difference between POLQA and PESQ is in sensi-
tivity to signal level. PESQ ignores level, but POLQA will 
produce poor MOS scores if the active speech level 
(ASL) presented to the algorithm is not matched 
(within a certain range) to the ASL of the reference 
file, which itself must be ASL-optimized for POLQA. 

An Overload Ref: field is available. Enter the overload 
value of the DUT or system under test here to cor-
rectly match the ASL. For analog signals, the value set 
here is typically the clipping point of the analog DUT; 
for digital signals, the value is typically 0 dBFS. 

APx provides an Auto level alignment checkbox to 
automatically align the input stream ASL to the level 
required, which makes good MOS scores easier to 
obtain. This is useful if your test requirements do not 
consider signal level, or if temporarily defeating level 
sensitivity is helpful in diagnosis. However, when Auto 
level alignment is ON, the APx POLQA measurement is 
not compliant with the ITU-T P.863 standard.

See Level alignment for POLQA (beginning on page 
539) for information on adjusting levels to optimize 
MOS scores while remaining standards-compliant.

Speech samples
POLQA evaluates speech samples. You can record 
your own samples, or obtain speech sample files from 
other sources. The ITU has created a number of sam-
ples designed to cover the range of speech sounds 
uttered by men and women in a range of languages. 
These are available at 

•http://www.itu.int/net/itu-t/sigdb/genaudio/
Pseries.htm 

and 

•http://www.itu.int/rec/T-REC-P.501/en. 

See the ITU P501E documentation at the second link 
for detailed information about creating and using 
speech samples.

For POLQA, APx500 provides one speech sample at a 
sample rate of 8 kHz, one at 16 kHz, and one at 
48 kHz embedded in the measurement. More speech 
sample files are provided as part of the APx distribu-
tion, and are saved to the AP software installation 

MOS Quality Impairment

5 Excellent Imperceptible
4 Good Perceptible but not annoying
3 Fair Slightly annoying
2 Poor Annoying
1 Bad Very annoying
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directory. These speech samples have been opti-
mized by filtering and having ASL set to –26 dB dBov 
using the ITU-T P.56 meter.

Sub-sample time shift
The algorithm moves the degraded signal in time to 
align with the reference signal for comparison. This 
time alignment is accurate to a resolution of 1 sam-
ple. 

Sub-sample time shift is defined as an offset in the 
time alignment of the two signals greater than zero 
but less than one sample, which can occur in systems 
under test. Sub-sample time shift can adversely affect 
MOS scores. 

High-Accuracy Mode engages a mechanism in the 
POLQA algorithm that shifts the time alignment of the 
degraded signal in sub-sample steps to find the opti-
mal (highest) MOS score. Use this feature if it pro-
vides better results in your test. 

Averaging
Averaging multiple speech samples across multiple 
iterations provides the most reliable MOS results. 
APx500 provides POLQA (Averaged) measurements 
that enable you to average up to 64 speech samples 
or iterations.

Other results
The primary POLQA results in APx500 are the MOS (LC 
Standard IRS P.863) result and the MOS Average (LC 
Standard IRS P.863) result.

Other results are provided that are unsupported by 
ITU-T P.863. These results may be helpful in diagnos-
tics and cause analysis in the DUT or system.

Level Alignment for POLQA
ASL and dBov
Active Speech Level (ASL) is a level definition in 
POLQA that is the result of a measurement of speech 
samples made by a specific method, compliant with a 
meter defined in ITU-T P.56. The P.56 meter has opti-
mized measurement detection and ballistics for this 
purpose, and largely ignores the silences between 
utterances, focusing instead on the active portions of 
the speech waveform.

The POLQA algorithm is more critical than the PESQ 
algorithm in a number of ways. In particular, POLQA 
scores are sensitive to signal level where PESQ scores 
were not. For a good score in POLQA, the ASL of the 
degraded signal must closely match that of the refer-
ence signal, which itself must be ASL-optimized for 
POLQA.

dBov units are referenced to the level which causes 
overload in a system. POLQA requires that speech test 
signals are maintained at –26 dBov throughout the 

tested system for correct MOS scores (see the graph). 
In the acoustic domain, the speech signals should be 
presented at 73 dBA for monotic narrow bandwidth 
measurements, and at 79 dBA for diotic wideband 
measurements. See below. A gain adjustment is avail-
able in APx to properly scale input signals. This adjust-
ment is in the form of an entry field called Overload 
Ref, where the known overload level of the device con-
nected to the analyzer input is entered. See below. 

POLQA Use cases
You may find it helpful to refer to the illustrated use 
cases listed in POLQA Use Cases, beginning on page 
540.

APx analyzer analog input ranging
Because the level of a speech signal varies, the ana-
log input range may change during a PESQ or POLQA 
measurement. We recommend that you determine the 
maximum level that your DUT will present to the ana-
lyzer input, and set fixed ranging to accommodate that 
level. Read more about ranging in Chapter 103.

ASL in all-digital signal paths
In the digital domain, an ASL of –26 dBov is 
–26 dBFS. Since 0 dBFS is the overload point in a digi-
tal system, in most cases the –26 dBov ASL is cor-
rectly maintained throughout the path, and eventually 
input to the APx analyzer and passed to the POLQA 
algorithm at the correct level.

ASL in analog and cross-domain paths
The analog component of a signal path will have an 
arbitrary signal level scaling, and an analog overload 
point unrelated to 0 dBFS. In this case the input and/
or output gain of the DUT must be adjusted to apply 
and maintain an ASL within the DUT of –26 dB, rela-
tive to the system overload point. Set the DUT over-
load point in the Overload Ref: field in APx to scale the 
signal properly.

You can find the overload point of a DUT
using standard distortion measurement
techniques. Measure the rms output level of
a DUT that is on the threshold of overload,
and use that value in the Overload Ref:
field.

ASL in acoustic paths
For a system that includes an acoustic path, the elec-
trical parts of the path should be set so that the test 
signal speech is at an ASL of –26 dBov (relative to the 
DUT's overload point), and the acoustic part of the 
path should be set so that the test signal speech is at 
an ASL of 73 dBA (dBSPL with A-weighting) for 
monotic narrow bandwidth measurements, and at 
79 dBA for diotic wideband measurements. The final 
part of the path is typically a microphone and pream-
plifier, and the microphone output must be scaled 
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properly. Enter a value in the Overload Ref: field for 
scaling, and observe the “Active Speech Level (ASL) – 
Degraded” result in the POLQA Result Data. If the level 
in the result is not close to –26 dBov, enter greater or 
lesser scaling factors until –26 dBov is attained. 

It can be difficult to achieve an ideal ASL through an 
acoustic path, and you may find that setting Auto Level 
Alignment to ON is useful in producing satisfactory 
MOS-LQO results.

Auto level alignment
Auto level alignment enables two simultaneous stages 
of compensation:

•APx automatically scales the signal so that it is 
applied to the algorithm at the optimal level. 

•The POLQA algorithm implements its internal auto 
level mode, where both the reference signal and 
the degraded signal are forced to an ASL of –26 
dBov. 

Generally, for standards-compliant POLQA MOS results 
in APx the Auto level alignment checkbox must be OFF. 
You should optimize levels in your signal path so that 

the speech samples are at –26 dBov within the DUT 
or system under test, and so that the signal pre-
sented to the analyzer inputs is at the correct level to 
present an ASL of –26 dBov to the POLQA algorithm, 
after scaling in the analyzer input and converter 
stages.

APx speech files
More POLQA speech samples are installed at 
C:\Users\{user}\AppData\Local\Audio Preci-
sion\APx500\POLQA\PolqaResultData.csv.

The speech sample files provided by Audio Precision 
for POLQA have been optimized, with ASLs set to 
–26 dBov using the ITU-T P.56 meter. In digital loop-
back, a POLQA measurement using the Default 
48 kHz file will score at MOS 4.75 (the maximum for 
48 kS/s). In other I/O configurations, generator level 
settings and DUT or system gain will typically change 
the level and the MOS score. You can find information 
about the P.56 meter at http://www.itu.int/rec/T-REC-
P.56/.

Level differences between reference and 
degraded signals are allowed, but must be 

within the range of +5 dB above to –20 dB below
 the –26 dBov level, as shown here.

The first row of each appended measurement con-
tains the date stamp. The first column shows the 
result name, the second column channel 1 data, and 

the third column channel 2 data. See the example in 
the APx500 embedded help.

POLQA Use Case Diagrams
A functional diagram of the POLQA architecture is pro-
vided, along with conceptual block diagrams for 12 
POLQA use cases.
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POLQA Architecture as implemented in APx500

APx uses an algorithm licensed from OPTICOM GmbH 
to perform POLQA evaluations. The algorithm requires 
properly formed reference signals and properly level-
aligned degraded signals for correct MOS results.

APx displays a number of results and warning flags 
from the POLQA algorithm in the POLQA and POLQA 
Averaged measurements User Interface (UI). 

POLQA Use Case 1: analog voltage out, analog voltage in.

This illustration shows a radio link in the DUT system, but any analog-in, analog-out DUT system belongs to this use case. 
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POLQA Use Case 2: acoustic referenced signal out, analog voltage in

POLQA Use Case 3: digital signal out, analog voltage in

This use case shows a digital signal from the generator (in this case, using Bluetooth) to a device with an analog output.
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POLQA Use Case 4: analog voltage out, acoustic reference signal in
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POLQA Use Case 5: acoustic referenced signal out and in

POLQA Use Case 6: digital signal out, acoustic referenced signal in
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POLQA Use Case 7: analog signal out, digital signal in

POLQA Use Case 8: acoustic referenced signal out, digital signal in
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POLQA Use Case 9: digital signal out and in

POLQA Use Case 10: no signal out, analog signal in
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POLQA Use Case 11: no signal out, acoustic referenced signal in

POLQA Use Case 12: no signal out, digital signal in



Chapter 75: POLQA (Sequence Mode)

548 APx500 User’s Manual



APx500 User’s Manual 549

76

POLQA (Averaged)
(Sequence Mode)

This measurement requires a software
option key. See page 241 for more informa-
tion about software options.

Note: POLQA measurements depend upon
correct level settings throughout the signal
path, and will provide inaccurate results
when levels are not properly set. See Level
alignment for POLQA on page 539  for
detailed information.

The POLQA (Averaged) measurement is not available 
in External Source (open loop) configuration, or when 
Input Configuration is set to File. 

See page 537 for more information about POLQA.

The POLQA (Averaged) measurement results available 
in APx500 are:

Overview
POLQA (Perceptual Objective Listening Quality Assess-
ment), like PESQ, is a method of grading the quality of 
an audio communications channel. Perceptual audio 
evaluation methods were developed to enable evalua-
tion of audio quality in channels of compromised per-
formance, where conventional measurements such as 
THD+N may provide results that are not useful.

This measurement provides a means to average a 
number of POLQA measurements, producing a single 
MOS Average result per channel. Best practice recom-
mends at least two male and two female voice sam-
ples, each averaged several times. Some testers will 
use many different voice samples, repeated and aver-
aged many times.

Operation
If you have not yet set up your test, first go to Chapter 
7, Signal Path Setup.

•MOS Average (LC IRS P.863)
•File MOS (LC IRS P.863)
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Append Graph Data
Measured data are grouped in a Data Set (see page 
240), which contains all acquisition results. Normally, 
the current graph data are deleted each time you start 
a new measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets. The Data Sets Panel (see page 766) dis-
plays the Data Set(s) in the measurement, and pro-
vides a visibility checkbox and a Notes field for each 
data set.

Generator
For POLQA, a speech sample used as a test stimulus 
is called the reference signal.

Level
Set the generator output level in this field. 

For analog output, the file overload level (0 dBFS) is 
scaled to the value set in Level. A properly made 
POLQA speech signal will have an ASL of –26 dBov 
(equivalent to –26 dBFS), so the ASL in the analog 
output will be 26 dB below the value set in Level.

For digital output, the Level should be set to –0.000 
dBFS to maintain correct ASL in the digital output 
stream.

See Level alignment for POLQA on page 539 for 
detailed information. See Generator Waveform Files 
on page 79 for a general discussion of generator level 
when playing waveform files.

Offset
Set an optional DC offset to the signal here.

Channels
The generator will output the speech samples to the 
DUT on the selected generator channels. Note that the 
Audio Precision POLQA-2 software option only enables 
POLQA analysis on 2 channels.

Start
When Signal Generation and Signal Analysis (below) 
are set and you have imported all your reference files, 
click Start. The files will be played through the DUT, 
one at a time. 

Analyzer
For POLQA, the signal to be analyzed is called the 
degraded signal.

The SW-POLQA-2 option only provides POLQA analysis 
on input channels 1 and 2. To authorize more chan-
nels, contact your Audio Precision representative.

As the generator moves through the Reference Files 
list, the analyzer acquires the signal and matches the 
audio received to the reference files, one at a time. 

The POLQA algorithm assigns a POLQA score, which is 
then mapped to a MOS score. A running average of 
the MOS scores is displayed, with the final value being 
the average of the scores of all the reference files.

Reference Files
For a POLQA measurement, a reference file in the APx 
is played through the generator, and the output of the 
DUT or communications channels under test is com-
pared to the reference file. For multiple averaging iter-
ations with the same file or with different files, browse 
to enter the files in the grid here. These reference files 
will be played and analyzed in the order shown in the 
grid. The minimum number of files is 2; the maximum 
number of files is 64.

Audio Precision provides 48 speech samples for 
POLQA usage, installed as .WAV waveforms during the 
installation of APx500. POLQA speech samples are 
installed at C:\Program Files\Audio Precision\APx500 
[version]\Waveforms\POLQA\... Conforming wave-
forms are mono WAV files at a sample rate of 8 kHz, 
16 kHz or 48 kHz. Content should be speech sam-
ples. Length is typically 5 to 10 seconds; maximum 
length is 12 seconds.

A conforming POLQA speech file is also filtered and 
optimized for an Active Speech Level (ASL) of -26 dBov 
ASL, using the ITU-T P.56 meter. See Level alignment 
for POLQA on page 539 for detailed information.

Use the folder icon to open a file browser. You can add 
files that are already in the project, or you can browse 
for files on disk. If you choose files of mixed sampling 
rates, the analysis Mode will automatically be set to 
the highest resolution mode found in the files. You can 
force the analysis mode to a lower resolution by mak-
ing a selection in the Mode menu.

Note: the use a reference file whose sam-
ple rate differs from the target file is not
standards compliant, and an error will be
thrown. To suppress this error, set the Auto
Resampling checkbox in Advanced Settings.

Select a file to delete it, or to move it up or down in the 
list using the arrow buttons.

Filters
There are no local filters available for this
measurement; the global filters in Signal
Path Setup > Input/Output will affect this
measurement, if set. Filter use in POLQA
measurements may degrade MOS scores.
Read more about APx Filters in Chapter
102.
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Mode
Conforming POLQA speech sample files have an 8 kHz 
sample rate for testing Narrowband (P.863) channels, 
a 16 kHz sample rate for testing Wideband (P.863) 
channels, and a 48 kHz sample rate for testing Super-
Wideband (P.863) channels. The mode is selected 
automatically by the POLQA measurement based on 
the sample rate contained in the reference file.

Extend Acq. Time:
The acquisition time is set to the length of the speech 
sample, selected in Waveform, plus the time set in 
this field. If you suspect you are getting poor results 
because the acquisition length is truncating the input 
signal, add time here.

Auto level alignment
A key difference between POLQA and PESQ is sensitiv-
ity to signal level. PESQ ignores level, but POLQA will 
produce poor MOS scores if the active speech level 
(ASL) presented to the algorithm is not matched 
(within a certain range) to the ASL of the reference 
file, which itself must be ASL-optimized for POLQA.

When Auto level alignment is OFF (the default), the 
Overload Ref: field is available. Enter the overload 
value of the DUT or system under test here to cor-
rectly align the ASL. For analog signals, the value set 
here is typically the clipping point of the analog DUT; 
for digital signals, the value is typically 0 dBFS. See 
Level alignment for POLQA on page 539.

APx provides an Auto level alignment checkbox to 
automatically align the input stream ASL to the level 
required, which makes good MOS scores easier to 
obtain. This is useful if your test requirements do not 
consider signal level, or if temporarily defeating level 
sensitivity is helpful in diagnosis. However, when Auto 
level alignment is ON, the APx POLQA measurement is 
not compliant with the ITU-T P.863 standard.

See Level alignment for POLQA on page 539 for infor-
mation on adjusting levels to optimize MOS scores 
while remaining standards-compliant.

Warnings
If the level of either the reference signal or the 
degraded signal is too high or too low, a warning sym-
bol is displayed. Check the POLQA Result Data (see 
page 535) for level data.

If either signal is too long, a warning symbol is dis-
played. POLQA signals must be less than 12 seconds 
long.

Advanced Settings
If you’d like to adjust analyzer ranging parameters, 
click Advanced Settings. See Advanced Settings for 
POLQA on page 536. Read more about Units in Chap-
ter 109.

POLQA (Averaged): MOS Average 
result

The POLQA: MOS Average (LC Standard IRS P.863) 
result is the primary result for the POLQA (Averaged) 
measurement. The POLQA score is mapped to MOS-
LQO using LC Standard IRS P.863. This result pro-
vides an average of all the MOS scores of the speech 
samples in the Reference Files list.

Units
Units for POLQA (Averaged): MOS Average are:

•MOS-LQO

POLQA (Averaged): File MOS 
result

The POLQA (Averaged): File MOS (LC Standard IRS 
P.863) result is useful for cause analysis. The result 
shows the MOS score for each of the files in the Refer-
ence Files list.

By default, the graph display for this result
has Show Markers: Y Labels enabled on the
Graph Properties dialog. See page 764.
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Units
Units for POLQA (Averaged): File MOS are:

X-Axis
•File number

Y-Axis
•MOS-LQO
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PSR
(Sequence Mode)

Introduction
This  measurement requires the PDM
Option. See page 40 and Chapter 21 for
more information.

Overview
PSR is a power supply rejection measurement typi-
cally used in DUTs that are PDM transmitters. A small 
AC signal is imposed on the PDM Vdd power supply, 
and the residual of that signal is measured in the DUT 
output. PSR (or PSRR) can also be measured in other 
powered DUTs, such as converter or opamp devices, 
as long as the Vdd voltage and current limits of the 
PDM Vdd output are sufficient for the DUT. For DUTs 
that require more current, a unity gain DC coupled 
amplifier can be inserted between the APx generator 
and the DUT.

Unique Characteristics
The PSR and PSR Frequency Sweep measurements 
have some characteristics unique in APx500:

•Availability
The PSR measurements are only available if the 
PDM Option is installed.

•Vdd Supply
When the Generator in a PSR measurement is 
turned On, DC power is applied to the PDM Vdd 
Supply connector, regardless of the current Signal 
Path settings. When the Generator is turned Off, 
DC power at the PDM Vdd Supply connector 
reverts to the Signal Path setting. 

•APx Generator
For a PSR measurement, the output of the APx 
Generator is added to the DC on the Vdd Supply 
BNC power connector, and does not appear at any 
other output. The analyzer output connector as 
specified in Signal Path Setup is irrelevant. The 
generator signal is available to the PSR measure-
ment, even if the Output Connector is set to None.

There are four results for PSR:

•PSR

•PSR+N

•PSRR (analog inputs only)

•PSRR+N (analog inputs only)

Generator
When this measurement is selected, the PDM Vdd 
Supply is switched to Off, if currently On.

Click the Generator button to toggle the Generator to 
On. The signal selected in AC Waveform is added to 
the DC available at the PDM Vdd Supply connector, 
and the Vdd Supply is switched to On.
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AC Waveform

Choose the waveform to be added to the Vdd Supply 
voltage.

•Sine

•Square (217 Hz)

•Pulse (217 Hz, 1/8 duty cycle)

•Pulse (217 Hz, 1/4 duty cycle)

•Pulse (217 Hz, 3/8 duty cycle)

•Pulse (217 Hz, 5/8 duty cycle)

•Pulse (217 Hz, 3/4 duty cycle)

•Pulse (217 Hz, 7/8 duty cycle)

•Noise (TPDF)

The square wave and pulse choices simulate the digi-
tally noisy environment of a GSM mobile phone. 
216.667 Hz is approximately the frequency of the 
GSM frame rate, and the pulses simulate the noise 
with a variable number of time slots used, from 1 to 8.

The noise signal is a pseudo-random noise waveform 
having a triangular probability density function and a 
peak level set by the user.

Vdd Level
Set the (unmodulated) Vdd DC level here. This is the 
level before the AC signal is added. The range is 0 V to 
3.6 V.

AC Level
Set the level of the AC level here. Maximum AC Level 
varies with Vdd Level. The range is constrained by the 
value set in Vdd Level, with the extremes being 
10 mVpp to 720 mVpp 

Frequency
This field is available if AC Waveform is set to Sine. Set 
the frequency of the sine wave here. The range is 
10 Hz to 22 kHz.

Analyzer
Weighting Filter
A local weighting filter is available for this measure-
ment. See Measurement Filters on page 733 for 
detailed information about the filters available locally 
for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Advanced Settings
If your test requires special adjustments or settings, 
click Advanced Settings. See Advanced Settings for 
PSR on page 556. See Chapter 109 for more informa-
tion about units of measurement.

PSR: PSR Result

When AC Waveform is set to Sine, the PSR acquisition 
is filtered first by a weighting filter, if applied, then by a 
window width bandpass filter at the sine frequency. 
The PSR is the RMS level inside the bandpass filter.

When AC Waveform is set to Square (217 Hz), the PSR 
acquisition is filtered first by a weighting filter, if 
applied, then by window width bandpass filters at the 
fundamental (217 Hz) and at the odd harmonics of 
217 Hz, to the 101st harmonic. The PSR is the RMS 
sum of the levels inside the bandpass filters.
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When AC Waveform is set to one of the Pulse choices, 
the PSR acquisition is filtered first by a weighting fil-
ter, if applied, then by window width bandpass filters 
at the fundamental (217 Hz) and at the even and odd 
harmonics of 217 Hz, to the 101st harmonic.

When AC Waveform is set to Noise, the PSR acquisi-
tion is filtered by a weighting filter, if applied. The PSR 
is the RMS level of the broadband result. For Noise, 
the PSR and PSR+N results are the same.

Note: the actual square wave frequency is
216.667 Hz. It is displayed nominally as
217 Hz.

The use of window-width filters provides a low-noise 
estimate of the PSR, since the power outside the fil-
ters is rejected. This enables PSR measurements to 
be made on microphones which are not in an acousti-
cally quiet environment.

Units
Units available for PSR results are

PSR: PSR+N Result

The PSR+N (Power Supply Rejection plus Noise) acqui-
sition is filtered by a weighting filter, if applied. The 
PSR+N is the RMS level of the broadband result. For 

the Noise waveform, the PSR and PSR+N results are 
the same.

Units
Units available for PSR+N results are

PSR: PSRR Result

PSRR is Power Supply Rejection Ratio. This nomencla-
ture is used to describe the ratio of the level of a resid-
ual power supply perturbation found in the output 
signal, to the perturbation in the power supply. In APx, 
this result is only available when the analyzer input is 
analog.

When AC Waveform is set to Sine, the PSRR acquisi-
tion is filtered first by a weighting filter, if applied, then 
by a window width bandpass filter at the sine fre-
quency. The PSRR is the ratio of the RMS level inside 
the bandpass filter to the RMS level of the AC Wave-
form.

When AC Waveform is set to Square (217 Hz), the 
PSRR acquisition is filtered first by a weighting filter, if 
applied, then by window width bandpass filters at the 
fundamental (217 Hz) and at the odd harmonics of 
217 Hz, to the 101st harmonic. The PSRR is the ratio 
of the RMS sum of the levels inside the bandpass fil-
ters to the RMS level of the AC Waveform.

Analog Signals Digital Signals

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

Analog Signals Digital Signals

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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When AC Waveform is set to one of the Pulse choices, 
the PSRR acquisition is filtered first by a weighting fil-
ter, if applied, then by window width bandpass filters 
at the fundamental (217 Hz) and at the even and odd 
harmonics of 217 Hz, to the 101st harmonic. The 
PSRR is the ratio of the RMS sum of the levels inside 
the bandpass filters to the RMS level of the AC Wave-
form.

When AC Waveform is set to Noise, the PSRR acquisi-
tion is filtered by a weighting filter, if applied. The 
PSRR is the ratio of the RMS level of the broadband 
result to the RMS level of the AC Waveform. For Noise, 
the PSRR and PSRR+N results are the same.

Note: the actual square wave frequency is
216.667 Hz. It is displayed nominally as
217 Hz.

The use of window-width filters provides a low-noise 
estimate of the PSRR, since the power outside the fil-
ters is rejected. This enables PSRR measurements to 
be made on microphones which are not in an acousti-
cally quiet environment.

Units
Units available for PSRR results are

•x/y

•%

•ppm

•dB

Read more about Units in Chapter 109.

PSR: PSRR+N Result

PSRR is Power Supply Rejection Ratio plus Noise. This 
nomenclature is used to describe the ratio of the level 
of a residual power supply perturbation plus noise 

found in the output signal, to the AC signal that is the 
source of perturbation in the power supply. In APx, this 
result is only available when the analyzer input is ana-
log.

The PSRR+N (Power Supply Rejection Ratio plus 
Noise) acquisition is filtered by a weighting filter, if 
applied. The PSRR+N is the ratio of the RMS level of 
the broadband result to the RMS level of the AC Wave-
form. For Noise, the PSRR and PSRR+N results are the 
same.

Units
Units available for PSRR+N results are

•x/y

•%

•ppm

•dB

Advanced Settings for PSR
This measurement requires the PDM option.

The default settings here are appropriate for measure-
ments under most conditions. You may want to make 
minor adjustments for special situations.

Signal Generation
There are no advanced settings for signal generation 
for this measurement.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.
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If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Settling Tab
A Settling tab is available for these measurement 
results.

Read more about ranging and settling in Chapter 103.



Chapter 77: PSR (Sequence Mode)

558 APx500 User’s Manual



APx500 User’s Manual 559

78

PSR Frequency Sweep
(Sequence Mode)

Introduction
This  measurement requires the PDM
Option. See page 40 and Chapter 21 for
more information.

Overview
PSR is a power supply rejection measurement typi-
cally used in DUTs that are PDM transmitters. A small 
AC signal is imposed on the PDM Vdd power supply, 
and the residual of that signal is measured in the DUT 
output. PSR (or PSRR) can also be measured in other 
powered DUTs, such as converter or opamp devices, 
as long as the Vdd voltage and current limits of the 
PDM Vdd output are sufficient for the DUT.

For PSR Frequency Sweep, the AC signal is a sine 
wave, swept across a range of frequencies.

Unique Characteristics
The PSR and PSR Frequency Sweep measurements 
have some characteristics unique in APx500:

•Availability
The PSR measurements are only available if the 
PDM Option is installed.

•Vdd Supply
When the Generator in a PSR measurement is 
turned On, DC power is applied to the PDM Vdd 
Supply connector, regardless of the current Signal 
Path settings. When the Generator is turned Off, 
DC power at the PDM Vdd Supply connector 
reverts to the Signal Path setting. 

•APx Generator
For a PSR measurement, the output of the APx 
Generator is added to the DC on the Vdd Supply 
BNC power connector, and does not appear at any 
other output. The analyzer output connector as 
specified in Signal Path Setup is irrelevant. The 
generator signal is available to the PSR measure-
ment, even if the Output Connector is set to None.

There are four results for PSR Frequency Sweep:

•PSR

•PSR+N

•PSRR (analog inputs only)

•PSRR+N (analog inputs only)

When this measurement is selected, the PDM Vdd 
Supply is switched to Off, if currently On.

Start
For a default sweep of 20 kHz to 20 Hz in 31 logarith-
mic steps, simply click Start. If you want to specify 
other parameters for your sweep, review Signal Gener-
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ation and Signal Acquisition and Analysis settings, dis-
cussed below. Click Start when you have approved the 
settings.

Append Graph Data
Normally, the current graph data for all results is 
deleted each time you start a new measurement. If 
the Append box is checked, the current data is kept in 
memory as a Data Set (see page 240), and the new 
measurement data is appended as a new data set. 
You can append many Data Sets.

Generator
When this measurement is selected, the PDM Vdd 
Supply is switched to Off, if currently On.

Vdd Level
Set the (unmodulated) Vdd DC level here. This is the 
level before the AC signal is added. The range is 0 V to 
3.6 V.

AC Level
Set the level of the AC level here. The range is con-
strained by the value set in Vdd Level, with the 
extremes being 1 mVpp to 254.6 mVpp.

AC Start Frequency
Set the sweep start frequency here. The range is 
10 Hz to 22 kHz.

AC Stop Frequency
Set the sweep stop frequency here. The range is 10 Hz 
to 22 kHz.

Sweep
Choose

•Logarithmic point spacing

•Linear point spacing

•Custom
Edit sweep spacing and number of Points to cre-
ate a Custom sweep.

Points
Set the number of sweep points here.

Points > Edit 
Open the Data Points dialog to edit, import or export 
the sweep points table.

Step Size
For linear sweeps, enter the Step Size here.

Level
Set the signal level here.

Analyzer
Filters
A local weighting filter is available for this measure-
ment. See Measurement Filters on page 733 for 

detailed information about the filters available locally 
for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Advanced Settings
If your test requires special adjustments or settings, 
click Advanced Settings. See Advanced Settings for 
PSR on page 556. See Chapter 109 for more informa-
tion about units of measurement.

PSR Frequency Sweep: PSR 
Result

The PSR acquisition is filtered first by a weighting fil-
ter, if applied, then by a window-width bandpass filter 
that is swept at the sine frequency. The PSR is the 
RMS level inside the bandpass filter, plotted against 
frequency.

The use of window-width filters provides a low-noise 
estimate of the PSR, since the power outside the fil-
ters is rejected. This enables PSR measurements to 
be made on microphones which are not in an acousti-
cally quiet environment.
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Units
Units available for PSR results are

PSR Frequency Sweep: PSR+N 
Result

The PSR+N (Power Supply Rejection plus Noise) acqui-
sition is filtered by a weighting filter, if applied. The 
PSR+N is the RMS level of the broadband result, plot-
ted against frequency.

Units
Units available for PSR results are

PSR Frequency Sweep: PSRR 
Result

PSRR is Power Supply Rejection Ratio. This nomencla-
ture is used to describe the ratio of the level of a resid-
ual power supply perturbation found in the output 
signal, to the perturbation in the power supply. In APx, 
this result is only available when the analyzer input is 
analog.

The PSRR acquisition is filtered first by a weighting fil-
ter, if applied, then by a window-width bandpass filter 
that is swept at the sine frequency. The PSRR is the 
ratio of the RMS level inside the bandpass filter to the 
RMS level of the perturbation in the power supply, 
plotted against frequency.

The use of window-width filters provides a low-noise 
estimate of the PSRR, since the power outside the fil-
ters is rejected. This enables PSRR measurements to 
be made on microphones which are not in an acousti-
cally quiet environment.

Units
Units available for PSRR results are

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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PSR Frequency Sweep: PSRR+N 
Result

PSRR+N is Power Supply Rejection Ratio plus Noise. 
This nomenclature is used to describe the ratio of the 
level of a residual power supply perturbation plus 
noise found in the output signal, to the AC signal that 
is the source of perturbation in the power supply. In 
APx, this result is only available when the analyzer 
input is analog.

The PSRR+N (Power Supply Rejection Ratio plus 
Noise) acquisition is filtered by a weighting filter, if 
applied. The PSRR+N is ratio of the RMS level of the 
broadband result to the AC signal that is the source of 
the perturbation in the power supply, plotted against 
frequency.

Units
Units available for PSRR+N results are

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Regulated Frequency Sweep
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

Regulated Frequency Sweeps use a sine wave stimu-
lus signal that is moved across a range of frequencies 
in a specified number of points. At each point, the 
generator level is adjusted to the level that produces 
the target value in the selected channel. Go to page 
567 for more information about regulation.

Regulated Frequency Sweeps are not avail-
able in External Source configuration.

Regulating THD+N is often employed to plot an ampli-
fier frequency sweep at the amplifier’s maximum out-
put level.

Regulated Frequency Sweep results available in 
APx500 are:

All of these results are available from a single mea-
surement.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 

and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

•Level (fre-
quency 
response)

•THD+N Level •THD+N Ratio

•Generator Level
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Generator
Regulated Frequency Sweep only supports a sine 
waveform in a closed-loop configuration.

To make a regulated frequency sweep measurement, 
first define the sweep by selecting a sweep Start Fre-
quency, Stop Frequency, the number of sweep points 
and Sweep type.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Start Frequency
Set the sweep start frequency here.

Stop Frequency
Set the sweep stop frequency here.

Sweep
Choose

•Logarithmic point spacing

•Linear point spacing 

•ISO R-Series point spacing 

•Custom
Edit sweep spacing and number of Points to cre-
ate a Custom sweep. 

ISO Spacing
For ISO R-Series sweeps, select the ISO Spacing here. 
Choose

•R10 (1/3rd Octave), which sets points using the 
1/3 octave preferred values.

•R20 (1/6th Octave), which sets points using the 
1/6 octave preferred values.

•R40 (1/12th Octave), which sets points using the 
1/12 octave preferred values.

•R80 (1/24th Octave), which sets points using the 
1/24 octave preferred values.

Points
For Logarithmic or Linear, set the number of sweep 
points here. The default is 31 points.

Points > Edit
Open the Data Points dialog to edit, import or export 
the sweep points table.

Step Size
For linear sweeps, enter the Step Size here.

Start, Stop and Points for a stepped frequency 
sweep
The sweep begins at the Start Frequency and ends at 
the Stop Frequency. By default, these are set at 
20 kHz and 20 Hz, and the sweep moves in logarith-
mic step points from high frequency to low.

You can enter Start and Stop frequencies of your 
choice, and sweep from low to high if you want. The 
sweep moves in a specified number of points, set in 
the Points field. The minimum is 2 points; maximum is 
65,535. The default setting is 31, which corresponds 
to 1/3 octave per point in a logarithmic sweep across 
20 Hz to 20 kHz. By default, the sweep is logarithmic. 
You can also select a linear sweep, in which case the 
Step Size filed becomes available.

The sweep point spacing is set by selecting one of the 
following choices in the Sweep field: 

•Logarithmic (the default); use the Points field to 
set the number of logarithmically spaced points;

•Linear, which provides two methods of adjusting 
spacing: the Points field or the Step Size field; or 

•Custom. Click Edit to open the Data Points dialog, 
where you can set points arbitrarily, or load or save 
sweep table files.

Viewing or Editing the Sweep Points Table
Click Edit to open the Data Points table. This table 
shows each point and its corresponding frequency. 
You can edit this table to add or delete points or to 
change the frequency of a point. Points can be sorted 
or reversed in order using the controls on the right.

A sweep points table can be saved as a *.csv file or as 
a Microsoft Excel *.xlsx file. A compatible *.csv or 
*.xlsx file can be opened and used as a sweep points 
table.
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Start Level
The Start Level is the first generator setting where a 
measurement is made for each frequency point. If it is 
lower than the Stop Level, then it is also the lowest 
generator setting where the measurement is made. If 
it is higher than the Stop Level, then it is the highest 
generator setting where the measurement is made.

The regulation search proceeds from Start
Level to Stop Level; your choices for these
values determine the direction (up or down)
of the search.

Stop Level
If the Stop Level is higher than the Start Level, then 
the Stop Level is the highest generator setting where a 
measurement is made for each frequency point. If the 
Stop Level is lower than the Start Level, then the Stop 
Level is the lowest generator setting where a measure-
ment is made. The Stop Level is also the last genera-
tor setting where a measurement is made in the initial 
search for an interval containing a measured value of 
the type that is sought.

The higher of Start Level or Stop Level also
serves to limit the maximum APx generator
output, protecting your DUT.

Offset
For the DAC generator, you can enter an optional DC 
offset here.

Initial Steps
Initial Steps sets the number of intervals dividing the 
generator level range between Start Level and Stop 
Level. The default setting is 2. Depending upon the 
parameter to be regulated and characteristics of the 
DUT, greater values may provide better performance.

Click Start. The generator will output a sine wave to 
the DUT on the selected generator channels at the fre-
quency set in the Signal Generation panel. At the first 
sweep point the software regulates the generator level 
to the Target value. When the result for the first point 
is acquired, the sweep proceeds to the next point, reg-
ulating the generator at each point until the sweep is 
completed.

Since each step is regulated with settling, this sweep 
will proceed more slowly than an unregulated fre-
quency sweep.

Analyzer
Regulate
This control selects the parameter in the DUT output 
you want to regulate. Choose

•RMS Level or

•THD+N Ratio

Target Value
Enter the value you want to attain here.

Measured Channel
Choose the input channel to measure for regulation 
here.

Filters
Local high-pass, low-pass and weighting filters are 
available for this measurement. The low-pass and 
high-pass filters, if selected, are applied to the entire 
measured signal and affect all the results. The weight-
ing filter, if selected, affects only the distortion and 
distortion plus noise results. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Read more about regulation on page 567 for a 
detailed discussion of these methods.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
see Advanced Settings for Stepped Sweeps on page 
600. See Chapter 109 for more information about 
units of measurement.

Regulated Frequency Sweep: 
Level

The Level result plots the DUT measured output level 
on the Y axis, against the generator frequency on the 
X axis.
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Units
Units available for Level are:

Regulated Frequency Sweep: THD+N 
Level

The THD+N Level result plots the DUT measured 
THD+N output level on the Y axis, against the genera-
tor frequency on the X axis. This method is often 
employed to plot an amplifier frequency sweep at the 
amplifier’s maximum output level.

Units
Units available for THD+N Level are:

Regulated Frequency Sweep: THD+N 
Ratio

The THD+N Ratio result plots the DUT measured 
THD+N output Ratio on the Y axis, against the genera-
tor frequency on the X axis. This method is often 
employed to plot an amplifier frequency sweep at the 
amplifier’s maximum output level.

Units
Units available for THD+N Ratio are:

Regulated Frequency Sweep: Gener-
ator Level

The Level result plots the generator output level on 
the Y axis, against the generator frequency on the X 
axis.

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Units
Units available for Generator Level results are:

Advanced Settings for Regulated 
Measurements
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
There are no advanced settings for signal generation 
for regulated sweep measurements.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Settling tab

No settling is available for Maximum Out-
put (CEA-2006) measurements.

Two Settling tabs are available for regulated measure-
ments, Settling (Level) and Settling (THD+N).

See Chapter 103 for more information about Settling 
for regulated measurements.

More about regulation
Overview
In APx, regulation is the mechanism of varying one 
parameter (usually generator output level) to produce 
a specific value in the DUT response. Most often, this 
is a minimum level or THD+N ratio, a maximum level 
or THD+N ratio, or a selected target level or THD+N 
ratio. In some cases, other parameters can be regu-
lated.

Regulation is useful to automatically search out 
desired test settings. For example, perhaps a test 
requirement is that an amplifier's distortion is to be 
measured at a 2 volt rms output level. The regulated 
Auto Gen Level feature can automatically determine 
the AP generator level to produce this output level.

In another example, it may be a test goal to perform a 
frequency sweep on an amplifier, where each step of 
the sweep is at the amplifier's nominal maximum out-

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •FS
•dHz •Vp •%FS
•F/R •Vpp •dBFS
•%Hz •dBV •dBrG

•dBu
•dBrG
•dBm
•W (watts)

Y-axis (acoustic output 
configuration)

•Pa
•dBSPL
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put. If the maximum output is defined at 1% THD+N, 
then, at each step of the frequency sweep, the stimu-
lus level is adjusted up or down until the target distor-
tion is reached.

Regulation is used in several places in the APx500 
software:

•Auto Gen Level (both Sequence Mode and Bench 
Mode)

•Set Acoustic Level (both Sequence Mode and 
Bench Mode)

•Regulated Frequency Sweep measurement 
(Sequence Mode)

•Maximum Output measurement (Sequence Mode)

•Maximum Output CEA-2006 measurement 
(Sequence Mode)

•The Regulate button available on the Bench Mode 
Monitors/Meters panel

•Bench Mode Sweep when Regulate each point is 
selected.

APx regulation method
APx regulates by sequentially applying two algorithms:

1. The first algorithm locates an interval between the 
Stop and Start values where the stimulus signal 
results in a measured value of the desired type 
(maximum, minimum or a target value).

a. The user defines a range for the adjusted 
parameter, entering a Start Value and a Stop 
Value. These values should encompass the range 
of stimulus values that the user expects will result 
in a measured value of the desired type in the 
DUT. The start value may be higher or lower than 
the Stop Value; the regulation search proceeds 
from Start to Stop, so the choice of these values 
determines the search direction.

b. The Start-Stop range is divided into interval 
steps, with the default number of initial steps set 
at 2. Beginning at Start, the regulation search 
moves toward the Stop value, examining each 
interval until it finds an interval containing the type 
of value sought. If regulation is seeking a specific 
value of the measured quantity, this means find-
ing an interval with the measured value above the 
target value at one endpoint, and the measured 
value below the target value at the other endpoint.

2. The interval identified above is passed to the sec-
ond stage of regulation, where a second algorithm 
quickly determines a stimulus value that results in 
the a measured value of the type that is sought.

Recommendations for successful regu-
lation
You should have some knowledge of the characteris-
tics of your DUT before you attempt regulation, espe-
cially an estimate of what range of stimulus signals 
might produce the target response you are looking for. 
A THD+N Ratio result may have two points, for exam-
ple, that will produce a target THD+N Ratio result, as 
shown in this illustration. It may be useful to make a 
Stepped Level Sweep to see where these points fall, 
and set your Start and Stop Values to exclude the 
unwanted Target point, and to choose the direction of 
the search.

Don't set Start at zero (0), which will cause a regula-
tion failure. 

If regulation fails before a complete search is finished 
in the first stage of regulation (above), or if it finishes 
successfully but the final measured value is far from 
the desired value, increasing the amount of settling 
applied to the measurements could improve the mea-
surements and might allow regulation to terminate 
successfully close to the desired value.

THD+N Ratio vs. Stimulus Level 

THD+N Ratio vs. Stimulus Frequency 
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Why use more steps?
For Target Values that may only exist for a very narrow 
range of stimulus values, using two regulation steps 
may entirely miss the points where the target level is 
attained, as shown in the first illustration. Two steps 
would not find this distortion peak, but 10 steps 
would.

Alternatively, you may want to step upward towards the 
expected target value in small steps, to avoid acciden-
tally driving the DUT to high range of output.

Why use fewer steps?
More steps make for slower regulation, which is multi-
plied in a Regulated Frequency Sweep, where each 
frequency step is regulated. For production test, we 
recommend that the DUTs in production be well char-
acterized in development, so the that any regulation 
procedures can be optimized for fast testing.
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80

Resistance (DCX)
(Sequence Mode)

DCX measurements require that a DCX-127 Multifunc-
tion Module be connected to the APx analyzer system, 
typically using an Audio Precision USB/APIB adapter 
connected to the PC.

The DCX-127 brings additional measurement and con-
trol features to an Audio Precision analyzer. The APx 
Resistance (DCX) measurement uses the DCX DMM 
(Digital Multimeter) mode to implement a precise 
ohmmeter. Download the DCX-127 Multifunction Mod-
ule User’s Guide from the Audio Precision Web site at 
ap.com for complete operational information for the 
DCX-127.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

The DCX-127 must be powered on and connected to 
the measurement PC using an Audio Precision USB/
APIB adapter.

Selecting the Resistance (DCX) measurement places 
the DCX in “DMM” mode. Note that you can configure 
the DCX DC Outputs or Auxiliary outputs in Signal Path 
Setup > DCX, independent of any settings or opera-
tion in the Resistance (DCX) measurement.

Generator
No Generator functions are provided for the Resis-
tance (DCX) measurement.

Analyzer
The DCX has a digital multimeter (DMM) that is config-
ured as an ohmmeter for this measurement. The APx 
analyzer is not used; all the data comes from the DCX.

Range
Select a fixed range for the Resistance measurement, 
or select Auto.

•Auto

•2 MOhm

•200 kOhm

•20 kOhm

•2 kOhm

•200 Ohm

Rate
The Rate control allows you to select one of two meter 
reading rates.

•6/sec
Approximately 6 meter readings are taken per sec-
ond.

•25/sec
Approximately 25 meter readings are taken per 
second.

At 6/sec, DCX meter resolution is a full 4 1/2 digits. At 
25/sec, the resolution is reduced. The number of dig-
its displayed is the same but the least significant digit 
is always 5 or 0.
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Delay Time
A Delay Time interval is started when the Resistance 
(DCX) measurement is started within a sequence. APx 
ignores DCX data until the time set in Delay Time has 
passed. Minimum Delay Time is 200 ms, maximum is 
10 s, 200 ms is the default.

Averaging Time
APx performs a rolling average of the DCX readings 
across a specified time before display. Minimum Aver-
aging Time is 200 ms, maximum is 10 s, 250 ms is 
the default.

See Chapter 109 for more information about units of 
measurement.

Resistance (DCX)

Units
Units available for Resistance (DCX) are

•ohm
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81

Signal Acquisition
(Sequence Mode)

Introduction
Signal Acquisition is a general purpose tool that 
makes an audio acquisition (or a series of appended 
or nested audio acquisitions) that can be saved with 
the project. The only result is the signal acquisition. 
No analysis is done.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7). If you are configured for Exter-
nal Source, see the topic below.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
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waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Running the measurement
Click Start. The generator will output the test signal to 
the DUT on the selected generator channels. In a 
short period of time, the signal will be acquired and 
the waveform displayed.

If you would like to view the DUT output using no stim-
ulus signal (for a view of DUT noise, for example), set 
the Level in Signal Generation to zero. Alternatively, 
you can use the Signal Analyzer in External Source 
configuration.

Analyzer
Filters

No local low pass, high pass or weighting fil-
ters are available for this measurement. 
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment. Read more about APx Filters in Chap-
ter 102.

Acq Length
Set the acquisition length here. Use the drop-down 
menu to choose seconds or samples.

Trigger
•Free Run

When trigger is set to Free Run, the acquisition 
begins when the Start button is clicked, plus any 
time or sample count set in Delay. 

•+0 Crossing 
When trigger is set to +0 Crossing, the acquisition 
begins at the input waveform’s first positive-going 
zero crossing after any time or sample count set in 
Delay, for the input channel selected.

•Generator 

•When Trigger is set to Generator and Genera-
tor Waveform is set to Sine (High Performance 
Sine Generator), the acquisition begins at the 
waveform’s first positive peak plus any time or 
sample count set in Delay. For the High Perfor-
mance Sine Generator, if the Delay time is set 
in samples it is scaled to the input sample 
rate.

•When Trigger is set to Generator and Genera-
tor Waveform is set to Sine (DAC), the acquisi-
tion begins at the waveform’s first positive-
going zero crossing plus any time or sample 
count set in Delay.

• When Trigger is set to Generator and Genera-
tor Waveform is set to Square, the acquisition 
begins at the waveform’s first rising edge plus 
any time or sample count set in Delay.

•When Trigger is set to Generator and Genera-
tor Waveform is set to Noise, the acquisition 
will not trigger.

•When Trigger is set to Generator and Genera-
tor Waveform is set to File, the acquisition 
begins at the file’s first sample, plus any time 
or sample count set in Delay. A trigger is gen-
erated each time the file loops back to its first 
sample.

•External
External is only available for analyzers equipped 
with the Advanced Master Clock. The acquisition 
begins at the first trigger pulse received at the 
rear-panel Trigger In BNC connector plus any time 
or sample count set in Delay. Set the Trigger Input 
in Signal Path Setup > Triggers to the desired volt-
age threshold and pulse edge.

Signal
The Signal field is only available when Input Connec-
tor on Input 1 in Signal Path Setup is set to PDM and 
no connector is configured on Input 2.

•Decimated Audio
The decimated PDM audio (at the baseband sam-
ple rate and bandwidth) is the input signal. 

•PDM Bitstream
The PDM bitstream (at the PDM bit clock rate and 
bandwidth) is the input signal. This is useful to 
view the out-of-band noise and other components 
of the PDM bitstream.

Note: When the PDM input decimation is set
to x1, (see “Settings for PDM Input” on page
211) the PDM signal is not decimated. In
that case, either of the Signal selections in
the Signal Analyzer will present the undeci-
mated PDM bitstream for the analyzer
acquisition.

Delay Time/Delay Samples
The Delay (s)/Delay (samples) setting allows you to 
delay the acquisition by a specific period of time or a 
specific number of samples relative to the measure-
ment Start or a trigger event, as described in Trigger.

This is sometimes necessary to avoid analysis of spuri-
ous signals created when using a coded generator file 
with a DUT that requires some time to match the 
coded format, or to allow the filter to settle when AC 
coupled.

For Delay (s), enter the delay in seconds. Minimum 
time is 0.0 s; maximum is 60.0 s; the default is 250 
ms.
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If Trigger is set to Generator, you can choose to enter 
the delay in Samples rather than seconds. Minimum 
sample count is 0; maximum is 12,960,000.

Save To File
You can record the audio signal to a computer file as 
the signal is being acquired. Click Save to File before 
you run Signal Acquisition. See Recording Audio to a 
File on page 467.

File Settings
When saving an audio signal to a file, click File Set-
tings to specify the file name and location. 

Nesting
Signal Acquisition records can be nested. See Nested 
Sweeps on page 235.

Secondary Source
Select the secondary sweep source here. This is the 
outside, nesting parameter that is varied to change 
the conditions for the recording through a number of 
iterations. Available choices are dependent upon 
instrument hardware, options and Input/Output set-
tings.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or band-
width settings, click Advanced Settings.
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82

Signal Analyzer
(Sequence Mode)

Introduction
For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

The Signal Analyzer is a general-purpose diagnostic 
tool that provides a time-domain Scope result view, an 
FFT Spectrum result view and noise density views.

Signal Analyzer results available in APx500 are:

Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7). If you are configured for Exter-
nal Source, see the topic below.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 

•Scope •Amplitude Spectral Density
•FFT Spectrum •Power Spectral Density
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and Frequency settings, or for information about using 
External Source.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Running the measurement
Click Start. The generator will output the test signal to 
the DUT on the selected generator channels. In a 
short period of time, the signal will be acquired and 
processed, and the graphs in the Selector will be pop-
ulated with results.

If you would like to view the DUT output using no stim-
ulus signal (for a view of DUT noise, for example), set 
the Level in Signal Generation to zero. Alternatively, 
you can use the Signal Analyzer in External Source 
configuration.

Analyzer
No local low pass, high pass or weighting fil-
ters are available for this measurement. 
However, low pass, high pass and weight-
ing filter settings made in Signal Path Setup
> Input/Output will affect this measure-
ment. Read more about APx Filters in Chap-
ter 102.

Acq Length
Set the acquisition length here, in seconds or in sam-
ples. Auto, the default, sets the acquisition length to 
the FFT length.

FFT Length
Set the FFT record length here. Options from 256 
points to 1.2M points are available, depending upon 
the number of input channels in use; default is 16K 
points.

See “More About FFTs” on page 583.

FFT Window
FFT acquisitions must either be synchronous or have 
one of a number of amplitude windows applied to pro-
vide useful data for interpretation. Each window func-
tion brings advantages and disadvantages. The 
default selection, AP-Equiripple, is a proprietary Audio 
Precision FFT window that is an excellent choice for 
most FFT results.

The APx500 FFT window choices are:

•AP-Equiripple

•Blackman-Harris 3-term

•Blackman-Harris 4-term

•Dolph-Chebyshev 150 dB

•Dolph-Chebyshev 200 dB

•Dolph-Chebyshev 250 dB

•Flat Top

•Hann

•None

Detailed descriptions of the FFT window functions 
begin on page 583.

Trigger
•Free Run

When trigger is set to Free Run, the acquisition 
begins when the Start button is clicked, plus any 
time or sample count set in Delay. 

•+0 Crossing 
When trigger is set to +0 Crossing, the acquisition 
begins at the input waveform’s first positive-going 
zero crossing after any time or sample count set in 
Delay, for the input channel selected.

•Generator 

•When Trigger is set to Generator and Genera-
tor Waveform is set to Sine (High Performance 
Sine Generator), the acquisition begins at the 
waveform’s first positive peak plus any time or 
sample count set in Delay. For the High Perfor-
mance Sine Generator, if the Delay time is set 
in samples it is scaled to the input sample 
rate.

•When Trigger is set to Generator and Genera-
tor Waveform is set to Sine (DAC), the acquisi-
tion begins at the waveform’s first positive-
going zero crossing plus any time or sample 
count set in Delay.

• When Trigger is set to Generator and Genera-
tor Waveform is set to Square, the acquisition 
begins at the waveform’s first rising edge plus 
any time or sample count set in Delay.

•When Trigger is set to Generator and Genera-
tor Waveform is set to Noise, the acquisition 
will not trigger.

•When Trigger is set to Generator and Genera-
tor Waveform is set to File, the acquisition 
begins at the file’s first sample, plus any time 
or sample count set in Delay. A trigger is gen-
erated each time the file loops back to its first 
sample.

•External
External is only available for analyzers equipped 
with the Advanced Master Clock. The acquisition 
begins at the first trigger pulse received at the 
rear-panel Trigger In BNC connector plus any time 
or sample count set in Delay. Set the Trigger Input 
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in Signal Path Setup > Triggers to the desired volt-
age threshold and pulse edge.

Averages
For non-periodic waveforms such as noise, averaging 
multiple acquisitions can provide a more useful view. 
By setting Averages to more than 1, you can specify 
how many acquisitions to average. Default is 1; maxi-
mum is 1000.

•Power
The scope result does not use power averaging. 
Power averaging affects only the frequency 
domain results. See “More About Averaging” on 
page 584 for a description of power averaging.

•Synchronous
When Trigger is set to Generator, Synchronous 
Averaging is an option. Synchronous averaging 
affects both the time domain and the frequency 
domain results. See “More About Averaging” on 
page 584 for a description of synchronous averag-
ing.

Max Hold and Min Hold are not averaging
functions, but use the multiple acquisitions
available to the Averages feature to find
maximum or minimum values for each FFT
bin.

•Max Hold
Max Hold displays the highest value for each bin 
found in all the acquisitions set in Averages. As the 
acquisitions progress, the value in each bin can 
only go up. The scope result does not use Max 
Hold. This selection only affects the frequency 
domain results.

•Min Hold
Min Hold displays the lowest value for each bin 
found in all the acquisitions set in Averages. As the 
acquisitions progress, the value in each bin can 
only go down. The scope result does not use Min 
Hold. This selection only affects the frequency 
domain results.

Signal
The Signal field is only available when Input Connec-
tor in Signal Path Setup is set to PDM on Input 1 and 
no other inputs are configured.

•Decimated Audio
The decimated PDM audio (at the baseband sam-
ple rate and bandwidth) is the input signal. 

•PDM Bitstream
The PDM bitstream (at the PDM bit clock rate and 
bandwidth) is the input signal. This is useful to 
view the out-of-band noise and other components 
of the PDM bitstream.

Note: When the PDM input decimation is set
to x1, (see “Settings for PDM Input” on page

211) the PDM signal is not decimated. In
that case, either of the Signal selections in
the Signal Analyzer will present the undeci-
mated PDM bitstream for the analyzer
acquisition.

Delay Time/Delay Samples
The Delay (s)/Delay (samples) setting allows you to 
delay the acquisition by a specific period of time or a 
specific number of samples relative to the measure-
ment Start or a trigger event, as described in Trigger.

This is sometimes necessary to avoid analysis of spuri-
ous signals created when using a coded generator file 
with a DUT that requires some time to match the 
coded format, or to allow the filter to settle when AC 
coupled.

For Delay (s), enter the delay in seconds. Minimum 
time is 0.0 s; maximum is 60.0 s; the default is 250 
ms.

If Trigger is set to Generator, you can choose to enter 
the delay in Samples rather than seconds. Minimum 
sample count is 0; maximum is 12,960,000.

Save To File
You can record the audio signal to a computer file as 
the signal is being acquired. Click Save to File before 
you run the measurement. See Recording Audio to a 
File on page 467.

File Settings
When saving an audio signal to a file, click File Set-
tings to specify the file name and location. 

Nesting
Signal Analyzer records can be nested. See Nested 
Sweeps on page 235.

Secondary Source
Select the secondary sweep source here. This is the 
outside, nesting parameter that is varied to change 
the conditions for the recording through a number of 
iterations. Available choices are dependent upon 
instrument hardware, options and Input/Output set-
tings.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or FFT win-
dowing, click Advanced Settings. See Advanced Set-
tings for the Signal Analyzer on page 581.
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Signal Analyzer: Scope

The Signal Analyzer is a general purpose diagnostic 
tool that uses a high-resolution FFT technique to pro-
vide several different display results. Scope is a time 
domain result, displaying the signal amplitude versus 
time, analogous to an oscilloscope view.

Interpolation
The interpolation setting is only available
when viewing Scope results.

For time-domain displays, the APx500 graphs are nor-
mally plotted using sinc function interpolation. Interpo-
lation adds points to the displayed trace that do not 
exist in the measured data, to make data trends more 
easily visualized. The default in APx is to have Interpo-
lation On. However, digital domain signals are some-
times best understood when viewing actual samples, 
with interpolation switched Off. 

Interpolation can cause limit failure markers to appear 
to be in an incorrect location. See “Interpolation and 
limit failure markers” on page 800 for an explanation.

Units
Units available for Signal Analyzer: Scope are

Signal Analyzer: FFT Spectrum

The Signal Analyzer is a general purpose diagnostic 
tool that uses a high-resolution FFT technique to pro-
vide several different display results. FFT Spectrum is 
a frequency domain result, displaying the signal ampli-
tude versus frequency.

Units
Units available for Signal Analyzer: FFT Spectrum are

X-axis Y-axis (analog) Y-axis (digital)

•s •V •D
•hex

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Signal Analyzer: Amplitude Spectral 
Density

The Signal Analyzer is a general purpose diagnostic 
tool that uses a high-resolution FFT technique to pro-
vide several different display results. Amplitude Spec-
tral Density is a frequency domain result, displaying 
the signal amplitude per root Hertz, versus frequency.

Units
Units available for Signal Analyzer: Amplitude Spectral 
Density are

Signal Analyzer: Power Spectral Den-
sity

The Signal Analyzer is a general purpose diagnostic 
tool that uses a high-resolution FFT technique to pro-

vide several different display results. Power Spectral 
Density is a frequency domain result, displaying the 
signal amplitude squared per Hertz, versus frequency.

Units
Units available for Signal Analyzer: Power Spectral 
Density are

Advanced Settings for Signal Ana-
lyzer
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
You can set different output levels or DC offsets for 
each channel here.

If Levels Track Ch1 is checked (the default), the gen-
erator output level and DC offset values for channel 1 
are copied to the other channels, and values for chan-
nels greater than 1 cannot be edited. Any changes 
made to channel 1 are reproduced in the other chan-
nels.

To set individual generator output channel levels or 
offsets, uncheck the Levels Track Ch1 checkbox and 
enter values in the output channel Level or Offset 
fields.

Set Channel Assignments for special waveforms
For special waveforms like Sine Dual, you can specify 
the channel assignment.

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms/(Hz) •FS/(Hz)
•dHz •dBV/(Hz) •dBFS/(Hz)
•F/R •dBu/(Hz)
•%Hz

X-axis Y-axis (analog) Y-axis (digital)

•Hz •dB(V2/Hz) •dB(FS2/Hz)
•dHz •V2/Hz •FS2/Hz
•F/R
•%Hz
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Set Channel Assignments for generator wave-
forms
For stereo or multichannel generator waveform files, 
you can set channel mapping. By default, channel 1 
audio is mapped to channel 1 output, channel 2 to 
channel 2, and so on. If the number of channels in the 
waveform file is less than the number of output chan-
nels, the waveform channels resume numbering at 1 
and wrap to the next available output channel. These 
assignments can be remapped by changing individual 
settings in the Wave Ch column, or by selection one of 
several presets from the Set Channel Assignments 
menu.

Signal Acquisition and Analysis
Input Range

Digital inputs do not require ranging, and
Input Range settings are unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

Bandwidth (Sample Rate)
This control is only available when the ana-
lyzer input configuration is set to Analog. 

The Bandwidth (Sample Rate) control allows you to 
override the analog input bandwidth setting in Signal 
Path Setup. The input bandwidth set here operates 
only on the Signal Analyzer.

If your system analog bandwidth is high, you can 
reduce it here for faster measurements. If your sys-
tem bandwidth is low, you can expand it here for more 
detailed Signal Analyzer results. 

The analog input bandwidth (sample rate) settings, 
whether made here or in Signal Path Setup, result in 
channel-count constraints at high sample rates.

The bandwidth choices, followed by their correspond-
ing sample rates, are:

•2.75 kHz (6 kS/s)

•3.5 kHz (8 kS/s)

•5.5 kHz (12 kS/s)

•7 kHz (16 kS/s)

•11 kHz (24 kS/s)

•20 kHz (44.1 kS/s)

•22 kHz (48 kS/s)

•40 kHz (88.2 kS/s)

•45 kHz (96 kS/s)

•80 kHz (176.4 kS/s)

•90 kHz (192 kS/s)

•250 kHz (624 kS/s) (requires the BW52 Option)

•500 kHz (1.248 MS/s) (requires the BW52 Option)

•1 MHz (2.496 MS/s) (requires the BW52 Option, 
set to 1 channel)

•Use Signal Path (the default)

Note that recording files at bandwidths
above 90 kHz (sample rates above 192 kS/
s) requires a very fast PC and hard disk, due
to the high data rates. Slower systems can
suffer recording interruptions and failure. 
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More about FFTs
The Fast Fourier Transform, or FFT, is a mathematical 
technique that deconstructs a complex waveform into 
its component sine waves. Presented with a segment 
of data which represents the amplitude vs. time rela-
tionships of a complex waveform, an FFT will derive 
two sets of results: the amplitude spectrum (ampli-
tude vs. frequency) and the phase spectrum (phase 
vs. frequency) of the signal. This information is suffi-
cient to describe the relationships of the sine waves 
which make up the waveform, and with further compu-
tation the FFT results can be interpreted for several 
different types of display.

Much of the signal analysis in APx500 is performed 
using FFT techniques. These results are typically dis-
played in the frequency domain, as level vs. frequency 
or phase vs. frequency spectrum graphs. Some results 
(such as Impulse Response and Scope) are displayed 
in the time domain, as level vs. time.

FFT length
The length (in samples) of the audio data being trans-
formed is called the FFT length. Since this length con-
sists of samples, its length in time varies with the 
sample rate. Many of the nominal FFT lengths shown 
in the APx menu are convenient approximations. The 
actual lengths are shown here:

FFT bandwidth
The bandwidth of the FFT is from DC to 1/2 the sam-
ple rate.

FFT bins and bin width
The bandwidth of the FFT is divided into bins, the 
number of which is 1/2 the FFT length. The bin width 
(also called line spacing) defines the frequency resolu-
tion of the FFT. The FFT provides amplitude and phase 
values for each bin.

The bin width is stated in hertz. The bin width can be 
calculated by dividing the sample rate by the FFT 
length; or by dividing the bandwidth by the number of 
bins (which is equal to 1/2 the FFT length).

Examples
As an example, at a sample rate of 48 kHz and an FFT 
length of 16,384 (the 16K setting), the bandwidth 
would be DC to 24 kHz, the number of bins would be 
8,192, and the bin width would be 24 kHz / 8,192 = 
2.93 Hz.

With care, you can select sample rates and FFT 
lengths that will result in a specific bin width; for 
example, an FFT length of 65,536 samples (APx menu 
setting of 64K) and a sample rate of 65,536 Hz (we’re 
assuming a digital input, with the signal at that sam-
ple rate) provides a bin width of exactly 1 Hz.

The FFT lengths of 312000, 624000 and 1248000 
are included for use with the BW52, to provide integer 
bin widths at the sample rates used for BW52 band-
widths.

FFT windows
The Fourier transform has the effect of connecting the 
end of the FFT record to its beginning, forming an end-
less loop of data in the calculation.

In almost all cases, there is a discontinuity at the 
“splice,” and just like a bad audio edit, the discontinu-
ity is an impulse that spills energy across the spec-
trum. Unmodified, this energy swamps the useful 
data. In APx500 we use FFT windowing to eliminate 
the discontinuity.

An FFT window is an amplitude envelope that is 
applied to the FFT record before the transform. FFT 
windows change the data, and therefore affect the 
results. However, a number of windows have been 
developed that provide useful results while eliminat-
ing the looping discontinuity.

The example below shows the Hann window in the 
time domain, with the FFT record at the top, the win-
dow function in the center and the modified FFT 
record at the bottom. Other window functions have dif-
ferent shapes to optimize the resultant FFT for differ-
ent purposes. What they all have in common is a 
tapering to zero at both ends, to eliminate the discon-
tinuity.

Nominal (menu) Actual Length in samples
256 256
512 512
1K 1,024
2K 2,048
4K 4,096
8K 8,192
12K 12,000
16K 16,384
24K 24,000
32K 32,768
48K 48,000
64K 65,536
96K 96,000
128K 131,072
192K 192,000
256K 262,144
300K 312,000
512K 524,288
600K 624,000
1M 1,048,576
1.2M 1,248,000
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The windows provided with APx500 are detailed here:

Hann
The Hann window is a raised cosine win-
dow that provides good selectivity near the 
top of the main lobe (about –6 dB at one 
bin away from center and about –30 dB at 
two bins away), with no side lobes. Its 
skirts more than 3 bins off center are not 
as steep as the Blackman-Harris window. 
The Hann window causes approximately 
–1.5 dB maximum amplitude error due to 
window attenuation, if the signal is at the 
extreme edge of the bin.

Blackman-Harris 3-term
The Blackman-Harris 3-term window is 
about –5 dB in the bins adjacent to the 
center, about –20 dB two bins off, and 
about –160 dB three bins off. Response 
fall-off is monotonic. Scallop loss is 1.1 dB 
maximum.

Blackman-Harris 4-term
The Blackman-Harris window is a 4-term 
minimum side lobe window, as used in 
AP2700 software. When compared to the 
Hann window, it is not quite as selective 
across the central several bins (about 
–3 dB in the adjacent bins and about 
–14 dB at two bins off), but has steeper 
skirts beyond that point. The Blackman-

Harris window has side lobes below 
–92 dB (response fall-off is not mono-
tonic). It has a reasonably flat top with a 
maximum amplitude error of about 
–0.8 dB if the signal is at the extreme 
edge of the bin.

Flat Top
The Flat-Top window is designed for the 
greatest amplitude measurement accu-
racy. It provides a maximum amplitude 
error due to window attenuation of less 
than –0.02 dB. However, its selectivity is 
poorer than the other windows. The Flat-
Top window is the appropriate window for 
accurate amplitude measurements (such 
as when measuring individual harmonics) 
except when signals are so closely spaced 
that its selectivity becomes a problem.

AP-Equiripple
The Equiripple window, developed at Audio 
Precision, is an approximation to the 
Dolph-Chebyshev window that has the nar-
rowest main lobe width for a given maxi-
mum side lobe depth. The main lobe is 
approximately 12 bins wide; that is, the 
first null is about six bins from the main 
lobe center. The first side lobe, which is 
also the highest, is –147 dB from the main 
lobe. The maximum amplitude error with a 
signal at the bin boundary is about 0.5 dB.

Dolph-Chebyshev
The Dolph-Chebyshev windows are true 
equiripple windows. For a given minimum 
sidelobe attenuation, they provide the min-
imum possible mainlobe width. The Dolph-
Chebyshev 250 window is capable of 
revealing details in very low noise floors 
that other windows obscure. 

More About Averaging
The Acoustic Response, Signal Analyzer and Transfer 
Function measurements, and the FFT Monitor, use 
averaging to reduce noise in measurement 
results. This technique averages the signal over a 
specified number of acquisitions by summing the sig-
nals from all acquisitions and dividing the result by the 
number of acquisitions. Averaging acquisitions from 2 
to 1000 are available. A selection of 1 disables aver-
aging.

Power averaging
Power averaging (spectrum averaging) operates only 
on a frequency domain result. The power spectra for 
all averaged acquisitions are summed and then 
divided by the number of acquisitions. Power averag-
ing helps reveal coherent frequency components by 
reducing the variance (but not the average level) of 
noise and other non-coherent signals.

Power averaging is available to the Signal Analyzer FFT 
Spectrum, Amplitude Spectral Density and Power 
Spectral Density results, to Transfer Function mea-
surements, and to the FFT Monitor.

Minimum 
sidelobe 
atten. (dB)

Mainlobe 
width (bins)

Maximum 
level error 
(dB)

Hann ---- 4 –1.43
Blackman-Harris 
3-term

58 6 –1.10

Blackman-Harris 
4-term

92 8 –0.83

Flat Top 94 10 –0.02
AP-Equiripple 179 12 –0.50
Dolph-Cheby-
shev 150

147 12 –0.60

Dolph-Cheby-
shev 200

195 16 –0.46

Dolph-Cheby-
shev 250

240 20 –0.37
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Synchronous averaging
Synchronous averaging operates on a time domain 
acquisition. Synchronous averaging is useful to exam-
ine coherent time domain waveforms by reducing the 
average level (but not the variance) of noise and other 
non-coherent signals. Since the frequency domain 
results in a measurement are derived from the time 
domain acquisition, synchronous averaging affects 
spectrum results as well.

Synchronous averaging is available to all the results in 
the Signal Analyzer measurements, when using a Gen-
erator Waveform file as the stimulus signal, and trig-
gering from the generator. The generator waveform is 
looped end-to-end for playback in the generator, and 
each repetition is synchronously acquired and added 
to the averaging process.

Synchronous averaging is also available to all the 
results in the Acoustic Response measurement.

Max Hold and Min Hold
Max Hold and Min Hold are not averaging functions, 
but appear in the Averages menu in Signal Analyzer. 
Read about Max Hold and Min Hold on page 579.
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83

Signal to Noise Ratio
(Sequence Mode)

The Signal to Noise Ratio measurement provides a 
single-value result that shows the signal to noise ratio 
(SNR) of the output signal from each DUT channel. To 
use the SNR measurement to produce a dynamic 
range result, set the initial generator level to produce 
the maximum level in the DUT.

For the AES17 Dynamic Range measurement for digi-
tal converters, go to Chapter 48.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Running the measurement
To measure SNR, click Start. The generator is turned 
on briefly, then off. The results are compared and dis-
played as meter bars.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Level
For signal to noise ratio, you must choose a generator 
level that represents the maximum level for the device 
under test (DUT).

Analyzer
Filters
Local high-pass, low-pass and weighting filters are 
available for the “noise” (generator OFF or low level) 
portion of this measurement. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.
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Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
single value measurement on page 427.

See Chapter 109 for more information about units of 
measurement.

Signal to Noise Ratio

The Signal to Noise Ratio measurement provides a 
single-value result showing the SNR for each DUT 
channel.

Units
Units available for SNR are

•x/y

•dB

More about SNR
Overview: SNR
Signal-to-noise ratio (SNR) was first used to evaluate 
the intelligibility of analog radio voice communica-
tions, and expressed the difference between the nomi-
nal signal level and the noise at the radio receiver. In 
excellent conditions, the voice might be 40 dB above 
the noise; in the worst conditions, the signal would be 
“lost in the noise” and unintelligible.

Strictly speaking, then, the “signal” level is arbitrary, 
although it is usually taken to be the “nominal” pro-
gram level. SNR is actually two measurements: first, of 
the signal level; and second, of the noise level with the 
signal turned off. These two measurements are 
expressed as a ratio, almost always in decibels.

Like most noise measurements, the SNR results are 
typically bandpass limited using high and low pass fil-
ters, or a weighting filter. Filter use should be stated in 
the results.

The APx500 Signal-to-Noise Ratio measurement 
makes the two measurements and computes the ratio 
in one operation.

Overview: Dynamic Range
Dynamic range is an expression of the ratio of the 
largest signal a device can pass to the device's noise 
floor. “Largest signal” usually refers to a signal at a 
specified degree of distortion, often 1%. Signal-to-
noise ratio and dynamic range are essentially the 
same measurement, except that the signal in SNR is 
arbitrary (and should be stated in the results), and the 
signal in dynamic range is at the maximum (details of 
which should also be stated in the results).

For the AES17 Dynamic Range measurement for digi-
tal converters, see Chapter 48.
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84

SINAD
(Sequence Mode)

SINAD provides a single-value measurement of SINAD 
(Signal to Noise and Distortion) in the output signal 
from each DUT channel. ENOB is the mathematical 
equivalent of SINAD, and ENOB results are provided 
as well.

More Information
See More about SINAD and More about ENOB on page 
590.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Running the measurement
To measure SINAD, click the Generator button to On. 
The generator will output the test signal to the DUT on 
the selected generator channels. Read the SINAD ratio 
for each channel from the meter bar display. Click the 
Generator button to Off.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

Selecting the generator waveform
By default, the SINAD measurement uses a sine wave 
at 400 Hz at the level set in the Signal Generation 
panel as the test signal. Alternatively, you can select a 
1 kHz sine wave.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Analyzer
Filters
Local high-pass, low-pass and weighting filters are 
available for this measurement. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.
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Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
single value measurement on page 427.

See Chapter 109 for more information about units of 
measurement.

SINAD

The SINAD measurement provides a single-value 
result showing the SINAD for each DUT channel.

Units
Units available for SINAD are

•x/y

•dB

More about SINAD
SINAD is an abbreviation for Signal-to-Noise and Dis-
tortion. It is a measure of audio quality used in low sig-
nal-to-noise ratio situations such as radio 
communications systems. SINAD is usually performed 
with a stimulus signal of 400 Hz or 1 kHz.

SINAD is defined as the ratio of the total signal 
(desired signal plus the sum of all distortion and noise 
components) to the sum of all distortion and noise 
components. SINAD can never be less than 1, and is 
always positive when expressed in dB. SINAD is the 
reciprocal of THD+N.

More about ENOB
ENOB (Effective Number Of Bits) is a measure of qual-
ity of a signal, expressed in terms that relate to digital 
acquisition processes. ENOB is the mathematical 
equivalent of SINAD (and, by extension, THD+N under 
similar conditions), by the conversion shown here:

ENOB SINAD 1.76–
6.02

----------------------------------=
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85

Stepped Frequency Sweep
(Sequence Mode)

The Stepped Frequency Sweep measurement uses a 
sine wave stimulus signal that is moved across a 
range of frequencies in a series of steps or points. The 
DUT output is acquired by the analyzer and processed 
for display. X axis is the sweep frequency; Y axis is DUT 
output.

Stepped Frequency Sweep measurement results avail-
able in APx500 are:

All of these results are available from a single mea-
surement.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Running the Measurement
For a default sweep of 20 kHz to 20 Hz in 31 logarith-
mic steps, simply click Start. If you want to specify 
other parameters for your sweep, review Generator 
and Analyzer settings, discussed below. Click Start 
when you have approved the settings.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 

and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

•RMS Level (freq. 
response)

•THD Ratio •Distortion Prod-
uct Level

•Gain •THD Level •SINAD
•Relative Level •THD+N Ratio •Peak Level
•Deviation •THD+N Level •Average Jitter 

Level
•Phase •Distortion Prod-

uct Ratio
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Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Start Frequency
Set the sweep start frequency here.

Stop Frequency
Set the sweep stop frequency here.

Sweep
Choose

•Logarithmic point spacing 

•Linear point spacing 

•ISO R-Series point spacing 

•Custom
Edit sweep spacing and number of Points to cre-
ate a Custom sweep. 

ISO Spacing
For ISO R-Series sweeps, select the ISO Spacing here. 
Choose

•R10 (1/3rd Octave), which sets points using the 
1/3 octave preferred values.

•R20 (1/6th Octave), which sets points using the 
1/6 octave preferred values.

•R40 (1/12th Octave), which sets points using the 
1/12 octave preferred values.

•R80 (1/24th Octave), which sets points using the 
1/24 octave preferred values.

Points
For Logarithmic or Linear, set the number of sweep 
points here.

Points / Edit
Open the Data Points dialog to edit import or export 
the generator sweep points table. See page 599.

Step Size
For linear sweeps, enter the Step Size here.

Level
Set the signal level here. This level may be changed if 
generator equalization is used, and can be adjusted 
on a per-channel basis in Advanced Settings (see 
page 600).

Offset
Set any DC offset to the generator signal here.

EQ
You can optionally modify the sweep with by applying a 
equalization curve to the generator. See “Generator 
Equalization” on page 245 for a general discussion of 
this feature. Choose

•None, which applies no equalization to the genera-
tor. 

•Relative, which applies the gain or loss specified 
in the EQ table to the current generator level for 
each channel. 

•Absolute, which sets the generator level for all 
channels to the levels specified in the EQ table.
Note: when Absolute is selected, current channel 
level settings are lost. 

Click the Edit button to create or change the EQ curve. 
See the Edit EQ Table dialog discussion on page 245.

Ch
Toggle specific output channels on or off by clicking on 
the Channel number button.

Analyzer
This measurement can be configured to measure jit-
ter in Signal Path Setup > Input > Measure. Read 
detailed information about jitter generation and mea-
surement beginning on page 104.
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Sweep Table

The analyzer Sweep Table menu, and the
Points, View/Edit and Track Channel con-
trols discussed below, are not shown for a
closed loop sweep that uses the internal
generator. In that case, the stimulus sweep
definition is directly available to the ana-
lyzer and these controls are unnecessary.

When the measurement is configured so that the 
stimulus sweep definition is not available to the ana-
lyzer (in External Source, Generator Waveform or File 
Input configurations), you must select an analyzer 
Sweep Table (see page 599) that matches the defini-
tion of the sweep you are using.

The analyzer Sweep Table menu lists the embedded 
sweep tables and any new tables that have been 
added to the project. Select a table from the analyzer 
Sweep Table menu, or choose Create New or Browse 
for a sweep table file.

Points
This field displays the number of points in the ana-
lyzer sweep points table.

View / Edit
For embedded analyzer sweep tables, click View (see 
page 599) to view or export the table, or to create a 
WAV file from the table. For other analyzer sweep 
tables, click Edit to edit, view or export the table, or to 
create a WAV file from the table (see page 600).

Filters
Local high-pass, low-pass and weighting filters are 
available for this measurement. The low-pass and 
high-pass filters, if selected, are applied to the entire 
measured signal and affect all the results. The weight-
ing filter, if selected, affects only the distortion and 
distortion plus noise results. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Phase Ref Channel
Interchannel Phase measurements must be refer-
enced to one channel. Set the phase reference chan-
nel here.

Track Channel
When using a sweep table (in External Source, Gener-
ator Waveform or File Input configurations), the ana-
lyzer must determine the relation of the incoming 
signal to the sweep table. When Auto is selected, the 
analyzer continually polls all the channel inputs 
throughout the sweep, switching between channels as 
necessary to track the input with the highest signal 
level.

Alternatively, you can select a specific input channel 
for the analyzer to use for sweep tracking.

Advanced Settings
If your test requires special adjustments or settings, 
click Advanced Settings. See page 600.

See Chapter 109 for more information about units of 
measurement.

RMS Level results

Stepped Frequency Sweep: RMS Level results uses a 
sine wave stimulus signal that is moved across a 
range of frequencies in a specified number of points. 
This is the conventional frequency response sweep.
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Units
Units available for Stepped Frequency Sweep: RMS 
Level results are:

Gain

Gain is a stepped frequency sweep result that pro-
vides a graphical display of the voltage gain in each 
channel. In this result the DUT gain is plotted against 
frequency. The stepped frequency sweep Gain mea-
surement is not available in External Source configura-
tion.

Gain results are not available when Exter-
nal Source is selected as the output config-
uration, when File is selected as the input
configuration or when a generator wave-
form file is selected as the test signal.

Units
Units available for Stepped Frequency Sweep: Gain 
are:

Stepped Frequency Sweep: Rela-
tive Level

The Stepped Frequency Sweep: Relative Level result 
uses a sine wave stimulus signal that is moved across 
a range of frequencies in a specified number of 
points, providing a conventional frequency response 
sweep. Additionally, in this result the response curve 
is plotted in relation to the measured level at a 
selected frequency. This enables you to specify the 
frequency where the relative response will be unity 
and to view the response in relation to that frequency. 
A midband frequency such as 1 kHz is often set as the 
reference frequency, and is the default here.

Mode
Select one of two result display modes.

Normalized at Reference
Enter a reference frequency for normalization in the 
Ref Frequency field. The measured level at the fre-
quency you choose is set as 0 dB on the graph, and 
the DUT response is plotted in relation to this refer-
ence. You can change the Ref Frequency at any time 
(except after appending) and the graph will immedi-
ately be redrawn to reflect the new setting.

Auto-Centered in Limits
This control is only usable if upper and lower limits are 
set on this graph. In some applications, the general 
conformance of a trace to the shape of a set of limits 
is of importance, with absolute level less important or 
irrelevant. Auto-Centered in Limits centers the data 
trace relative to the upper and lower limits. To exclude 
possible exceptional data points at frequency 
extremes, the frequency range that is considered for 
the centering operation is constrained by the values in 
the Min and Max fields. 

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

X-axis Y-axis (analog) Y-axis (digital) Jitter signals

•Hz •Vrms •dBFS •UI
•dHz •dBV •FS •dBUI
•F/R •dBu •%FS •s
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis
Y-axis 
same-domain

Y-axis 
cross-domain

•Hz •x/y •FS/Vrms
•dHz •% •dB(FS/Vrms)
•F/R •ppm —or—
•%Hz •dB •Vrms/FS

•dB(Vrms/FS)
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Ref Frequency
Choose a Reference Frequency here.

Units
Units available for Stepped Frequency Sweep: Rela-
tive Level are:

Deviation

The Stepped Frequency Sweep: Deviation result uses 
a sine wave stimulus signal that is moved across a 
range of frequencies in a specified number of points. 
This result is a single value measurement computed 
from the stepped sweep that shows the frequency 
deviation (the total range of frequency variation) of 
each channel as a meter bar. You can specify a mini-
mum and maximum frequency to define the range of 
the deviation measurement.

Result Settings
These settings are made in the Result Settings bar, 
beneath the graph display.

Min
Set the minimum frequency of the range of interest 
here.

Max
Set the maximum frequency of the range of interest 
here.

Units
Units available for Stepped Frequency Sweep: Devia-
tion are

•dB

See Chapter 109 for more information about units of 
measurement.

Phase

The Phase result is a stepped frequency sweep mea-
surement that provides a graphical display of the 
Phase response of each channel. One channel is cho-
sen as the phase reference channel, and the remain-
ing channels are measured against it.

Select a phase reference channel in Phase: Ref Chan-
nel. The remaining channels are plotted against the 
selected channel.

Units
Units available for Stepped Frequency Sweep: Phase 
are:

THD Ratio

The THD Ratio result is a stepped frequency sweep 
measurement that provides a graphical display of the 
THD response of each channel. In this result the ratio 
of the level of the THD (total harmonic distortion) to 
the total signal in the DUT output is plotted against 
frequency.

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis 

•Hz •deg
•dHz •rad
•F/R
•%Hz
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See page 619 for more information about THD.

Units
Units available for Stepped Frequency Sweep: THD 
Ratio are:

THD Level

The THD Level result is a stepped frequency sweep 
measurement that provides a graphical display of the 
THD response of each channel. In this result the level 
of the THD (total harmonic distortion) in the DUT out-
put is plotted against frequency.

See page 619 for more information about THD.

Units
Units available for Stepped Frequency Sweep: THD 
Level are:

THD+N Ratio

The THD+N Ratio result is a stepped frequency sweep 
measurement that provides a graphical display of the 
THD+N response of each channel. In this result the 
ratio of the level of the THD+N (total harmonic distor-
tion plus noise) to the total signal in the DUT output is 
plotted against frequency.

See page 619 for more information about THD+N.

Units
Units available for Stepped Frequency Sweep: THD+N 
Ratio are:

THD+N Level

The THD+N Level result is a stepped frequency sweep 
measurement that provides a graphical display of the 
THD+N response of each channel. In this result the 
level of the THD+N (total harmonic distortion plus 
noise) in the DUT output is plotted against frequency.

See page 619 for more information about THD+N.

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB

X-axis Y-axis (analog) Y-axis (digital) Jitter signals

•Hz •Vrms •dBFS •UI
•dHz •dBV •FS •dBUI
•F/R •dBu •%FS •s
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Units
Units available for Stepped Frequency Sweep: THD+N 
Level are:

Distortion Product Ratio

The Stepped Frequency Sweep Distortion Product 
Ratio result provides a graphical display of the 
selected harmonic distortion products present in each 
channel. In this result the ratio of the level of the 
selected harmonic distortion product to the funda-
mental in the DUT output is plotted against frequency.

Select the harmonic distortion product(s) you wish to 
view using the Harmonics controls, described below.

Additional Controls for Distortion Prod-
uct Ratio
Harmonics
For a graph of the ratio of one specific harmonic prod-
uct to the signal level, select Single Harmonic and set 
the Harmonic Number to your choice, from 2nd har-
monic to 20th harmonic.

For a graph of the sum of the levels of any combina-
tion of harmonic products (from H2 through H20), 
divided by the signal level, select Sum of Harmonics. 
Then click Select Harmonics... to open a result defini-
tion dialog.

Units
Units available for Stepped Frequency Sweep Distor-
tion Product Ratio are:

Distortion Product Level

The Stepped Frequency Sweep Distortion Product 
Level result provides a graphical display of the 
selected harmonic distortion products present in each 
channel. In this result the level of the selected har-
monic distortion product in the DUT output is plotted 
against frequency.

Select the harmonic distortion product(s) you wish to 
view using the Harmonics controls, described below.

Additional Controls for Distortion Prod-
uct Level
Harmonics
For a graph of the level of one specific harmonic prod-
uct, select Single Harmonic and set the Harmonic 
Number to your choice, from 2nd harmonic to 20th 
harmonic. 

For a graph of the level of the sum of several or all 
harmonic products (from H2 through H20), select Sum 
of Harmonics, then click Select Harmonics... to open a 
result definition dialog.

X-axis Y-axis (analog) Y-axis (digital) Jitter signals

•Hz •Vrms •dBFS •UI
•dHz •dBV •FS •dBUI
•F/R •dBu •%FS •s
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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Units
Units available for Stepped Frequency Sweep Distor-
tion Product Level are:

SINAD

The Stepped Level Sweep: SINAD result uses a sine 
wave stimulus signal that is moved across a range of 
levels in a series of points. X axis is generator level; Y 
axis is DUT output SINAD ratio.

Units
Units available for SINAD are:

Peak Level

Stepped Frequency Sweep: Peak Level results uses a 
sine wave stimulus signal that is moved across a 
range of frequencies in a specified number of points. 
This is a frequency response sweep, with peak-scaled 
results.

Units
Units available for Stepped Frequency Sweep Peak 
Level results are:

Average Jitter Level

Stepped Frequency Sweep: Average Jitter Level results 
uses a sine wave stimulus signal that is moved across 
a range of frequencies in a specified number of 
points.

X-axis Y-axis (analog) Y-axis (digital) Jitter signals

•Hz •Vrms •dBFS •UI
•dHz •dBV •FS •dBUI
•F/R •dBu •%FS •s
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •dB
•Vpp •%FS
•dBV •dBrG
•dBu
•dBrG
•dBm
•W (watts)

X-axis Y-axis (analog) Y-axis (digital) Jitter

•Hz •V •D •UI
•dHz •hex •dBUI
•F/R •s
•%Hz
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Units
Units available for Stepped Frequency Sweep Level 
results are:

Using Sweep Tables with Stepped 
Frequency Sweep Measurements
A stepped frequency sweep depends upon the ana-
lyzer correctly tracking the stimulus sweep as it moves 
across its range. 

When the source of the signal is the APx generator in 
an internal (closed loop) sweep, the tracking informa-
tion is shared from generator to analyzer in real time. 
Additionally, the analyzer informs the generator when 
a tone has been successfully acquired, so that the 
generator can move to the next tone.

When a generator waveform or external source is used 
as the stimulus, or when a file is used as the analyzer 
input, a table that defines the sweep points must be 
provided to the analyzer. The analyzer then tracks the 
sweep (as defined in the sweep table) by monitoring 
one or more input channels. This method works well, 
unless the input signal is severely degraded.

When measuring from an external source, instead of 
using the generator, you will play an audio signal from 
the DUT.

For a stepped frequency sweep, you must select one 
of the AP stepped frequency sweep test signals listed 
on the External Source panel, which are provided on-
disc in several different formats. See “Stepped Fre-
quency Sweep Signals” on page 601.

When you have the test signal ready on the DUT and 
have selected it in APx500, click Start and play the 
test signal from the DUT. The analyzer will wait for the 
pilot tone, and then wait for each frequency point in 
the sweep. The signal is acquired and analyzed at 
each point, and the results are graphed.

If the wait for the pilot tone or any sweep point 
exceeds 60 seconds, the sweep will time out and end.

Viewing or Editing the sweep 
points tables
Stepped sweeps are defined by the points in a sweep 
table that is displayed in the Data Points dialog.

Generator Sweep Points Table (internal sweep).

For internal sweeps (generated in real time), the dia-
log above allows you to specify generator frequencies 
and to add, delete and order the sweep points. The 
generator sweep points table can be exported to an 
XLS or CSV file; compatible files can be imported into 
the current sweep.

For external sweeps (from generator waveforms, file 
input or external source), an analyzer sweep table is 
necessary for the analyzer to track the sweep. The 
Data Points dialog for analyzer sweep points has the 
features of the internal generator Data Points dialog, 
with the addition of pilot tone settings and tone dura-

X-axis Y-axis (analog) Y-axis (digital) Jitter

•Hz •Vrms •dBFS •UI
•dHz •dBV •FS •dBUI
•F/R •dBu •%FS •s
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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tion settings. You also have the option of creating a 
WAV file from the sweep table, as discussed next.

Analyzer Sweep Points Table (external sweep)

Create a WAV file from a sweep 
table

When you click Create WAV File... in the Data Points 
dialog, this dialog opens. Enter the Sample Rate (any 
sample rate from 22 kS/s to 192 kS/s) and Bit Depth 
(either 16-bit or a 24-bit) you require for your sweep 
WAV file. Click OK to open a file browser to save the 
file.

Advanced Settings for Stepped 
Frequency Sweep Measurements
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
You can set different output levels or DC offsets for 
each channel here.

If Levels Track Ch1 is checked (the default), the gen-
erator output level and DC offset values for channel 1 
are copied to the other channels, and values for chan-
nels greater than 1 cannot be edited. Any changes 
made to channel 1 are reproduced in the other chan-
nels.

To set individual generator output channel levels or 
offsets, uncheck the Levels Track Ch1 checkbox and 
enter values in the output channel Level or Offset 
fields.

Set Channel Assignments for special waveforms
For special waveforms like Sine Dual, you can specify 
the channel assignment.

Set Channel Assignments for generator wave-
forms
For stereo or multichannel generator waveform files, 
you can set channel mapping. By default, channel 1 
audio is mapped to channel 1 output, channel 2 to 
channel 2, and so on. If the number of channels in the 
waveform file is less than the number of output chan-
nels, the waveform channels resume numbering at 1 
and wrap to the next available output channel. These 
assignments can be remapped by changing individual 
settings in the Wave Ch column, or by selection one of 
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several presets from the Set Channel Assignments 
menu.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Set Channel Assignments for special waveforms
For special waveforms like Sine Dual, you can specify 
the channel assignment.

Read more about ranging in Chapter 103.

Stepped Frequency Sweep Sig-
nals
In addition to the generation of .wav files from sweep 
tables described previously in the chapter, the Audio 
Precision waveform generator utility (APxWfmGenera-
tion.exe) provides a convenient way to generate .wav 
files for Stepped Frequency Sweep signals, with 
selectable sample rates, bit depth, and channel 
counts. APxWfmGeneration.exe is available as a down-
load from the AP Web site at ap.com. Additional test 
signals and waveforms are also available as down-
loads from the AP Web site.
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86

Stepped Level Sweep
(Sequence Mode)

The Stepped Level Sweep measurement provides a 
sine wave stimulus signal that is moved across a 
range of levels in a series of points. The DUT output is 
acquired by the analyzer and processed for display. 
Stepped Level Sweep measurements are not sup-
ported in the External Source configuration.

Stepped Level Sweep results available in APx500 are:

All of these results are available from a single mea-
surement.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Running the Measurement
For a default sweep of 1 mVrms to 2 Vrms in 31 loga-
rithmic steps, simply click Start. If you want to specify 
other parameters for your sweep, review Generator 
and Analyzer settings, discussed below. Click Start 
when you have approved the settings.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 

and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

•Level •THD Ratio •THD Level vs. 
Measured Level

•Gain •THD Level •SINAD
•Linearity •THD+N Ratio vs. 

Measured Level
•Peak Level

•THD+N Ratio •THD+N Level vs. 
Measured Level

•Average Jitter 
Level

•THD+N Level •THD Ratio vs. 
Measured Level
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Generator
The configuration for this measurement must be the 
closed-loop configuration, using the APx generator as 
a stimulus.

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

Note: if Output Configuration is set to Blue-
tooth (A2DP Source profile), the Bluetooth
hardware imposes a –54 dBFS cutoff. Sig-
nals below –54 dBFS are not transmitted.
Please consider this when defining the
range of levels for your Stepped Level
sweep. 

Start Level, Stop Level and Sweep 
Points
The sweep moves between two levels, set in the Start 
Level and Stop Level fields. The default levels are 
1.000 mVrms and 2.000 Vrms.

The sweep moves in a specified number of step 
points, set in the Points field. The minimum is 2 
points; maximum is 65,535. The default setting is 31.

The sweep point spacing is set by selecting one of the 
following choices in the Sweep field: 

•Logarithmic (the default); use the Points field to 
set the number of logarithmically spaced points;

•Linear, which provides two methods of adjusting 
spacing: the Points field or the Step Size field; or 

•Custom. Click Edit to open the Data Points dialog, 
where you can set points arbitrarily, or load or save 
sweep table files.

Viewing or Editing the sweep points table
You can view or edit the current generator sweep 
points at any time.

Click Edit to open the generator Data Points dialog to 
view the sweep points table. The table shows each 
sweep point and its corresponding level. You can edit 
this table to add or delete points, or to change the 
level of a point. Points can be sorted or reversed in 
order using the controls on the right.

A sweep points table can be saved as a *.csv file or as 
a Microsoft Excel *.xlsx file. A compatible *.csv or 

*.xlsx file can be imported and used create Data 
Points in a sweep table.

Analyzer
Filters
Local high-pass, low-pass and weighting filters are 
available for this measurement. The low-pass and 
high-pass filters, if selected, are applied to the entire 
measured signal and affect all the results. The weight-
ing filter, if selected, affects only the distortion and 
distortion plus noise results. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Notch Tuning Mode
For the harmonic distortion results, a tunable notch fil-
ter is used to remove the fundamental from the mea-
surement. The filter can be tuned to:

•Generator Frequency 
The current APx audio generator frequency. When 
the generator channels are outputting different 
frequencies (Split Frequency generation), the 
notch filter center is set to Frequency A. This mode 
is not available when using a generator waveform 
file.

•Jitter Generator Frequency 
The current APx jitter generator frequency, when 
jitter generation is available and enabled. Read 
more about jitter beginning on page 104.
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•Measured Frequency 
The current measured frequency. When the ana-
lyzer channels are receiving different frequencies, 
the notch filter for each channel is centered on the 
frequency in that channel.

•Fixed Frequency 
A fixed frequency selected by the user. When Fixed 
Frequency is selected, a Filter Frequency entry 
field becomes available beneath the Notch Tuning 
Mode control.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
Stepped Level Sweeps on page 611. See Chapter 109 
for more information about units of measurement.

Stepped Level Sweep: Level

The Stepped Level Sweep: Level result uses a sine 
wave stimulus signal that is moved across a range of 
levels in a series of points. X axis is generator level; Y 
axis is DUT output level.

Units
Units available for Level are:

Stepped Level Sweep: Gain

The Stepped Level Sweep: Gain result uses a sine 
wave stimulus signal that is moved across a range of 
levels in a series of points. X axis is generator level; Y 
axis is gain in the DUT. Gain is a ratio, calculated by 
dividing the DUT output level by the generator level.

Units
Y-axis units available for Gain are: 

Stepped Level Sweep: Linearity

The Stepped Level Sweep: Linearity result uses a sine 
wave stimulus signal that is moved across a range of 
levels in a series of points. X axis is generator level; Y 
axis is linearity in the DUT. Linearity is a ratio, calcu-

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •Vrms •dBFS
•Vp •FS •dBV •FS
•Vpp •%FS •dBu •%FS
•dBV •dBrG •dBrA •dBrA
•dBu •dBrB •dBrB
•dBrG •dBSPL1 •dBSPL1
•dBm •dBSPL2 •dBSPL2
•W (watts) •dBm

•W (watts)

X-axis (analog) X-axis (digital)
Y-axis
same-domain

Y-axis
cross-domain

•Vrms •dBFS •x/y •FS/Vrms
•Vp •FS •% •dB(FS/

Vrms)
•Vpp •%FS •ppm —or—
•dBV •dBrG •dB •Vrms/FS
•dBu •dB(Vrms/

FS)
•dBrG
•dBm
•W (watts)
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lated by dividing the DUT output level by the generator 
level, normalized for a chosen relative level.

Mode
Normalized at Reference

Enter a reference level for normalization in the Rela-
tive Level field. To calculate linearity, each channel is 
normalized so that a linearity of unity (0 dB) is at the 
same measured DUT output level. Set this reference 
level in the Relative Level field. Default Relative Level 
is 1 Vrms (analog), 1 FS (digital). You can change the 
Relative Level at any time (except after appending) 
and the graph will immediately be redrawn to reflect 
the new setting.

Auto-Centered in Limits
This control is only usable if upper and lower limits are 
set on this graph. In some applications, the general 
conformance of a trace to the shape of a set of limits 
is of importance, with absolute level less important or 
irrelevant. Auto-Centered in Limits centers the data 
trace relative to the upper and lower limits. To exclude 
possible exceptional data points at level extremes, the 
amplitude range that is considered for the centering 
operation is constrained by the values in the Min and 
Max fields.

Units
Units available for Linearity are:

Stepped Level Sweep: THD+N 
Ratio

The Stepped Level Sweep: THD+N Ratio result uses a 
sine wave stimulus signal that is moved across a 
range of levels in a series of points. X axis is genera-
tor level; Y axis is DUT output THD+N ratio.

Units
Units available for THD+N Ratio are:

Stepped Level Sweep: THD+N 
Level

The Stepped Level Sweep: THD+N Level result uses a 
sine wave stimulus signal that is moved across a 
range of levels in a series of points. X axis is genera-
tor level; Y axis is DUT output THD+N level.

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •%
•Vpp •%FS •ppm
•dBV •dBrG •dB
•dBu
•dBrG
•dBm
•W (watts)

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •%
•Vpp •%FS •ppm
•dBV •dBrG •dB
•dBu
•dBrG
•dBm
•W (watts)
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Units
Y-axis units available for THD+N Level are: 

Stepped Level Sweep: THD Ratio

The Stepped Level Sweep: THD Ratio result uses a 
sine wave stimulus signal that is moved across a 
range of levels in a series of points. X axis is genera-
tor level; Y axis is DUT output THD ratio.

Units
Units available for THD Ratio are:

Stepped Level Sweep: THD Level

The Stepped Level Sweep: THD Level result uses a 
sine wave stimulus signal that is moved across a 
range of levels in a series of points. X axis is genera-
tor level; Y axis is DUT output THD level.

Units
Y-axis units available for THD Level are: 

Stepped Level Sweep: THD+N 
Ratio vs. Measured Level

The Stepped Level Sweep: THD+N Ratio vs. Measured 
Level result uses a sine wave stimulus signal that is 
moved across a range of levels in a series of points. 

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •Vrms •dBFS
•Vp •FS •dBV •FS
•Vpp •%FS •dBu •%FS
•dBV •dBrG •dBrA •dBrA
•dBu •dBrB •dBrB
•dBrG •dBSPL1 •dBSPL1
•dBm •dBSPL2 •dBSPL2
•W (watts) •dBm

•W (watts)

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •%
•Vpp •%FS •ppm
•dBV •dBrG •dB
•dBu
•dBrG
•dBm
•W (watts)

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •Vrms •dBFS
•Vp •FS •dBV •FS
•Vpp •%FS •dBu •%FS
•dBV •dBrG •dBrA •dBrA
•dBu •dBrB •dBrB
•dBrG •dBSPL1 •dBSPL1
•dBm •dBSPL2 •dBSPL2
•W (watts) •dBm

•W (watts)
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X axis is measured DUT output level; Y axis is DUT out-
put THD+N ratio.

Units
Units available for THD+N Ratio vs. Measured Level 
are: 

Stepped Level Sweep: THD+N 
Level vs. Measured Level

The Stepped Level Sweep: THD+N Level vs. Measured 
Level result uses a sine wave stimulus signal that is 
moved across a range of levels in a series of points. X 
axis is measured DUT output level; Y axis is DUT out-
put THD+N level.

Units
Y-axis units available for THD+N Level vs. Measured 
Level are: 

Stepped Level Sweep: THD Ratio 
vs. Measured Level

The Stepped Level Sweep: THD Ratio vs. Measured 
Level result uses a sine wave stimulus signal that is 
moved across a range of levels in a series of points. X 
axis is measured DUT output level; Y axis is DUT out-
put THD ratio.

Units
Units available for THD Ratio vs. Measured Level are: 

Stepped Level Sweep: THD Level 
vs. Measured Level

The Stepped Level Sweep: THD Level vs. Measured 
Level result uses a sine wave stimulus signal that is 

•Vrms X-axis (digital) Y-axis

•dBV •dBFS •x/y
•dBu •FS •%
•dBrA •%FS •ppm
•dBrB •dBrA •dB
•dBSPL1 •dBrB
•dBSPL2 •dBSPL1
•dBm •dBSPL2
•W (watts)

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •Vrms •dBFS
•dBV •FS •dBV •FS
•dBu •%FS •dBu •%FS
•dBrA •dBrA •dBrA •dBrA
•dBrB •dBrB •dBrB •dBrB
•dBSPL1 •dBSPL1 •dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2 •dBSPL2 •dBSPL2
•dBm •dBm
•W (watts) •W (watts)

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•dBV •FS •%
•dBu •%FS •ppm
•dBrA •dBrA •dB
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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moved across a range of levels in a series of points. X 
axis is measured DUT output level; Y axis is DUT out-
put THD level.

Units
Y-axis units available for THD Level vs. Measured Level 
are: 

Stepped Level Sweep: SINAD

The Stepped Level Sweep: SINAD result uses a sine 
wave stimulus signal that is moved across a range of 
levels in a series of points. X axis is generator level; Y 
axis is DUT output SINAD ratio.

Units
Units available for SINAD are:

Stepped Level Sweep: SINAD
vs. Measured Level

The Stepped Level Sweep: SINAD vs. Measured Level 
result uses a sine wave stimulus signal that is moved 
across a range of levels in a series of points. X axis is 
measured level; Y axis is DUT output SINAD ratio.

Units
Units available for SINAD vs. Measured Level are

Stepped Level Sweep: Distortion 
Product Level

The Stepped Level Sweep Distortion Product Level 
result provides a graphical display of the selected har-
monic distortion products present in each channel. In 
this result the level of the selected harmonic distor-

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •Vrms •dBFS
•dBV •FS •dBV •FS
•dBu •%FS •dBu •%FS
•dBrA •dBrA •dBrA •dBrA
•dBrB •dBrB •dBrB •dBrB
•dBSPL1 •dBSPL1 •dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2 •dBSPL2 •dBSPL2
•dBm •dBm
•W (watts) •W (watts)

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •dB
•Vpp •%FS
•dBV •dBrG
•dBu
•dBrG
•dBm
•W (watts)

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•dBV •FS •dB
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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tion product in the DUT output is plotted against gen-
erator level.

Select the harmonic distortion product(s) you wish to 
view using the Harmonics controls, described below.

Harmonics
For a graph of the level of one specific harmonic prod-
uct, select Single Harmonic and set the Harmonic 
Number to your choice, from 2nd harmonic to 20th 
harmonic. 

For a graph of the level of the sum of several or all 
harmonic products (from H2 through H20), select Sum 
of Harmonics, then click Select Harmonics... to open a 
result definition dialog.

Units
Units available for Stepped Level Sweep Distortion 
Product Level are:

Stepped Level Sweep: Distortion 
Product Ratio

The Stepped Level Sweep Distortion Product Ratio 
result provides a graphical display of the selected har-
monic distortion products present in each channel. In 
this result the ratio of the level of the selected har-
monic distortion product to the fundamental in the 
DUT output is plotted against generator level.

Select the harmonic distortion product(s) you wish to 
view using the Harmonics controls, described below.

Harmonics
For a graph of the ratio of one specific harmonic prod-
uct to the signal level, select Single Harmonic and set 
the Harmonic Number to your choice, from 2nd har-
monic to 20th harmonic.

For a graph of the sum of the levels of any combina-
tion of harmonic products (from H2 through H20), 
divided by the signal level, select Sum of Harmonics. 
Then click Select Harmonics... to open a result defini-
tion dialog.

Units
Units available for Stepped Level Sweep Distortion 
Product Ratio are:

Peak Level

The Stepped Level Sweep: Peak Level result uses a 
sine wave stimulus signal that is moved across a 
range of levels in a series of points. X axis is genera-
tor level; Y axis is the bandpass filtered DUT output 
level, scaled in peak units.

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •Vrms •dBFS
•Vp •FS •dBV •FS
•Vpp •%FS •dBu •%FS
•dBV •dBrG •dBrA •dBrA
•dBu •dBrB •dBrB
•dBrG •dBSPL1 •dBSPL1
•dBm •dBSPL2 •dBSPL2
•W (watts) •dBm

•W (watts)

X-axis (analog) X-axis (digital) Y-axis

•Vrms •dBFS •x/y
•Vp •FS •%
•Vpp •%FS •ppm
•dBV •dBrG •dB
•dBu
•dBrG
•dBm
•W (watts)
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Units
Units available for Peak Level are:

Average Jitter Level

The Stepped Level Sweep: Average Jitter Level result 
uses a sine wave stimulus signal that is moved across 
a range of levels in a series of points. X axis is genera-
tor level; Y axis is the bandpass filtered DUT output jit-
ter level, scaled in average units.

Units
Units available for Average Jitter Level are:

Advanced Settings for Stepped 
Level Sweep Measurements
The default settings here are appropriate for most 
measurements. You may want to make minor adjust-
ments for special situations.

Signal Generation
Generator output levels cannot be modified
for Stepped Level Sweeps, and the channel
level controls are not available.

Set Channel Assignments for special waveforms
For special waveforms like Sine Dual, you can specify 
the channel assignment.

Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

X-axis (analog) X-axis (digital) Y-axis (analog) Y-axis (digital)

•Vrms •dBFS •V •D
•Vp •FS
•Vpp •%FS
•dBV •dBrG
•dBu Y-axis (jitter)

•dBrG •UI
•dBm •dBUI
•W (watts) •s

X-axis (analog) X-axis (digital) Y-axis (jitter)

•Vrms •dBFS •UI
•Vp •FS •dBUI
•Vpp •%FS •s
•dBV •dBrG
•dBu
•dBrG
•dBm
•W (watts)
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If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Settling tabs
Two or three Settling tabs are available for stepped 
sweep measurement results. These tabs may have dif-
ferent parameters and default values depending upon 
the result to which they're attached.

Read more about ranging and settling in Chapter 103.
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TEDS Data

Note: TEDS data are only available when
using a TEDS-enabled microphone con-
nected to an APx517, an APx1701 Trans-
ducer Interface, or a supported GRAS
Microphone Power Module.

Also see More About TEDS, below; and using TEDS for 
microphone calibration on pages 95 and 99.

The TEDS Data measurement provides a tabular dis-
play of the TEDS data read from a connected TEDS-
enabled measurement microphone.

Preliminary conditions
The APx517 analyzer, the APx1701 transducer inter-
face, and supported GRAS Microphone Power Mod-
ules can be used to read TEDS data from a TEDS-
enabled microphone in APx500. 

APx517
When using an APx517, the microphone must be con-
nected to an unbalanced microphone input on the 
analyzer.

APx1701 Transducer Interface
When using an APx analyzer with an APx1701, the 
APx1701 must be connected to the PC and the APx 
analyzer. A TEDS-enabled microphone must be con-
nected to an APx1701 unbalanced microphone input.

Microphone Power Module
When using a supported GRAS Microphone Power 
Module, the module must be connected to your PC 
through a USB cable. 

Making the Measurement
The Calibrate from TEDS button is available in Signal 
Path Setup and on the Microphone Calibration dialog 
to calibrate a TEDS-enabled measurement micro-
phone.

1. Open the Calibrate from TEDS dialog to use TEDS 
data to set dBSPL1 and dBSPL2 references (or to 
assign the reference value to an available channel 
in acoustic mode).

2. Select your TEDS Interface. Choices are:

•Auto, which selects the interface based on the 
current configuration. 

•APx517, selects the analyzer unbalanced 
microphone inputs. On an APx517, this is the 
same as selecting Auto.

•APx1701, selects the Transducer interface 
unbalanced microphone inputs. When Trans-
ducer Interface is configured as the input in 
the signal path, this is the same as selecting 
Auto.

•Mic Power Module, selects the external Micro-
phone Power Module. When configuring an 
APx analyzer that is not an APx517 and the 
Transducer Interface is not configured as an 
input, this is the same as Auto. A supported 
microphone power module is required to 
acquire TEDS data. See page 43.

3. Select the TEDS Data Source (APx517 and 
APx1701) or Microphone ID (Mic Power Module) 
that is connected to the TEDS microphone. 
Choice for Microphone ID:
The number between 1-99 that is displayed on the 
LED panel above the microphone connector on the 
Microphone Power Module.
Choices for TEDS Data Source:

•Mic1 Unbalanced

•Mic2 Unbalanced
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4. Click Start. The results panel will be populated 
with TEDS data.

Export
The TEDS data can be exported in Excel or CSV for-
mat.

More About TEDS
Some measurement microphones and other transduc-
ers store Transducer Electronic Data Sheet (TEDS) 
information that can be read by connected devices. 
The Audio Precision APx517, the APx1701 Transducer 
Test Interface, and supported GRAS Microphone 
Power Modules can read data from TEDS 0.9 and 
TEDS 1.0 devices connected to any of the unbalanced 
microphone inputs. This data is passed to the APx500 
software via the USB connection for display, report-
ing, and entry into calibration dialogs.

The APx References microphone calibration dialogs 
can read TEDS data when an APx 517 or APx1701 is 
selected as the connector in Signal Path Setup > Input 
Configuration, or when a supported GRAS Micro-
phone Power Module is connected to the PC via USB 
before starting the APx500 software. The Sequence 
Mode TEDS Data measurement can read a broad 
range of microphone TEDS data.

For R&D testing, these data are used as data-sheet 
values in calibration reports. For production testing in 
controlled production setups and environments, the 
TEDS data can be used in lieu of actual calibration val-
ues.

TEDS is described in detail in the IEEE 1451 family of 
standards.

APx stores TEDS FDL, TDL and manid.txt files in the 
\AudioPrecision\APx500 4.4\TEDS\ directory. If the 
APx does not have an FDL or TDL file required by a 
TEDS device, an error will be shown indicating that it is 

not currently supported by the APx. Additional TEDS 
FDL and TDL files can be added as necessary.



APx500 User’s Manual 615

88

THD+N
(Sequence Mode)

The THD+N measurement provides single-value 
results that show the THD+N (total distortion plus 
noise) in the output signal from each DUT channel, as 
measured at each analyzer input. The THD and Noise 
values are also reported in separate results. For more 
information about THD+N go to page 619.

THD+N results available in APx500 are:

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Running the measurement
To measure THD+N Ratio, click the Generator button 
to On. The generator will output the test signal to the 
DUT on the selected generator channels. Read the 
THD+N Ratio of each channel from the meter bar dis-
play.

Generator
The typical configuration for this measurement is the 
closed-loop configuration, using the APx generator as 
a stimulus. Alternatively, you can make open-loop 
measurements, using either the External Source or 
File Input configuration. 

See Chapter 6 for detailed information about the 
using the APx Generator and making Waveform, Level 
and Frequency settings, or for information about using 
External Source.

High Performance Sine Generator / DAC 
Generator
For an APx555, you have the option of using the High 
Performance Sine Generator (very low distortion sine 
waves and wide bandwidth) or the DAC generator, 
which provides special sine waveforms. See High Per-
formance Sine Generator starting on page 83 for a 
comparison of features.

•THD+N Ratio •Noise Ratio
•THD+N Level •Noise Level
•THD Ratio •Distortion Product Level
•THD Level •Distortion Product Ratio
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Analyzer
Filters
Local high-pass, low-pass and weighting filters are 
available for this measurement. See Measurement Fil-
ters on page 733 for detailed information about the fil-
ters available locally for some measurements.

Low pass, high pass and weighting Signal Path Filters 
settings (see page 731) made in Signal Path Setup > 
Input/Output will also affect this measurement. When 
set, the local low-pass or high-pass filter setting over-
rides the corresponding Signal Path filter setting while 
the measurement is active. A local weighting filter set-
ting does not override any Signal Path filter settings; 
the local weighting filter is applied in addition to any 
active Signal Path filters.

Notch Tuning Mode
For the harmonic distortion results, a tunable notch fil-
ter is used to remove the fundamental from the mea-
surement. The filter can be tuned to:

•Generator Frequency 
The current APx audio generator frequency. When 
the generator channels are outputting different 
frequencies (Split Frequency generation), the 
notch filter center is set to Frequency A. This mode 
is not available when using a generator waveform 
file.

•Jitter Generator Frequency 
The current APx jitter generator frequency, when 
jitter generation is available and enabled. Read 
more about jitter beginning on page 104.

•Measured Frequency 
The current measured frequency. When the ana-
lyzer channels are receiving different frequencies, 
the notch filter for each channel is centered on the 
frequency in that channel.

•Fixed Frequency 
A fixed frequency selected by the user. When Fixed 
Frequency is selected, a Filter Frequency entry 
field becomes available beneath the Notch Tuning 
Mode control.

Advanced Settings
If your test requires individual generator settings for 
each channel or special analyzer ranging or settling, 
click Advanced Settings. See Advanced Settings for 
single value measurement on page 427.

THD+N Ratio

The THD+N Ratio result provides a single-value mea-
surement of the THD+N (total harmonic distortion plus 
noise) ratio in the output signal from each DUT chan-
nel.

Units
Units available for THD+N Ratio are

•x/y

•%

•ppm

•dB

See Chapter 109 for more information about units of 
measurement.

THD+N Level

The THD+N Level result provides a single-value mea-
surement of the THD+N (total harmonic distortion plus 
noise) level in the output signal from each DUT chan-
nel.
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Units
Units available for THD+N Level are

See Chapter 109 for more information about units of 
measurement.

THD Ratio

The THD Ratio result provides a single-value measure-
ment of the THD (total harmonic distortion) ratio in the 
output signal from each DUT channel.

Units
Units available for THD Ratio are

•x/y

•%

•ppm

•dB

See Chapter 109 for more information about units of 
measurement.

THD Level

The THD Level result provides a single-value measure-
ment of the THD (total harmonic distortion) level in the 
output signal from each DUT channel.

Units
Units available for THD Level are

See Chapter 109 for more information about units of 
measurement.

Noise Ratio

The Noise Ratio result provides a single-value mea-
surement of the Noise ratio in the output signal from 
each DUT channel.

Analog Signals Digital Signals

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

Analog Signals Digital Signals

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Units
Units available for Noise Ratio are

•x/y

•%

•ppm

•dB

See Chapter 109 for more information about units of 
measurement.

Noise Level

The Noise Level result provides a single-value mea-
surement of the Noise level in the output signal from 
each DUT channel.

Units
Units available for Noise Level are

See Chapter 109 for more information about units of 
measurement.

THD+N Distortion Product Ratio

The THD+N Distortion Product Ratio result displays a 
single-value measurement of the ratio of a distortion 
product (single harmonic) to the total signal for a 
selected channel, for the harmonics 2–10. The level 
displayed in each bar is the rms level of that har-
monic tone divided by the rms level of the total signal.

Units
Units available for THD+N Distortion Product Ratio are

•x/y

•%

•ppm

•dB

See Chapter 109 for more information about units of 
measurement.

THD+N Distortion Product Level

The THD+N Distortion Product Level result displays a 
single-value measurement of the rms level of distor-
tion products (harmonics) for the harmonics 2–10. 
The level displayed in each bar is the rms level of that 
harmonic tone.

Analog Signals Digital Signals

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Units
Units available for THD+N Distortion Product Level are

See Chapter 109 for more information about units of 
measurement.

More about THD+N
THD+N
THD+N is an abbreviation for Total Harmonic Distor-
tion plus Noise. Total Harmonic Distortion is the sum 
of all the harmonic distortion products in a measure-
ment, as opposed to selective harmonic distortion, 
which measures discrete harmonic products sepa-
rately. THD+N adds noise to this figure.

THD+N is the most common distortion measurement 
for audio signals. In the APx500 meter (single value) 
THD+N and Stepped Sweep results, the measure-
ment is performed in the conventional manner: a sin-
gle sine wave stimulus tone is applied to the DUT 
input(s). In analysis, the bandwidth is usually con-
trolled using filters; the stimulus tone is removed, and 
the signals that remain are reported as one measure-
ment. These remainders are the total harmonic distor-
tion (all harmonics within the bandwidth), noise from 
the DUT, and any other signals such as hum, spurious 
signals and other distortion products.

THD+N is an excellent and trusted quick check on sev-
eral aspects of a system’s overall performance, a 
quick, easy and robust mark of quality. However, 
because of its lack of discrimination, THD+N is not 
always the most useful measurement for trouble-
shooting.

THD+N is the reciprocal of SINAD (see page
590).

For THD+N Level, the measured distortion plus noise 
(the signal with the stimulus tone removed) is 
expressed as an rms level.

For THD+N Ratio, the rms level of the measured dis-
tortion plus noise (the signal with the stimulus tone 
removed) is divided by the rms level of the total sig-
nal. The result displayed on a bar meter or as a point 
on an XY sweep graph. THD+N ratio is most often 
stated in as a percentage or as a decibel value, where 
0 dB represents the total signal.

Note: The total signal level is the rms level
of the signal filtered by the filter selections
defined in Signal Path Setup. The RMS
Level result uses the measurement High-
pass and Low-pass filter settings which
override the filtering defined in Signal Path
Setup for all of the measurement results.
The total signal result is not presented
along with the results of this measurement.

Also see More about THD (Total Harmonic Distortion, 
without noise results) on page 310.

THD+N Distortion Product Meter bar 
results
The harmonic distortion product results offer much 
more detail into the makeup of the harmonic distor-
tion. For each channel, the rms level of stimulus tone 
is displayed as f, the fundamental, followed by the rms 
level of the harmonics 2f through 10f.

In the Distortion Product Level result, the bars show 
rms level. In the Distortion Product Ratio result, the 
bars represent the ratio of the rms level of the distor-
tion product to the rms level of the entire signal.

Analog Signals Digital Signals

•Vrms •dBFS
•dBV •FS
•dBu •%FS
•dBrA •dBrA
•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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89

Transfer Function
(Sequence Mode)

Introduction
Transfer Function provides the difference between two 
audio signals by comparing the complex spectra of the 
two signals. Often, the signals are taken at the input 
and output of a device, so their comparison rep-
resents how the signal has changed having trans-
ferred through the device. Signals can also be taken at 
the output of two devices to compare their response 
to a common stimulus.

This feature, which uses FFT analysis on the two sig-
nals, is also called “Dual FFT.” Read more about 
Transfer Function beginning on page 629.

The APx Transfer Function measurement provides a 
number of results, some of which are useful audio 
measurements, and some of which are provided to aid 
in setting up the measurement and in diagnostics.

Transfer Function results available in APx500 are:

You can make a Transfer Function measurement 
between analog and digital devices when two input 
types have been configured in a signal path. (Between 
an analog reference microphone and a PDM micro-
phone array, for example.) Analog input and output 
sample rates are adjusted automatically to match a 
digital input rate when a measurement starts. If an 
input and an output are both digital, however, the 
sample rates must be set to match before a measure-
ment is made.

•FRF Magnitude Spectrum •Delay
•FRF Phase Spectrum •Cross Correlation
•Coherence •FRF Real Spectrum
•FFT Spectrum (Reference) •FRF Imaginary Spectrum
•FT Spectrum •Amplitude Spectral Den-

sity (Reference)
•Impulse Response •Amplitude Spectral Den-

sity
•Reference Waveform •Power Spectral Density 

(Reference)
•Acquired Waveform •Power Spectral Density
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Operation
If you have not yet set up your test, first go to Signal 
Path Setup (Chapter 7).

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Generator
Waveform
Transfer Function requires a broadband signal with 
energy across the spectrum of interest to provide use-
ful results.

Noise
Transfer Function provides a single-channel, internally 
generated pseudo-random noise signal (an APx MLS 
waveform) as the default waveform.

Noise Shape
Select White for a noise signal with equal energy per 
hertz, or Pink for a noise signal with equal energy per 
octave.

Browse for file
Alternatively, you can select an audio file as the gener-
ator source. As stated above, it must be a broadband 
signal with energy across the spectrum of interest to 
provide useful results. If these conditions are met, the 
audio content is arbitrary, and can be music or 
speech, for example. Transfer Function only uses a 
single audio signal as the generator signal and as the 
Reference. If a stereo or multi-channel audio file is 
selected for a generator waveform, only channel 1 of 
the file is used.

Running the measurement
Click Start. The generator will output the test signal to 
the DUT on the selected generator channels. In a 
short period of time, the signal will be acquired and 
processed, and the graphs in the Selector will be pop-
ulated with results.

Running the measurement in File Input 
configuration
If you have chosen File for an input configuration in 
Signal Path Setup, first click the File List... button to 
add input file(s) to a list for analysis.

If your DUT is to be recording the WAV file, select a 
generator waveform and turn the generator ON, as 
described above. Configure your DUT to save a WAV 
file whose file name and location match the name 
specified in the File List.

If you are measuring an existing file (not recording 
from the generator but working in External Source), be 
sure that the file name(s) and location match the 
name(s) specified in the File List.

Finally, click the Analyze button to perform the analy-
sis.

When File is the Input Configuration, click Generate if 
you need to record a stimulus to a file, and Analyze to 
perform the analysis. 

Analyzer
There are no local filters available for this
measurement; the global filters in Signal
Path Setup > Input/Output will affect this
measurement. Read more about APx Fil-
ters in Chapter 102.

Transfer Function uses FFT technology, and analyzer 
controls such as FFT Length, FFT Window and Aver-
ages have the same function as the controls in other 
FFT-based measurements, such as Signal Analyzer.

Other controls are unique to Transfer Function, and 
exist to aid in preparing the two FFTs for a useful com-
parison.

Reference
Select the source of the reference signal here.

•Generator
This selects the APx generator output as the refer-
ence signal. This can be either the Noise signal or 
a generator waveform file.

•Input Channel
This selects an analyzer input as the reference sig-
nal. You can also select a channel. If a single input 
type is configured, select a channel from the menu 
on the right. If there are multiple input types con-
figured, the channel selection menu is located to 
the right of the Reference Input control.

Reference Input
This selects an input type and channel for the refer-
ence signal. This control is only displayed if Input 
Channel is selected in the Reference control and mul-
tiple input types have been configured in the signal 
path. You can select a channel using the menu to the 
right.
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Match
Match selects the first 128K samples of the refer-
ence file, and inspects the incoming signal for coher-
ence.

•High
Match waits for a high coherence peak and then 
begins the acquisition.

•Medium
Match waits for a medium coherence peak and 
then begins the acquisition.

•Low
Match waits for a low coherence peak and then 
begins the acquisition.

•None
No attempt at matching is done. Incoming data is 
immediately acquired.

Match Input
This selects the configured input and input channel to 
Match against. This control is only displayed if there 
are multiple input types configured in a signal path 
and the Match control is not set to None. You can 
select a channel using the menu to the right.

Match Timeout
Set the maximum time to wait for a match. Measure-
ment will abort if no match is found within this time. 
Default is 30 seconds; minimum is 0.5 seconds, maxi-
mum is 5 minutes.

Time Align
•Relative to Ref

This setting will time align the acquisition to the 
reference signal.

•Relative to Ch
This setting will time align the acquisition to the 
signal in another channel.If a single input type is 
configured, select the channel from the menu at 
right. If multiple input types are configured in the 
signal path, select the channel from the menu to 
the right of Time Align Input.

•None
The acquisition will not be time aligned. This 
option is only available when the Match control is 
set to None.

Time Align Input
This selects the input and channel to which the acqui-
sition will be aligned. This control is only displayed if 
Relative to Channel is selected in the Time Align con-
trol and there are multiple input types configured. 
Select the channel from the menu to the right.

Calculation Mode
The calculation mode determines the mathematics by 
which the acquisition is compared to the reference.

•H1
This selection (the default) calculates the transfer 
function by dividing the cross-spectrum by the ref-
erence auto-spectrum. This method is preferred if 
the noise is primarily in the output signal.

•H2
This selection calculates the transfer function by 
dividing the reference auto-spectrum by the cross-
spectrum. This method is preferred if the noise is 
primarily in the input signal.

•Magnitude Only
For systems that output untrustworthy phase infor-
mation (such as Bluetooth channels), this selec-
tion, while not a complete transfer function, 
provides a useful comparison between reference 
and acquisition signals.

FFT Length
Set the FFT record length here. Options from 1K 
points to 1.2M points are available, depending upon 
the number of input channels in use; default is 16K 
points. 

In most cases, you will want to choose an FFT Length 
that provides an acquisition length that is equal to or 
shorter than the reference signal. The APx Noise refer-
ence signal is automatically extended to the acquisi-
tion length, but arbitrary generator waveforms are not.

When calculating frequency resolution or acquisition 
length, remember that the menu selections are often 
convenient, nominal approximations for power-of-two 
numbers, e.g. 1K points actually represents a record 
length of 1024 samples.

Read more about FFTs and view a full table of actual 
FFT record lengths beginning on page 583.

FFT Window
FFT acquisitions must either be synchronous or have 
an amplitude window applied to provide useful data 
for interpretation. Each choice of window function 
brings advantages and disadvantages. The default 
selection, AP-Equiripple, is a proprietary Audio Preci-
sion FFT window that is an excellent choice for most 
FFT results.

The APx500 FFT window choices are:

•AP-Equiripple

•Blackman-Harris 3-term

•Blackman-Harris 4-term

•Dolph-Chebyshev 150 dB

•Dolph-Chebyshev 200 dB

•Dolph-Chebyshev 250 dB
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•Flat Top

•Hann

•None

Detailed descriptions of the FFT window functions 
begin on page 583.

Averages
Power averaging reduces the variance (but not the 
average level) of noise and other non-coherent sig-
nals, providing a more useful view. By setting Aver-
ages to more than 1, you can specify how many 
acquisitions to average. The Default is 1; maximum is 
1000.

Overlap
When Averages is set to more than one, the Overlap 
control is available. Overlap enables the transfer func-
tion calculation to avoid the data gaps created by FFT 
windowing. Available Overlap percentages are 0%, 
25%, 33%, 50%, 67% and 75%. The default value is 
0%. See an illustration of Overlap on page 629.

Freq Resolution
This field displays the frequency resolution. The fre-
quency resolution is the sample rate divided by the 
(actual) FFT length. 

Acq Length
This field displays the acquisition length. The acquisi-
tion length is the (actual) FFT length divided by the 
sample rate (which provides the FFT length expressed 
in seconds) multiplied by the number of averages. 
Acquisition length is shortened by Overlap.

Save Acquisition to File
You can record the signal acquisition to an audio file 
on the PC file as the signal is being acquired. Click 
Save Acquisition to File before you run the measure-
ment. See page 467.

Save Impulse Response to File
You can record the impulse response to an audio file 
on the PC computer file after the signal has been pro-
cessed. The impulse is scaled between 1 D and –1 D. 
Click Save Impulse Response to File before you run 
the measurement.

File Settings
When saving an audio signal to a file, click File Set-
tings to specify the file name and location. See 
Recording Audio to a File on page 467.

Advanced Settings
If your test requires special analyzer input level rang-
ing, click Advanced Settings. Read more about 
Advanced Settings for Transfer Function on page 629.

Transfer Function Results
Transfer Function: FRF Magnitude 
Spectrum

Frequency Response Function Magnitude Spectrum 
displays the ratio between the input channel(s) and 
the reference for each of the acquired signals. Same 
domain results are scaled in as shown below; cross-
domain results will be expressed as input units / refer-
ence units.

Units
Units available for Transfer Function: FRF Magnitude 
Spectrum are

Transfer Function: FRF Phase Spec-
trum

Frequency Response Function Phase Spectrum dis-
plays the offset between the phase of the input chan-
nel(s) and the phase of the reference for each of the 
acquired signal channels.

Mode
From the Mode menu in the Results toolbar, choose 

•Relative to Reference
In this mode, the absolute phase of the reference 
is subtracted from the absolute phase of the input 
channel(s). The result is plotted against frequency 

X-axis Y-axis

•Hz •x/y
•dHz •%
•F/R •ppm
•%Hz •dB
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for each channel numbered 2 and above, showing 
the phase difference (from the reference) for each 
channel. This mode shows “unwrapped” phase dif-
ferences, where the phase offset can expressed 
as more than 360°.

or

•Relative to Reference (wrapped)
This mode shows the same result as Relative to 
Reference phase, but “wrapped” within the range 
of –180° to +180°.

Units
Units available for Transfer Function: FRF Phase Spec-
trum are

Transfer Function: Coherence

The coherence function is a dimensionless number 
with a value between 0 and 1. The Coherence result 
displays the coherence function versus frequency 
between each input channel and the reference.

Units
Units available for Transfer Function: Coherence are

Transfer Function: FFT Spectrum 
(Reference)

This result displays the FFT spectrum of the reference 
signal.

Units
Units available for Transfer Function FFT Spectrum 
(Reference) when the reference is Generator are

Units available for Transfer Function FFT Spectrum 
(Reference) when the reference is Input Channel are

X-axis Y-axis

•Hz •deg
•dHz •rad
•F/R
•%Hz

X-axis

•Hz •x/y
•dHz •%
•F/R
•%Hz

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •FS
•dHz •Vp •%FS
•F/R •Vpp •dBFS
•%Hz •dBV •dBrG

•dBu
•dBrG
•dBm
•W

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)
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Transfer Function: FFT Spectrum

This result displays the RMS scaled FFT spectrum of 
each of the acquired signal channels.

Units
Units available for Transfer Function: FFT Spectrum 
are

Transfer Function: Impulse Response

This result displays the impulse response derived from 
the inverse Fourier transform of the frequency 
response function.

Units
Units available for Transfer Function: Impulse 
Response are

Transfer Function: Reference Waveform

This result displays the complete reference waveform.

Units
Units available for Transfer Function: Reference Wave-
form are

Transfer Function: Acquired Waveform

This result displays the complete acquired waveform 
for each channel, after the trigger and before any time 
alignment adjustments.

Interpolation
For time-domain displays, the APx500 graphs are nor-
mally plotted using sinc function interpolation. Interpo-
lation adds points to the displayed trace that do not 
exist in the measured data, to make data trends more 
easily visualized. The default in APx is to have Interpo-
lation On. However, digital domain signals are some-
times best understood when viewing actual samples, 
with interpolation switched Off. 

Interpolation can cause limit failure markers to appear 
to be in an incorrect location. See “Interpolation and 
limit failure markers” on page 800 for an explanation.

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms •dBFS
•dHz •dBV •FS
•F/R •dBu •%FS
•%Hz •dBrA •dBrA

•dBrB •dBrB
•dBSPL1 •dBSPL1
•dBSPL2 •dBSPL2
•dBm
•W (watts)

X-axis Y-axis

•s •x/y

X-axis Y-axis (analog) Y-axis (digital)

•s •V •D
•hex
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Units
Units available for Transfer Function: Acquired Wave-
form are

Transfer Function: Delay

This result displays the delay between each input 
channel and the reference signal.

Units
The unit available for Transfer Function: Delay is

•s

Transfer Function: Cross Correlation

This graph shows the cross correlation result, which 
can be useful for diagnostics. There is typically a 
strong primary peak. The more prominent the peak, 
the higher the correlation.

Units
Units available for Transfer Function: Cross Correla-
tion are

Transfer Function: FRF Real Spectrum

This result displays the real component of the fre-
quency response function for each of the acquired sig-
nal channels. The Y values are unitless.

Units
Units available for Transfer Function: FRF Real Spec-
trum are

Transfer Function: FRF Imaginary Spec-
trum

This result displays the imaginary component of the 
frequency response function for each of the acquired 
signal channels. The Y values are unitless.

Units
Units available for Transfer Function: FRF Imaginary 
Spectrum are

X-axis Y-axis (analog) Y-axis (digital)

•s •V •D
•hex

X-axis

•s

X-axis

•Hz
•dHz
•F/R
•%Hz

X-axis

•Hz
•dHz
•F/R
•%Hz
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Transfer Function: Amplitude Spectral 
Density (Reference)

This result is the Amplitude Spectral Density for the 
reference signal, scaled in magnitude/(Hz).

Units
Units available for Transfer Function: Amplitude Spec-
tral Density (Reference) are

Transfer Function: Amplitude Spectral 
Density

This result is the Amplitude Spectral Density for each 
acquired signal channel, scaled in magnitude/(Hz).

Units
Units available for Transfer Function: Amplitude Spec-
tral Density are

Transfer Function: Power Spectral Den-
sity (Reference)

This result is the Power Spectral Density for the refer-
ence signal, scaled in magnitude2/Hz.

Units
Units available for Transfer Function: Power Spectral 
Density (Reference) are

Transfer Function: Power Spectral Den-
sity

This result is the Power Spectral Density for each 
acquired signal channel, scaled in magnitude2/Hz.

Units
Units available for Transfer Function: Power Spectral 
Density are

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms/(Hz) •FS/(Hz)
•dHz •dBV/(Hz) •dBFS/(Hz)
•F/R •dBu/(Hz)
•%Hz

X-axis Y-axis (analog) Y-axis (digital)

•Hz •Vrms/(Hz) •FS/(Hz)
•dHz •dBV/(Hz) •dBFS/(Hz)
•F/R •dBu/(Hz)
•%Hz

X-axis Y-axis (analog) Y-axis (digital)

•Hz •dB(V2/Hz) •dB(FS2/Hz)
•dHz •V2/Hz •FS2/Hz
•F/R
•%Hz

X-axis Y-axis (analog) Y-axis (digital)

•Hz •dB(V2/Hz) •dB(FS2/Hz)
•dHz •V2/Hz •FS2/Hz
•F/R
•%Hz
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Advanced Settings for Transfer 
Function
For Transfer Function measurements, we recommend 
that you turn Auto Range off, and instead choose an 
appropriate fixed range. A Transfer Function measure-
ment will abort if ranging changes during the mea-
surement.

Signal Generation
For Transfer Function, the channel 1 audio signal is 
mapped to all outputs, at the same level and DC Off-
set. You can adjust the output level or DC offset here.

Signal Acquisition and Analysis
Input Range

Digital inputs do not require ranging, and
Input Range settings are unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 

channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.

More About Transfer Function
Transfer function is a powerful tool that can character-
ize a device, system or channel in great detail. It pro-
vides a frequency response measurement (both 
magnitude and phase) of electronic or electroacoustic 
audio systems using arbitrary broadband signals such 
as noise, music, or speech.

Transfer Function compares an FFT of a reference sig-
nal (typically the stimulus signal) with an FFT of the 
output of device under test. If the output of a device is 
used as the reference signal, Transfer Function can 
also be used to characterize the difference between 
that device and a second device, when both are stimu-
lated by the same signal.

One of the most powerful aspects of this technique is 
that the stimulus signal can be tailored to suit the 
DUT, channel, or testing environment, as long as it is 
broadband with sufficient energy across the spectrum 
of interest. For example:

•some codecs are designed to pass music but 
don’t respond well to steady tones. 

•smart device systems algorithmically deconstruct 
acoustic input signals in ways that make sweeps 
or steady tones unusable for measurement. 

•environments exposed to the public, such as 
broadcast channels or live performance venues, 
can be effectively stimulated by voice or music sig-
nals.

TF can also be used to compare two devices. For 
example, microphones used to work in an array typi-
cally are selected for closely matching frequency and 
phase characteristics. The physical mounting, axis of 
orientation and local acoustic environment can also 
affect how each array mic responds to a stimulus. 
When the output of one microphone is selected as the 
reference, and output of a second microphone is 
selected as an input, the transfer function reveals 
their differences when subjected to a common acous-
tic stimulus signal.

Overlap
As explained in FFT Windows (page 583), FFT acquisi-
tions are windowed prior to analysis. All the available 
window functions reduce the amplitude of the data to 
zero at the beginning and the end of the acquisition. 
When many acquisitions are concatenated for averag-
ing, Overlap enables the transfer function calculation 
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to avoid these data gaps. Available Overlap percent-
ages are 0%, 25%, 33%, 50%, 67% and 75%. The 
default value is 0%. 

Illustration of 3 FFTs overlapped by 50%, 
with a total acquisition length shown.
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90

Vdd Ramp
(Sequence Mode)

This measurement requires the PDM Option
(see page 40).

Note: The Vdd Ramp measurement can
sweep the Vdd voltage to 0 VDC to 3.6 VDC.
However, early PDM Option modules do not
support the Vdd Ramp feature. PDM mod-
ules that support the Vdd Ramp measure-
ment operate under a firmware release of
revision 2.00 or greater, indicated in the
Help > About > Product Components field
by FW: V2.0 in the PDM Module section.
Contact your Audio Precision representa-
tive to upgrade your PDM Option module.

Overview
Vdd Ramp is measurement that characterizes the 
audio output of a device while its operating power is 
swept from one value to another. The range of voltage 
and the current capability are both modest, designed 
to provide swept operating voltage to a small inte-
grated circuit. It is typically used with DUTs that are 
PDM transmitters.

Other powered DUTs, such as converter or opamp 
devices, can be tested with Vdd Ramp, as long as the 
Vdd voltage and current limits of the PDM Vdd output 
are sufficient for the DUT. For DUTs that require more 
current, a unity gain DC coupled amplifier can be 
inserted between the APx generator and the DUT.

The Vdd Ramp result can reveal thumps or other tran-
sients in the DUT output related to Vdd changes.

Unique Characteristics
The Vdd Ramp measurement has some features nota-
ble in APx500:

•Availability
The Vdd Ramp measurement is only available if 

the PDM Option is installed. See the Note above 
regarding early PDM Option modules.

•Vdd Supply
When the Vdd measurement is started, DC power 
is applied to the PDM Vdd Supply connector, 
regardless of the current Signal Path settings. 
When the measurement is completed, DC power 
at the PDM Vdd Supply connector reverts to the 
Signal Path setting.

•APx Generator
For a Vdd Ramp measurement, the output of the 
APx Generator does not appear at any analog or 
digital audio output. The analyzer output connec-
tor as specified in Signal Path Setup is irrelevant.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
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graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Generator
When this measurement is selected, the PDM Vdd 
Supply is switched to Off, if currently On. Click the 
Start button to begin the measurement. The Vdd Sup-
ply is switched to On, and the dc voltage on the Vdd 
connector is swept from the Start Value to the Stop 
Value, in a linear sweep which has the duration set in 
Ramp Time.

Start Vdd Level
Set the Vdd start voltage here. Start Value can be 
lower or higher than Stop Value.

Stop Vdd Level
Set the Vdd stop voltage here. The Vdd voltage 
remains at this level until the end of the time set in 
Extend Acquisition By. Stop Value can be lower or 
higher than Start Value.

Ramp Time
Set the duration of the linear sweep here.

Analyzer
Extend Acquisition By
Extend the acquisition by time set in this field. The 
enables viewing the stability of the DUT output for a 
period after the Vdd operating voltage has reached its 
maximum (Stop Vdd Level). The measurement ends at 
after the time set here.

Result
There is one result for Vdd Ramp, the time-domain 
acquisition from the input selected in Signal Path 
Setup.

Advanced Settings
If your test requires special analyzer ranging, see 
Advanced Settings, following. See Chapter 109 for 
more information about units of measurement.

Acquired Waveform Result

Units
Units available for Vdd Ramp are

Advanced Settings for Vdd Ramp
Signal Acquisition and Analysis
Input Range tab

Digital inputs do not require ranging, and
the Input Range tab is unavailable when
inputs are set to a digital format.

Auto Range
If Auto Range is checked (the default), each analog 
channel determines its input range automatically, 
based on the level of the input signal. If the input sig-
nal level changes beyond a ranging threshold, Auto 
Range will cause the input ranging circuits to move up 
or down for proper ranging.

Fixed Range
Alternatively, you can set a fixed minimum range for 
the analog inputs. Uncheck Auto Range and enter the 
expected maximum level in the Minimum Range filed. 
The software will choose the lowest range that will 
accommodate that level; this becomes the minimum 
range available, and the analyzer will not reset to a 
lower range. Fixed range is best for signals that vary 
rapidly, including tone bursts, perceptual audio 
speech samples, and program material such as voice 
or music. See When autoranging isn’t suitable on 
page 742.

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 

X-axis Y-axis (analog) Y-axis (digital)

•s •V •D
•hex
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drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.

Read more about ranging in Chapter 103.
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91

Automation

Introduction
Using the built-in Sequencer in Sequence Mode, 
APx500 measurements can be run in a programmed 
sequence to automate repeated tasks, to ensure con-
sistent methods in R&D or to evaluate a series of 
devices against pass / fail limits in production. 
Sequences are saved with the project.

You can also control APx500 using the application pro-
gramming interface (API). The APx500 API is dis-
cussed briefly beginning on page 671. Detailed API 
documentation and API examples are provided on the 
Audio Precision Web site at ap.com.

The Sequencer
The Sequencer is a flexible and powerful automation 
interface that allows you to choose any combination of 
signal paths and measurements to be included in one 
or more automated sequences.

The Sequencer is controlled from the Navigator panel, 
which uses a tree structure interface to add and orga-
nize signal paths, measurements and measurement 
results, and to select some of these measurements 
and results to be included in a sequence. You can 
read more about the Navigator beginning on page 47.

In addition to its general-use automation capabilities, 
the Sequencer also provides a Production Test mode 
(see page 668) that allows you to create an entire 
suite of manufacturing-floor production tests, com-
plete with simplified user prompts, interactive opera-
tor control, password-controlled supervisor access, 
pass/fail limits, detailed reports, production run statis-
tics and raw data output.

Sequencer features on the Navigator
The call-outs in this illustration are explained on the 
next page.

The Navigator panel, displaying sequence functionality. 
Callouts detailed on the following page. 



Chapter 91: Automation

636 APx500 User’s Manual

1. The Sequence menu. 
By default, there is one sequence (Sequence 1) in 
a new project. You can add new sequences and 
select the active sequence from this menu.

2. Add/Edit Sequences 
Click  Add/Edit Sequences to open the Edit 
Sequences dialog (page 668), where you can cre-
ate and define a new sequence and set sequence 
properties (including Production Test mode).

3. Lock Project
Production Test supervisors use the  Lock Proj-
ect feature (page 64) to switch to the restricted-
access Production Test menu mode.

4. Run Sequence
Click the  Run Sequence button to run the 
current sequence.

5. Sequencer Properties
Click  Sequencer Properties (page 638) to set 
global, project-wide properties for the Sequencer.

6. Pre-Sequence Steps
You can attach Pre-Sequence Steps to any 
sequence. These will run before the selected mea-
surements. 

7. The default Pre-Sequence Step is Device ID 
Prompt, which has been checked and will be 
included in the sequence. 

8. Use Add Step  to attach additional Pre-
Sequence steps such as Prompt, Delay, Set Aux 
Control, etc.

9. Notice that only the Frequency Response mea-
surement has been selected (using the checkbox) 
to be included in Sequence 1.

10. Measurement Sequence Settings
The Signal Path Setup branch and each measure-
ment branch in the Navigator have a  Measure-
ment Sequence Settings node (page 640). Here 
you can set measurement-specific sequence 
behaviors, such as what the failure action should 
be.

11. Sequence Steps
Signal Path Setup and each measurement also 
have a Sequence Steps folder. When this is 
expanded you will see the default steps (typically 
Turn Generator On and Measure). You will also see 
any steps that have been added.
If you have more than one sequence step attached 
to this measurement, the right-click context menu 
available on the Sequence Steps node has a Copy 

Multiple Steps... selection.
This opens a dialog where you can specify which 
steps you would like to copy. 

12. You can attach sequence steps to any measure-
ment in a Signal Path. Default steps include Run 
Measurement and Turn Generator On, and you 
can attach additional steps such as Prompt, Delay, 
Set Aux Control, etc., from the  Add Step... 
menu. See Managing Sequence Steps on page 
642.

13. Notice that the Deviation result is marked with a 
Failed  flag because of a limit failure. The other 
results of this measurement have Passed . 

14. Post-Sequence Steps
Similar to the Pre-Sequence Steps discussed 
above, you can attach Post-Sequence Steps that 
run after the selected measurements. The default 
steps are Report and Data Output, and you can 
attach additional steps such as Prompt, Delay, Set 
Aux Control, etc., from the  Add Step... menu.

15. Report
The Report is a default Post-Sequence step. The 
Report is the primary output document of results 
from APx500 sequences and individual measure-
ments. Reports are typically generated at the end 
of any sequence, or when a single measurement is 
run from the Navigator. See chapter 92 for more 
information about reports.

16. Data Output
Data Output is a default Post-Sequence Step that 
sends sequence meter results to a CSV file as tab-
ular data. Read more about Data Output begin-
ning on page 637.

Running a sequence
Select the measurements and results to be included 
by placing checks in the Navigator checkboxes, and 
click Run Sequence or from the menu toolbar go to 
Project > Run Sequence. A Running Sequence win-
dow will open to show the progress of the sequence. 
Click Cancel to quit the sequence.

At least one measurement must be selected
to run a sequence.

Settling in a sequence
For those measurements that can be settled, the 
results are settled for reporting as the sequence is 
run. When the sequence is completed, a report is gen-
erated. Go to Chapter 103 for detailed information 
about settling.
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Running a sequence at a selected mea-
surement
Instead of running an entire sequence, you can select 
a measurement in the sequence and run the 
sequence from that point.

Right-click the measurement you would like to select 
as a starting point, and select Run Sequence From 
Here; or, highlight the measurement, and from the 
Main menu select Project > Run Sequence from 
Selected Measurement. 

Running only a selected measurement
You can select one measurement, and run it as if it 
were in a sequence. Results will be settled and a 
report will be created.

Right-click the measurement you would like to run, 
and select Run Selected Measurement; or, highlight 
the measurement and from the Main menu select 
Project > Run Selected Measurement. 

Report Data
All the settings and results of a sequence, called the 
report data, are stored in temporary memory. If an 
entire sequence is run again, the memory is flushed 
and all the report data are replaced by data from the 
new sequence. If a partial sequence is run (see 
above), only the data for the selected measurements 
are replaced. If a new measurement is added to the 
sequence, its results will be added to the report. 

You can clear the report data manually. Right-click on 
the Report node at the bottom of the Navigator tree, 
and select Clear Report Data.

Information shown in a report is organized in the 
same order as measurements and results in the cur-
rent Navigator arrangement.

Data Output
The Data Output feature sends certain sequence 
results to a CSV file as tabular data. Each time the 
sequence is run, the target file is opened, and the new 
data is appended to the table.

This allows you to view and organize sequence results 
in a spreadsheet or database program.

Enable Data Output by setting a checkmark in the 
Data Output node at the bottom of the Navigator tree. 
You can specify the CSV file name and location by 
right-clicking on the Data Output node to open the 
Data Output Properties dialog.

Data Output reports date, start time, device ID, limits, 
sequence pass or fail and meter values. XY graph val-
ues are not reported.

Opened in a spreadsheet, a typical series of 
sequences might follow this pattern.

Selecting and deselecting measure-
ments
In the Navigator panel, set a check in the checkbox 
box next to any measurement to add the measure-
ment to a sequence. Click again to remove the check 
mark and remove the measurement from the 
sequence.

If no measurements or results are selected, selecting 
a higher branch on the tree selects all the measure-
ments that are within it. If a measurement or result is 
already selected, selecting or deselecting a higher 
branch includes or excludes that branch from the 
sequence without changing the selection status of the 
measurements or results that are within it. This allows 
you to choose a group of measurements, and then to 
include or exclude that group from a sequence with 
just one click.

To deselect all measurements in a branch and its 
lower branches, right-click on the branch and choose 
Uncheck All from the context menu.
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Sequencer Properties settings
These properties are project-wide settings, and affect 
Sequencer behavior across all Signal Paths. Other 
project-wide settings are available in the Project Prop-
erties dialog (page 60).

The Sequencer Properties dialog is available by select-
ing the Sequencer Properties  icon in the Navigator 
tree, by selecting Sequencer Properties from the Proj-
ect menu, or by selecting Sequencer Properties from 
the right-click context menu at the Navigator Project 
node.

There are four tabbed pages in the Sequencer Proper-
ties dialog:

•Production Test

•Delay

•Pass/Fail Message

•Dialog Button Aux Control

Sequencer Properties: Production Test tab

When a sequence has been designated as a Produc-
tion Test sequence (see page 668), an optional graph-
ical banner and optional text can be shown to the 
operator at the beginning of the each Production Test 
sequence in the project. You can specify the banner 
and text here.

Banner Image:
Use the file browser to insert an optional image file 
here.

Instructions:
Enter optional instructions to the production test oper-
ator here.

Sequencer Properties: Delay tab

Digital devices may require some time to establish or 
re-establish synchronization. When a digital configura-
tion is changed during a sequence, delay time must 
be added to the sequence execution to allow the 
devices to synchronize. Depending upon configura-
tion, one or more of these delay settings will be avail-
able.

Digital Interface Sync Delay (digital input or out-
put)
This delay is inserted into a sequence when a signal 
path that is configured with a digital input or output is 
activated. Default delay is 5 seconds.

Sample Rate Change Delay (digital output 
active)
This delay is inserted into a sequence when the out-
put configuration is digital and a measurement with a 
different sample rate is activated. Default delay is 1.5 
seconds.

Open SCO Delay (Bluetooth Option only)
This delay is inserted after a Bluetooth Open SCO 
action is sent.

Close SCO Delay (Bluetooth Option only)
This delay is inserted after a Bluetooth Close SCO 
action is sent.
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Sequencer Properties: Pass/Fail Message tab

An on-screen message can be shown to the operator 
at the end of a sequence.

To show a Pass/Fail message, click the Show Pass/
Fail Message checkbox.

Pass Message
If all the measurements in the sequence pass, the 
Pass message is shown. The default message text is 
“Passed”. Click in the Message box to edit the mes-
sage. You can add an image using the Image file 
browser button.

Fail Message
If one or more measurements in the sequence fails, 
the Fail message is shown. The default message text 
is “Failed”. Click in the Message box to edit the mes-
sage. You can add an image using the Image file 
browser button.

Closing the Pass/Fail Message dialog
The Pass/Fail Message dialog that is displayed to the 
user contains an OK button. The user clicks this but-
ton to close the dialog box. Alternatively, the user can 
close the dialog using an Aux Control In command. 
See Dialog Button Aux Control, next.

Sequencer Properties: Dialog Button Aux Con-
trol tab

Dialog buttons with four designations may appear in 
user prompts and dialogs generated during a 

sequence. These buttons require a response from the 
user, which can be accomplished by a mouse click or 
keyboard stroke on the automation PC, or by sending 
a specific signal to the Aux Control Input connector.

The four designations are:

•OK/Pass/Next Device Button 

•Retry Button

•Cancel/Abort /End Test Button

•Fail/Ignore Button 

To activate any of these on-screen buttons using Aux 
Control, check the Aux Control Input Enabled check-
box for the button you wish to activate. 

Then, set the desired Aux Control In pattern in the con-
trol display. To do this, activate each bit you are inter-
ested in by setting a checkmark under the bit. Then 
set the desired state (0 or 1) for each activated bit. 
The state of bits that are not activated (unchecked, 
state shown as “X”) will be ignored for this control.

In the illustration above, the OK/Pass/Next Device 
Button will be activated when Aux Control In bit 8 is 
high (1) and bit 5 is low (0). The states of bits 7, 6, 4, 
3, 2, and 1 are ignored. 

Sequence-specific Aux Control Run and End settings 
are available in the Aux Control Sequence Settings dia-
log, page 669. See Chapter 107 for more information 
about Aux Control.

Building a Sequence
A sequence is built in the Navigator panel. A sequence 
has at least one Signal Path selected.

For example, in a new project, click Run Sequence and 
you will get a Report of the Signal Path Setup configu-
ration.

Select the Level and Gain measurement in the Naviga-
tor and click Run. This time you’ll get a report that also 
has Level and Gain results. You will notice that Level 
and Gain is marked “Passed,” which means it did not 
fail any limits. In this case, it’s because no limits have 
been set.

You can add limits to your measurements, you can 
add more measurements, you can add more signal 
paths. You can also change the order of the measure-
ments by dragging them up or down in the Navigator.

Each measurement node can be expanded to show a 
Measurement Sequence Settings icon, and a 
Sequence Steps folder. Measurement Sequence Set-
tings determine the behavior if the measurement 
should fail limits, and are discussed in detail begin-
ning on page 640.

The Sequence Steps folder can be expanded to show 
what optional steps are associated with this measure-
ment. Many steps are available, adding delay, or run-
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ning a program, or prompting the operator, for 
example. You can add steps, delete them, modify 
them and re-order them as you wish. The Sequence 
Step folder and the steps that can be added are dis-
cussed in detail beginning on page 641.

Sequences and Settling
For single value measurements, settling is applied 
only as a measurement or sequence is Run.

Stepped Sweep measurements are always settled, 
and Continuous Sweep and Signal Analyzer measure-
ments are always unsettled.

See Chapter 103 for more information about settling.

Reports
The Report is the output document of a sequence. A 
report is generated when a sequence is run.

See Chapter 92 for more information about reports.

Measurement Sequence Settings
Each measurement has sequence properties associ-
ated with it that determine the behavior of the 
sequence step(s) if that measurement should fail.

Click the  Measurement Sequence Settings node 
below each measurement in the Navigator to access 
the settings dialog, or by right-clicking on a measure-
ment node and choosing  Measurement Sequence 
Settings in the context menu.

The Measurement Sequence Settings dialog will open.

Measurement Sequence Settings, most measurements

Measurement Name
The parent measurement name from the Navigator is 
shown here. You can edit the name here, and your 
changes will be made on the Navigator branch as well.

Failure Action
When a limit (or Auto Generator Set action, see below) 
is exceeded in the selected measurement, you can 
direct the Sequencer to:

Cancel Sequence
Stop the sequence on a limit failure.

Continue Sequence (the default)
Flag the measurement as Failed  and continue.

Prompt for Retry
Display a prompt indicating a limit failure, with Can-
cel, Retry and Ignore commands available to the oper-
ator.

Auto Retry
Retry the step up to the number of times set in Max 
Attempts. If the step still fails after number of 
attempts set in Max Attempts, the Sequence will 
either Continue or Cancel, as selected in the On Fail-
ure menu.

Note: If the sequence is not configured
properly (calling for a file or program step
that does not exist,  for example), the
sequence will always abort.

Signal Path Setup: additional settings
If  Measurement Sequence Settings has been 
accessed from the Signal Path Setup node, you will 
see more settings for References, and, depending up 
configuration, HDMI Source or Selected Bluetooth 
Device.

Measurement Sequence Settings, Signal Path Setup

Common Settings
Measurement Name and Failure Action are common 
to Measurement Sequence Settings for all measure-
ments, and are discussed on the previous page.

References
Auto Set Generator Level

For Signal Path Setup only, Measurement Sequence 
Settings includes an Auto Set Generator Level check-
box. When checked, this will invoke the Auto Gen Level 
feature of Signal Path Setup > References. If Auto Gen 
Level fails, the selected Failure Action will be invoked.

Copy References From
For Signal Path Setup only. If there is more than one 
Signal Path in the sequence, you can copy the refer-
ences from another Signal Path into the current Sig-
nal Path. This allows you, for example, to copy 
microphone calibration settings from one Signal Path 
to another.
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Selected Bluetooth Device
See Using Bluetooth in a Sequence on beginning on 
page 662.

HDMI Source
Verify DDC

For Signal Path Setup in HDMI Source Output Configu-
ration only, Measurement Sequence Settings includes 
an HDMI Source: Verify DDC checkbox. When checked, 
this will verify DDC (Display Data Channel) connection 
with the downstream device. If DDC verification is 
enabled and the DDC read fails, the sequence shall 
fail with either a DDC error or a Receiver Not Con-
nected error. See More About DDC and EDID on page 
168.

Sequence Steps
The Sequence Steps folder
The Signal Path Setup node and each measurement 
node in the Navigator have a  Sequence Steps 
folder.

For most measurements, the  Sequence Steps 
folder contains three default steps, a  Turn Genera-
tor On step, a  Measure [measurement name] step 
(such as ), and an  Add Step 
button. These are all discussed next.

Any steps that are added to the measurement are also 
contained in this folder. The various steps in the folder 
can be rearranged to change the order of operation.

The Sequence Steps folder for Signal Path 
Setup
The Sequence Steps folder for a Signal Path Setup 
node contains an additional default step,  Measure 
and Set DUT Delay. See page 643.

Default steps
A measurement will have one or more default 
sequence steps in its Sequence Steps folder. These 
default steps cannot be disabled or 

  Turn Generator On step
Most measurements have a   Turn Generator On 
step that precedes the  Measure [measurement 
name] step. It is not necessary to have this step 
checked to run the measurement; typically, a mea-
surement in a sequence will turn the generator ON 
and OFF as part of its normal operation.

However, there are situations that require the genera-
tor to be ON before the measurement begins. Here 
are two use cases:

Use case 1
The most common use case is to allow the operator to 
make adjustments to the DUT or the APx generator 
while observing a meter or other result, until an opti-
mal setting for measurement is achieved.

Use case 2
Another case would be a measurement configured for 
File Input that requires a DUT (such as a digital 
recorder) to receive a generated signal and record it to 
a WAV file. In the APx interface, such measurements 
have a Generator On button, and an Analyze button to 
provide this functionality. When in a sequence, the 

Turn Generator On step accomplishes the for-
mer, and the  Measure [measurement name] step 
accomplishes the latter.

 Measure [measurement name] step
In a closed loop configuration, measurement nodes 
have a  Measure [measurement name] step that ini-
tializes the measurement.

If the measurement node is checked, the measure-
ment will run. The usefulness of the  Measure [mea-
surement name] step is to determine in which order 
the various steps run. Move the  Measure [measure-
ment name] step up or down to change the order.

  Generate step
Transfer Function and chirp measurements that sup-
port open loop configuration use a Generate 
step to start the Generator when configured for open 
loop.

 Analyze Files step 
Measurements that support File Input configuration 
use an  Analyze Files step when in File Input. 

Adding Data Set Notes to a measurement
For measurements that support Append Graph Data, 
you can open a dialog to enter a prompt or note for 
each data set, if you are running multiple iterations of 
the measurement in the signal path.

For each iteration of a repeated measurement in the 
Signal Path, double-click on a  Measure [measure-
ment name] step (such as ), or 
right-click on the step and select Properties from the 
context menu. This dialog will open:
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None
None, the default, will add no prompt or note to this 
iteration of the measurement.

Prompt User
You can enter text here that will prompt the operator 
to enter text in the Notes field while the Sequence is 
running. Perhaps the operator would enter an identify-
ing number or scan a bar code in response to the 
prompt. Text entered by the operator will appear in the 
Report as a Data Sets Note for this iteration.

Custom
Text entered here will appear in the Report as a Data 
Sets Note for this iteration.

Sequence and Measurement Step Order
You can add any number of steps to display user 
prompts, require user input, run external programs, 
add delay, set aux control out or turn the generator on. 
Once added, these steps can be enabled, disabled or 
deleted. Each step’s properties can be edited, and the 
steps can be moved into any order.

Each measurement has a Measurement Sequence 
Setting node, and a Sequence Steps folder. The 
default and any added steps are listed in the 
Sequence Steps folder.

Managing Sequence Steps

Sequence Steps
Expand the Sequence Steps folder below each mea-
surement. You can view the sequence steps attached 
to the measurement, add and delete steps, change 
their order, review their settings, and enable or dis-
able any step in the current sequence. You can attach 
any number of sequence steps to a measurement.

Copying Multiple Sequence Steps
If you have more than one sequence step attached to 
this measurement, the right-click context menu avail-
able on the Sequence Steps node has a Copy Multi-
ple Steps... selection. This opens a dialog where you 
can specify which steps you would like to copy.

Default Step: Turn Generator On
A Turn Generator On step (page 641) is attached to 
every measurement where it is appropriate. This step 

is provided to turn the generator ON independent of 
the running of measurement, to allow the operator to 
make adjustments to the DUT or the APx generator. 
Place a checkmark in the box to enable the step.

It is not necessary to have this step checked to run the 
measurement or sequence; the measurement will turn 
the generator ON and OFF as part of its normal “Mea-
sure” operation.

Default Step: Measure [measurement name]
A Measure [measurement name] step is attached to 
every measurement where it is appropriate. This step 
invokes the parent measurement when the sequence 
is run.

Managing Steps
Click the Add Step button, then select a step type from 
the menu. Available steps will vary with hardware, 
measurement and configuration.

Once added, the order in which the steps run in the 
sequence can be changed by moving the steps (by 
dragging with the mouse) within the Sequence Steps 
folder.

The following steps are available. Each step is dis-
cussed in detail at the page reference listed.

•Measure and Set DUT Delay step (Signal Path 
Setup only, page 643).

•Device ID Prompt step (Pre-Sequence only, page 
644)

•Prompt step (page 645)

•Input step (page 647)

•Program step (page 648) 

•Delay step (page 649)

•Set Digital Sync Delay step (page 649)

•Appended Measurement step (page 649)

•Set Aux Control Out step (page 650)

•Export Result Data step (page 650)

•Export .WAV File(s) step (651)

•Import Result Data step (page 652)

•Import Limits Data step (page 652)

•Select Input EQ Curve step (page 653)

•Select Output EQ Curve step (page 654)

•PDM Control Codes step (page 654)

•Set Vdd Output step (page 655)

•Set Switcher Configuration step (page 656)

•Send CEC Command step (page 657)

•Set DCX Aux Output step (page 657)

•Set DCX DC Output (step page 657)

•Make Result Visible step (page 658)
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•User Evaluation of Result step (page 658)

•Start Analog Generator step (page 660)

•Stop Analog Generator step (page 661)

•Clear Variable Value step (page 661)

Bluetooth steps
Additionally, there are a number of steps specific to 
using Bluetooth in a sequence, beginning on page 
662.

Enabling or Disabling steps for the current 
sequence
The checkbox at the left of each step indicates 
whether or not that step is enabled or disabled in the 
sequence; steps are enabled  (checked) by default. 
Uncheck the box  to disable the step.

Moving steps
Steps are processed in the sequence according to 
their position in the tree. You can move selected steps 
up or down by dragging with the cursor, or by right-
clicking on the step and selecting Move Up  or Move 
Down  

Deleting steps
Delete a select step by right-clicking on the step and 
selecting Delete Step . 

Editing step properties
To edit existing step properties, right-click on the step 
and choose  Properties... in the context menu.

Copying and Pasting steps
Copy a step by right-clicking on the step and selecting 

 Copy. Paste a copied step by right-clicking on the 
step and choosing Paste . Steps are pasted above 
the currently highlighted step.

In the example above, we added a Prompt step and a 
Set Aux Control Out step, and then moved them above 
the default Measure Frequency Response step. Then 
we added the final Program step at the end.

Measure and Set DUT Delay step

The Measure and Set DUT Delay step is only available 
as a Signal Path Setup sequence step. This step uses 
a PRS or MLS sequence stimulus with cross-correla-
tion, in the same manner as the DUT Delay measure-
ment, discussed in detail in Chapter 47.

This step is not available if Input Connector
is File, Output Connector is None, or if
either Input Connector or Output Connector
is ASIO. However, if both connectors (input
and output) are ASIO, the step is available.

DUT Delay measures the length of time an audio sig-
nal is delayed through a device under test (DUT) or 
system under test, such as Bluetooth A2DP, or a 
speaker or headphone under test in an acoustic 
space. For chirp-based measurements such as Contin-
uous Sweep, Acoustic Response or Loudspeaker Pro-
duction Test, the delayed signal may fall out of the 
analysis window. Measure and Set DUT Delay pro-
vides a precise measurement of the delay through the 
device or system under test, and then enters the delay 
value into the Signal Path Setup DUT Delay field (see 
page 90).

This measurement determines loop delay (the delay 
between the generator output and the analyzer input) 
using either a pseudo random sequence (PRS) stimu-
lus signal, as recommended in ITU-T P.501, or a maxi-
mum length sequence (MLS) signal. These are 
deterministic noise-like stimulus signals that can be 
cross-correlated to a fine granularity, providing a pre-
cise delay result.



Chapter 91: Automation

644 APx500 User’s Manual

Note: any delay previously entered in the
SPS DUT Delay is set to zero while this mea-
surement is running.

Generator
Stimulus Type
DUT Delay uses one of two noise-like binary 
sequences as a stimulus. Although there are many 
other uses for such stimuli, here they are used exclu-
sively for cross-correlation between the sent and 
received signals to determine delay.

•Pseudo Random Sequence 
(PRS is recommended for this application in ITU-T 
P.501)

•Maximum Length Sequence 
(The MLS sequence cross-correlates better and 
can provide more accurate results. MLS also has a 
0 dBFS crest factor, much higher than the PRS)

Noise Shape
Unfiltered, the noise-like PRS and MLS binary 
sequences have equal intensity at every frequency (a 
constant power spectral density; white noise).

These signals can be filtered to become pink noise, 
where the power spectral density is inversely propor-
tional to the frequency. With pink filtering, each octave 
carries an equal amount of energy. Pink noise filtering 
is recommended in acoustic applications, where it 
offers a reduced risk of overloading high-frequency 
transducers. 

Select the noise shaping here:

•White 

•Pink (the default) 

Sequence Length
The sequence length is the number of samples in the 
stimulus signal. The sequence length divided by the 
sample rate is the duration of the signal, and there-
fore longest delay that can be measured. Note that 

the menu selections use a common shorthand, repre-
senting sequence lengths that are actually powers of 
two, as shown below in parentheses.

•16k (16,383) 341 ms at 48 kHz SR

•32k (32,767) 683 ms at 48 kHz SR

•64k (65535) 1.37 s at 48 kHz SR

•128k (131,071) 2.73 s at 48 kHz SR

You must use a sequence length that is lon-
ger than the expected delay, at the chosen
sample rate.

Levels Track Ch 1
If this box is checked, all channels are set to the same 
level as channel 1.

Level
Set the output level here.

DC Offset
Set an optional DC offset here.

Analyzer
Acq Length
Set the acquisition length here, in seconds. To cap-
ture an entire sequence, set the acquisition length to 
the sum of the duration of the sequence at the cur-
rent sample rate, plus any expected delay in the sys-
tem under test.

The acquisition starts at the moment the generator 
begins to output the sequence; in a DUT or system 
with significant delay (like an acoustic path) you may 
want to extend the acquisition to capture the propaga-
tion delay and the full sequence.

Diagnosing problems
If the system under test adds a great deal of noise or 
distortion, or greatly limits the bandwidth of the sig-
nal, the acquired signal will not cross-correlate well 
and the delay result will be spurious. See Diagnosing 
Problems in DUT Delay cross-correlation beginning on 
page 361.

Device ID Prompt step

To have the operator enter a device ID (typically, the 
device serial number) for a sequence, enable the 

Device ID Prompt step at the beginning of the 
sequence. The Device ID Prompt step is in the  
Pre-Sequence Steps folder. If the Device ID Prompt 
is enabled and Automatically Generate File Name is 
set in the Report Properties Auto-Save tab, the device 
ID will be used in the report filename.

Note: in this case, avoid the characters \ / : * ? " < > | 
in the Device ID. These are illegal characters in a Win-
dows file name, and APx will replace these with under-
scores “_” before saving.
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Promp Step (General tab)

You can add a step that inserts an operator prompt, 
with optional operator response input accepted. 
Prompts allow you to provide the operator with infor-
mation and the opportunity to interact with the 
sequence.

The Input step is similar, with fewer features. It does 
provide the opportunity to rename the Pass/Fail 
response buttons with any text.

The Prompt step has two tabbed pages: General and 
Appearance.

Inserting a Prompt step
...at the beginning of a sequence

Expand the  Pre-Sequence Steps folder in the Navi-
gator, click  Add Step, and choose  Prompt...

...within a sequence
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Prompt...

...at the end of a sequence
Expand the  Post-Sequence Steps folder in the Nav-
igator, click  Add Step, and choose  Prompt...

In any of these cases, the following dialog will open to 
the General tab:

Step Name:
You can name a Prompt step to help organize your 
sequence.

General tab: Message to Operator:
Add any text message that you want to appear in the 
prompt here. You can also paste formatted text from 
the Windows clipboard into the text entry field. The 

message window can be scrolled to allow viewing of 
long messages.

The toolbar at the top of the text entry area provides 
editing controls and font and paragraph settings.

General tab: Operator Response:
This feature optionally allows the operator to respond 
to the prompt by entering information such as opera-
tor ID, device ID or other information.

Click  Add Operator Response to add a 
response field to the prompt.

Click  Delete Operator Response to delete a 
response field from the prompt.

Click Move Up  or Move Down  to change the 
order of operator response fields on the prompt.

Enter text for the Response Field Label to be 
shown on the prompt.

Enter optional text as an editable Default 
Response to be shown on the prompt.

Select or create an optional Variable (page 63) to 
contain the operator response text.

If Required is  checked, the prompt will not 
close without an operator response, unless can-
celed.

If Persist is  checked and a variable has been 
selected to contain the response, the response 
entered by the operator will persist throughout the 
sequence.

General tab: Additional Settings
Timeout

When the Timeout box is  checked, the value 
entered in the field to the right sets the maximum 
prompt window display time, in seconds. Minimum 
timeout is 1 second, maximum is 3600 seconds (one 
hour).

If Timeout is checked, but neither Show OK Button nor 
Show Cancel Button are checked, the measurement 
proceeds. This is useful to display an informational 
prompt that requires no user action.

If Timeout is checked and either or both Show OK But-
ton and Show Cancel Button are checked, when the 
Timeout time is reached the subsequent steps in the 
current measurement are skipped, and the measure-
ment fails. The sequence continues to the next mea-
surement.

When the Timeout box is  unchecked, the prompt 
window will remain open until the user closes it by the 
OK button or the Cancel button, or the equivalent Dia-
log Button Aux Control (page 639) command.

Play Alert Sound
If the Play Alert Sound is  checked, a Windows alert 
sound will be played through the PC when the prompt 
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is displayed. The specific sound chosen depends on 
the prompt icon chosen on the Appearance tab, and 
your Windows settings. As with any sound played by 
Microsoft Windows, you must have a sound card 
installed in your PC and have the volume control and 
other Windows settings properly adjusted to hear the 
sound.

Show OK Button
Check  this box to place an OK button  on 
the prompt. Clicking the OK button closes the prompt 
window and continues the sequence, if any required 
operator response is entered. Alternatively, the opera-
tor or an external device can continue the sequence 
with an Aux Control command (if an operator response 
is required, it must also be entered for the sequence 
to continue). See Dialog Button Aux Control on page 
639.

Show Cancel Button
Check  this box to add a Cancel button  to 
the prompt. Clicking the Cancel button closes the 
prompt window and ends the sequence. Alternatively, 
the operator or an external device can cancel the 
sequence with an Aux Control command. See Dialog 
Button Aux Control on page 639.

Edit Generator Level

Not all measurements require or enable
this prompt setting.

Certain measurements may require operator adjust-
ment of the DUT or APx generator during the 
sequence. The Turn Generator On step (page 641) 
must be previously set to turn the generator on. Edit 
Generator Level opens a prompt during the sequence 
that displays generator level controls to enable the 
operator to observe DUT output while making APx gen-
erator adjustments. When ready, the operator clicks 
OK to continue the sequence. See the Preview below 
for an example.

Edit Generator Level in Acoustic output mode
When the Signal Path is set for output Acoustic mode, 
the prompt shows the Edit Generator Level settings in 
acoustic units (Pa or dBSPL).

General tab: Reference Levels
These controls appear only for the Signal Path Setup 
node.

The purpose of these controls is to allow the operator 
to play an audio signal or make an adjustment in 
response to a prompt, and to save the resultant input 
level as a reference. When multiple input types are 
configured for a signal path, a specific input can be 
selected using the Input menu item. When levels are 
set, they apply only to the signal type of the input 
selected (analog or digital) and replace any previous 
values saved in the selected reference level memory. 

When prompted, the operator performs the required 
action to present a signal to the analyzer (such as 
playing a test signal from the DUT or using a mic cali-
brator), selects dBrA, dBrB, dBSPL1 or dBSPL2 and 
the input channel of interest, and clicks OK to save 
the reference(s).

If the operator has been prompted to edit the genera-
tor level (as discussed above), that level can be saved 
as dBrG.

Reference Levels in Acoustic input mode
When the Signal Path is set to Acoustic input mode 
(page 244), the only available input reference is 
dBSPL.

Preview
Click Preview to view the prompt as currently 
designed.

Prompt Step (Appearance tab)

Once you’ve navigated to the Prompt step dialog (page 
645) choose the Appearance tab to add an image or 
icons to the prompt. The following dialog will open.

Appearance tab: Image
You can place an image at the top of the user prompt. 
This could be a company logo or a photograph or dia-
gram with additional visual information to help the 
user.

Click the Image... button to navigate to an image file. 
Select the image and click Open to place the image in 
the prompt. When an image is used, the image file is 
also attached to the project file.

Select <None> to remove the image from the prompt. 
Image files attached to the project but not currently in 
use can be removed by navigating to the dialog at File 
> Manage Attached Project Items (see page 59).

Supported image file formats
•.bmp

•.jpg

•.jpeg

•.gif
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•.tif

•.tiff

•.png

•.ico

Appearance tab: Icon
Check one of the following (or None) to place a stan-
dard Windows attention icon on the prompt.

•None

•  Error

•  Question

•  Warning

•  Information

Preview
Press the Preview button to show how the finished 
prompt will look when displayed in the sequence.

Input (General tab)

You can add a step to any measurement in a 
sequence that pauses the sequence, and prompts the 
operator for a response.

This response can be in the form of entering a text 
string, or by clicking an on-screen button notifying the 
operator that the measurement has passed or failed 
limits.

The Prompt step offers similar operator
input features along with other useful fea-
tures.

Step Name:
You can name an Input step to help organize your 
sequence.

Message:
Add any text message to the operator that you want to 
appear in the prompt. You can also paste formatted 
text from the Windows clipboard into the text entry 
field. The message window can be scrolled to allow 
viewing of long messages.

The toolbar at the top of the text entry area provides 
editing controls and font and paragraph settings.

User Response:
•Prompt User for Input

If Prompt User for Input is selected, the operator 
will see the Message and a text entry field for 
response.

•Prompt User for Pass/Fail
If Prompt User for Pass/Fail, the operator will see 
either the pass or fail button, labeled with the text 
you have chosen below. The Pass/Fail buttons can 
be labeled with any text, such as OK / CANCEL, or 
MOVE CONNECTOR / RETRY. The operator 
responds by clicking the button.
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Input (Appearance tab)

You can place an image at the top of the Input prompt. 
This could be a company logo or a photograph or dia-
gram with additional visual information to help the 
user.

Click the Image... button to navigate to an image file. 
Select the image and click Open to place the image in 
the prompt. When an image is used, the image file is 
also attached to the project file.

Select <None> to remove the image from the prompt. 
Image files attached to the project but not currently in 
use can be removed by navigating to the dialog at File 
> Manage Attached Project Items (see page 59).

Supported image file formats
•.bmp

•.jpg

•.jpeg

•.gif

•.tif

•.tiff

•.png

•.ico

Program step

You can add a step to a sequence that allows you to 
run an external program at one or more chosen points 
in the sequence.

Inserting a Program step
...at the beginning of a sequence

Expand the  Pre-Sequence Steps folder in the Navi-
gator, click  Add Step, and choose  Program...

...within a sequence
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Program...

...at the end of a sequence
Expand the  Post-Sequence Steps folder in the Nav-
igator, click  Add Step, and choose  Program...

In any of these cases, the following dialog will open:

Step Name:
You can name a Run External Program step to help 
organize your sequence.

Command:
Type in the command for the external program here. 
You can use Variables (page 63), or browse to the pro-
gram using the Browse  button.

Arguments:
Type in the command arguments here, if any.

Use Variables...
Use Variables opens the Edit Text and Use Variables 
dialog, which allows you to build a string of arguments 
using variables and text entry. Select and double-click 
a variable to enter it into the variable string; type or 
delete text in the string as required.

Working Folder:
Type in the working folder here, if required. You can 
use Variables, or browse to the working folder using 
the Browse  button.

Do Not Wait for Program to Exit
If this option is selected, the sequence will issue the 
command and then proceed (or, end) without waiting.

Wait for Program to Exit, Ignore Program Output
If this option is selected (the default), the sequence 
will pause until the program is finished.

Wait for Program to Exit, Validate Program Out-
put
If this option is selected, the sequence will pause until 
the program is finished and returns a text string that 
matches the string entered into the Expected 
Response field.
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Delay step

You can add a step to any measurement in a 
sequence that pauses the sequence for a specified 
time.

Inserting a Delay step
...at the beginning of a sequence

Expand the  Pre-Sequence Steps folder in the Navi-
gator, click  Add Step, and choose  Delay...

...within a sequence
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Delay...

...at the end of a sequence
Expand the  Post-Sequence Steps folder in the Nav-
igator, click  Add Step, and choose  Delay...

In any of these cases, the following dialog will open:

Step Name:
You can create a distinct name for this step to help 
organize your sequence.

Delay:
In this field, type in the delay time in s (seconds). Mini-
mum is 0.000 s; maximum is 300.0 s.

Digital Sync Delay step

Digital devices may require some time to establish or 
re-establish synchronization. When a digital connec-
tion or sample rate is changed during a sequence, 
delay time must be added to the sequence execution 
to allow the devices to synchronize.

In most cases, the Delay tab features in Sequencer 
Properties (page 638) will accommodate these sync 
issues. But when the connection change or sample 
rate change happens external to APx (disconnecting 
and reconnecting digital cable, instructing a DUT to 
change sample rate), Sequencer Properties is not 
aware of these changes.

We recommend that when a sequence is expected to 
include external digital switching or sample rate 
changes that you add a Digital Sync Delay step to 
pause long enough for synchronization to occur. If syn-
chronization lock occurs before the delay time has 
expired, the sequence will continue immediately.

Inserting a Digital Sync Delay step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Digital Sync Delay...

The following dialog will open:

Step Name:
You can create a distinct name for this step to help 
organize your sequence.

Delay:
In this field, type in the delay time in s (seconds). Mini-
mum is 0.000 s; maximum is 300.0 s.

Appended Measurement step

For measurements that support Append, you can one 
or more Appended Measurement steps to a measure-
ment, each invoking an additional appended measure-
ment. This allows you to make variations on a 
measurement within one sequence step, rather than 
sequencing multiple repeated measurements.

For measurements that support more than one gener-
ator waveform choice, you can select the waveform to 
use for each appended measurement.

Inserting an Appended Measurement step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Appended Measurement...

The following dialog will open:
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For example, in the Measurement Recorder, you may 
have Split Frequency selected as the waveform on the 
measurement panel, along with two generator wave-
form files called Test1 and Test2. In the example here, 

•Use Current would select the current waveform, 
Split Frequency; 

•Test1.wav or Test2.wav would select one of the 
generator waveform files.

Data Sets Notes
You can cause text to be added to the Data Set Notes 
field. This text will appear in the report.

None
No Data Set Note will appear in the report for this 
measurement.

Prompt User
You can enter text here that will prompt the operator 
to cause text to be entered in the Notes field while the 
Sequence is running. Perhaps the operator would 
enter an identifying number or scan a bar code in 
response to the prompt here.

Custom
Text you enter here will appear as a Data Set Note in 
the report.

Set Aux Control Out step

You can add a step to any measurement in a 
sequence to issue an Aux Control Out command, and 
to pause for a specified delay time after the com-
mand is issued. Read about Aux Control in Chapter 
107.

Inserting a Set Aux Control Out step
...at the beginning of a sequence

Expand the  Pre-Sequence Steps (page 640) folder 
in the Navigator, click  Add Step, and choose  Set 
Aux Control Out...

...within a sequence
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Set Aux Control Out...

...at the end of a sequence
Expand the  Post-Sequence Steps folder in the Nav-
igator, click  Add Step, and choose  Set Aux Con-
trol Out...

In any of these cases, the following dialog will open:

Step Name
Enter an optional name for this step.

Aux Control Out
Set the desired Aux Control Out pattern in the control 
display. To do this, activate each bit you are interested 
in by setting a checkmark under the bit. Then set the 
desired state (0 or 1) for each activated bit. The state 
of bits that are not activated (unchecked, state shown 
as “X”) will be ignored for this control.

In this illustration, Aux Control Out will be set as fol-
lows: bits 8 and 2 are high (1) and bits 3 and 1 are 
low (0). The states of bits 7, 6, 5 and 4 are ignored; 
their previous states are maintained. 

Progress Message
You can enter an optional text message in the Prog-
ress Message field. This message will be displayed to 
the operator for the length of time set in Delay, below.

Delay
An Aux Control Out command may start an external 
event that takes some time to complete. To wait for 
completion, you can enter an optional delay time here. 
The next step in the sequence is not executed until the 
delay time has passed.

The delay time begins at the instant that the Aux Con-
trol Out command is sent.

Export Result Data step

You can add a step to any measurement in a 
sequence to export APx result data from that mea-
surement.

Inserting an Export Result Data step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Export Result Data...
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The following dialog will open:

Step Name
Enter an optional name for this step.

From Result
Many measurements have more than one result. 
Choose the result from which you want to export data.

Data Set
For results that support data sets, you will be able to 
select the data set from this menu. Choose

•Measured or

•Imported

Select the number of the measured or imported data 
set from the numerical selector at right.

Meter results do not have these options.

Channels
Channels displays the measurement channels for 
which data will be exported. Click the ellipses  but-
ton to open the Choose Channels dialog.

Data Specification
For results that have exportable data, this menu 
allows you to specify the range, distribution and num-
ber of data points to export. Choose

•Same as Graph (the default)
The number of data points used to create the cur-
rent graph; this is always fewer than All Points.

•All Points
Every measured point in the result.

You can also specify a custom set of data points to be 
exported. Choose 

•Create New...
Create New opens the Edit Data Specification 
(page 770) dialog. You can define and save a Data 
Specification as an *.xyspec file.

•Browse to File...
Browse to File allows you to find and import an 
existing *.xyspec Data Specification file.

To File
Enter the path and file name for the exported data file 
here. You can use Variables (page 63), or browse to 
the program using the Browse  button. You can 
save in Excel spreadsheet formats, CSV or MATLAB for-
mats.

Append if File Exists
This option opens the file on disk, appends the cur-
rent data to the end of the data in the file, and re-
saves the file.

Y Data only
For XY results, you can specify that only the Y-axis data 
be exported. This feature is only available when 
appending to .xlsx files, and then only when the data 
specification is not set to “Same as Graph.”

Replace File
This option erases the file on disk and replaces it with 
a new file containing the current data.

Include Summary Sheet
For Excel spreadsheets, you can optionally specify that 
a sheet be created to summarize the result data.

Sheet for Each Channel
For Excel spreadsheets, you can optionally specify that 
each channel be exported to numbered sheets within 
the file. This option made available when the target 
file extension in the To File field is *.xlsx.

Insert Variable in Header
You can enter text, or enter a variable by clicking the 
ellipses button  to open a Edit Text and Use Vari-
able dialog (page 64). This information will appear in a 
header row preceding the exported data.

Export .WAV Files(s)

For measurements with results with data that can be 
exported to WAV files, you can add a step in a 
sequence to export the result data to a WAV file. 

Inserting an Export .WAV File(s) step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Export .WAV Files(s)...

The following dialog will open:
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Step Name
Enter an optional name for this step.

Result
Select a result from the drop-down menu. The list will 
include each instance of Acquired Waveform and 
Impulse Response that has been added to the 
sequence.

Data Type
Select the data set type that should be used to create 
the WAV file. Options are:

•Measured

•Imported

If multiple data sets will be appended during the 
sequence, select the data set number to use to export 
as the WAV file. 

Location
Enter the path for the exported WAV file here. You can 
use Variables (page 63), or browse to the location 
using the Browse  button.

Name
Enter the file name for the exported WAV file here. You 
can use Variables (page 63), or type a name in the 
field.

Choose from the following options:

•If file exists, replace it

•If file exists, append timestamp to the filename

Format
Select a file format for the WAV file. Options are:

•Multiple Mono PCM (default)

•Multi-channel PCM

•Extensible Multi-channel

Bit Depth
Select the Bit Depth. Options are: Auto, 16 or 24.

Import Result Data step

For measurements that support imported data sets, 
you can add a step in a sequence to import APx result 
data into that measurement.

Inserting an Import Result Data step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Import Result Data...

The following dialog will open:

Step Name
Enter an optional name for this step.

From File
Enter the path and file name here. You can use path 
variables (page 63), or browse to the file using the 
Browse  button. You can open Excel spreadsheet 
formats, CSV or legacy Audio Precision data file for-
mats.

To Result
Many measurements have more than one result. 
Choose the result into which you want to import data.

Be sure that the imported data and the selected result 
are compatible.

Notes
You can add a note to the imported data set.

Import Limits Data step

For measurements that support imported limits, you 
can add a step in a sequence to import, apply and off-
set APx limit data for that measurement.

Inserting an Import Limits Data step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Import Limits Data...
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The following dialog will open:

Step Name
Enter an optional name for this step.

To Result
Many measurements have more than one result. 
Choose the result for which you want to import limits.

Select Limit Data
From File

Select From File to import limits from a data file. Enter 
the path and file name here. You can use path vari-
ables (page 63), or browse to the file using the Browse 

 button. Supported formats are Excel spreadsheet 
formats, CSV, or legacy Audio Precision data file for-
mats.

Be sure that the imported data and the selected result 
are compatible.

Track First Channel
Select Track First Channel to cause the limit for all 
channels to track the imported data in the first chan-
nel.

Apply Limit
To Upper / To Lower 

Choose whether to apply the imported data to an 
upper limit, to a lower limit, or both.

Invert Data
If the limit is being applied to a relative result (such as 
Relative Level), an Invert Data checkbox will be avail-
able. Check the Invert Data checkbox to invert the 
limit data.

Offset:
When imported from a file, the data have arbitrary Y 
values, according to the values in the data file. When 
imported from the graph, the data have the same Y 
values as the current data in the selected data set. 
Depending upon data set choice, these values may be 
identical to the current result points and the limit 
curve may be drawn directly on the current result 
trace. 

In either case, you will typically want to offset the limit 
curve above or below the result curve by scaling the 

limit Y values, using a constant offset value, or by 
using an offset curve.

You can select a file already attached to the project (if 
any), or

Create New...
The Offset > Create New... menu item opens the 
Edit Limit Offset Curve dialog (page 798). In this 
dialog, you can define an offset value that is con-
stant across the X-range, or an offset curve whose 
Y-values vary across the X-range.

Click OK to save the offset curve in the project.

You can Export the curve as an Excel or CSV data 
file.

You can also Import an existing offset curve from 
an Excel or CSV data file.

Browse for file...
The Offset > Browse for File menu item opens a 
file browser.

Properties 
For an existing offset curve, the Properties  but-
ton opens the Edit Limit Offset Curve dialog (page 
798).

Invert Offset Curve
Check the Invert checkbox to invert the limit offset 
curve.

Select Input EQ Curve step

Also see Input Equalization on page 735.

This step is only available under a Signal
Path Setup node.

You can add a step to Signal Path Setup for any signal 
path in a sequence to select an Input EQ curve for the 
current input. You can choose All Channels or one spe-
cific channel. To apply a different curve to a different 
channel, add another Select Input EQ Curve step.

Inserting a Select Input EQ Curve step
Expand the  Sequence Steps folder in Signal Path 
Setup in the Navigator, click  Add Step, and choose 

 Select Input EQ Curve...
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The following dialog will open:

Step Name:
Enter an optional name for this step.

Select From Project
If there is an embedded EQ curve in the project that 
you'd like to use, or if you'd like to create a new EQ 
curve at this time, choose Select from Project.

EQ:
Drop the EQ menu to select an embedded curve, or 
create a new curve. You can optionally edit an embed-
ded curve by clicking the Edit EQ Table  button. See 
page 736.

Import From File
If you'd like to import an EQ file at sequence run time, 
choose Import from File.

File Name:
Browse to the file to import. You can use variables 
here.

Invert
Check the Invert checkbox to invert the imported EQ 
curve.

Input:
If more than one input type is configured, select the 
input containing the channel to equalize. The Input 
selection is only available if more than one input is 
configured.

Channel:
Select the channel to equalize, or All Channels.

Select Output EQ Curve step

Also see Output Equalization on page 246.

You can add a sequence step to Signal Path Setup to 
import an Output EQ curve. The current Output Config-
uration must be Analog.

Inserting an Output EQ Curve step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Select Output EQ Curve...

The following dialog will open:

Step Name:
Enter an optional name for this step.

Select From Project
If there is an embedded EQ curve in the project that 
you'd like to use, or if you'd like to create a new EQ 
curve at this time, choose Select from Project.

EQ:
Drop the EQ menu to select an embedded curve, or 
create a new curve. You can optionally edit an embed-
ded curve by clicking the Edit EQ Table  button. See 
page 736.

Import From File
If you'd like to import an EQ file at sequence run time, 
choose Import from File.

File Name:
Browse to the file to import. You can use variables 
here.

Invert
Check the Invert checkbox to invert the Output EQ 
curve.

PDM Control Code(s) steps

Inserting a Send Defined Series PDM Control 
Code step

This step is only available if Output Configu-
ration for this Signal Path is set to PDM.

You can add a step to any measurement in a 
sequence that sends a defined series of PDM control 
codes.

Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  PDM Control Code(s)...
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The following dialog will open:

Step Name
You can create a name for this step to help organize 
your sequence.

MSB First
Check MSB First to send the Control Code MSB (Most 
Significant Bit) first. When MSB First is not checked, 
the MSB is sent last.

Edge
Choose Both, Rising or Falling to select the PDM bit-
stream edge to carry the Control Code data.

Grid
Add or delete PDM control codes here, and define the 
Value (hex) and Repetitions for each code.

Inserting a Send PDM Control Code Indefinitely 
step

This step is only available if Output Configu-
ration for this Signal Path is set to PDM.

You can add a sequence step that sends a PDM con-
trol code indefinitely. The PDM module will continue 
sending the specified code until a Stop Sending PDM 
Control Code step is encountered in the sequence, or 
until a signal path that does not use the PDM output 
is encountered. See the Stop Sending PDM Control 
Code step below.

Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Input...

The following dialog will open:

Step Name
You can create a name for this step to help organize 
your sequence.

MSB First
Check MSB First to send the Control Code MSB (Most 
Significant Bit) first. When MSB First is not checked, 
the MSB is sent last.

Edge
Choose Both, Rising or Falling to select the PDM bit-
stream edge to carry the Control Code data.

Value (hex)
Define the Value (hex) for the code.

Inserting a Stop PDM Control Code step
After inserting a Send PDM Control Code Indefinitely 
step, you can insert a Stop Sending PDM Control Code 
step.

Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  PDM Control Codes... > Stop Sending 
Code...

Set Vdd Output step

You can add a step to any measurement in a 
sequence that switches the Vdd dc power supply ON 
or OFF. 

Inserting a Set Vdd Output step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Set Vdd Output...

The following dialog will open:

Step Name
You can create a name for this step to help organize 
your sequence.

Module
Select the module that supplies the Vdd voltage for 
the sequence step. The options are PDM and PDM 16. 
Both modules can have Vdd output steps in the same 
signal path.

Vdd
The Set Vdd Output step will set the PDM/PDM 16 
Vdd voltage when executed as part of any signal path 
(including those containing a PDM/PDM 16 connec-
tor) and will change the Vdd output accordingly. 

If the active signal path contains a PDM connector, 
the PDM Vdd will be set to the value configured by the 
user for the PDM signal path when the sequence 
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ends. If the active signal path does not contain a PDM 
connector, the PDM Vdd voltage will be returned the 
value set by user in the PDM Monitor.

This feature enables power to be supplied to a DUT 
such as a MEMS microphone or an integrated circuit, 
while generating and/or analyzing audio in a format 
other than PDM.

On/Off
Choose whether this step turns the Vdd output ON or 
OFF.

Enter the voltage required for operating power the DUT 
in entry field. 

•On the PDM module, the Vdd power is available at 
the Vdd Supply BNC connector, providing DC cur-
rent up to 15 mA, with a voltage range of +0 VDC 
to +3.60 VDC. 

•For the PDM 16 module, the Vdd power is avail-
able at the Vdd pin on the PDM 16 pod, providing 
DC current up to 50 mA, with a voltage range of 
+0 VDC to +3.60 VDC.

Set Switcher Configuration step

In a Sequence, the initial switcher settings for each 
Signal Path are set in Signal Path Setup > Switcher 
Settings... for that Signal Path.

To set or change switcher settings while a Sequence is 
in progress, add a Set Switcher Configuration step.

Insert a Set Switcher Configuration step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Set Switcher Configuration...

The following dialog will open:

Step Name
You can create a name for this step to help organize 
your sequence.

Input and Output Switcher Settings dialog
These Input and Output Switcher Settings dialog pres-
ents the same settings as the Signal Path Setup > 

Switcher Settings dialog, discussed beginning on page 
803.

Behavior
At the beginning of each active measurement in a 
sequence, the switcher configuration is set to the con-
figuration in Signal Path Setup for the active Signal 
Path. 

When a sequence is running, if the active measure-
ment contains a Set Switcher Configuration step, the 
switcher configuration is set according to the step. The 
new configuration persists until the next Set Switcher 
Configuration step, or until the next measurement 
begins, when the configuration reverts to the Signal 
Path Setup switcher configuration as described above.

At the end of the Signal Path in a Sequence, the 
switcher configuration is reset to Signal Path Setup 
switcher configuration.

If no switchers are connected, the sequence contin-
ues normally, with no error or warning.

Import Amplifier Correction Curve 
step

Read more about Amplifier Correction on page 401.

You can add a sequence step to an Impedance/Thiele-
Small or Loudspeaker Production Test measurement 
to import an Amplifier Correction Curve. The current 
Output Configuration must be Analog, and the mea-
surement Test Configuration must be External (1 Ch).

Note: importing an Amplifier Correction
Curve using a sequence step is not sup-
ported when the output connector is config-
ured for Transducer Interface.

Inserting an Amplifier Correction Curve step
Expand the  Sequence Steps folder in an Imped-
ance/Thiele-Small or Loudspeaker Production Test 
node in the Navigator, click  Add Step, and choose 

 Import Amplifier Correction Curve...

The following dialog will open.

Step Name:
Enter an optional name for this step.

From File:
Enter the path and file name here. You can use path 
variables (page 63), or browse to the file using the  
Browse button. Supported formats are Excel spread-
sheet formats, CSV, or legacy Audio Precision data file 
formats.
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Send CEC Command step

Read more about CEC on page 174.

You can add a sequence step to Signal Path Setup to 
send a CEC command from the HDMI Source or Sink 
connector. Either (or both) Output Configuration and 
Input Configuration must be currently set to HDMI to 
access this step.

Inserting a Send CEC Command Step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Send CEC Command...

The following dialog will open:

Step Name:
Enter an optional name for this step.

From Connector:
Select the HDMI connector (Source, Sync, ARC Tx or 
ARC Rx) that will send the command and receive the 
acknowledgement.

To Device:
Select the device to be addressed. The menu lists the 
16 defined CEC logical addresses.

Command:
Select the command to send, Ping or Custom. A Ping 
is a specific CEC polling message that any addressed 
device should acknowledge.

When Custom is selected, the Opcode and Operands 
fields are available to add payload information to the 
message.

Opcode:
Enter an arbitrary opcode (operational code) here.

Operands (hex):
Enter arbitrary operands here, in hex.

Set DCX Aux Output step

You can add a sequence step to a measurement to 
make an Aux Output setting on an attached DCX-127.

Inserting a Set DCX Aux Output step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Set DCX Aux Output...

The following dialog will open:

Step Name:
You can create a distinct name for this step to help 
organize your sequence.

Aux Output:
Choose the DCX Port from the menu, and make Aux 
Output settings in the display. Use a checkmark to 
enable a line, and set the line high or low by choosing 
a 1 or a 0.

Progress Message:
Enter an optional progress message here.

Delay:
Add any delay needed for the Aux Output command 
and connected device to attain the required state.

Set DCX DC Output step

You can add a sequence step to a measurement to set 
and adjust a DC Output on an attached DCX-127.

Inserting a Set DCX DC Output step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Set DCX DC Output...

The following dialog will open:

Step Name:
You can create a distinct name for this step to help 
organize your sequence.

DCV Port:
Choose the DCX DCV Port from the menu.

Output:
Switch the DC voltage On or Off.
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Voltage Level:
Set the DC Voltage Level here.

Progress Message:
Enter an optional progress message here.

Delay:
Add any delay needed for the DC Voltage Output and 
connected device to attain the required state.

Make Result Visible step

When you run a sequence, you may have noticed that 
for each measurement, the most recently selected 
result is displayed as the measurement runs. 

You can change this behavior by adding the Make 
Result Visible step, which instead causes a specific 
chosen result to be displayed. This can be useful when 
a user must visually evaluate one or more results as a 
sequence runs.

It may be helpful to insert a Delay step (page 649) 
after the Make Result Visible step to allow more time 
for the user to make an evaluation.

Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Make Result Visible...

The following dialog will open:

Step Name:
You can create a distinct name for this step to help 
organize your sequence.

Result:
Select the result to display from this menu.

User Evaluation of Result step

Some sequences require that a user evaluate a result 
that is not easily evaluated by an analyzer. An exam-
ple might be a stair-step pattern of automated level 
changes that a user can visually judge, but a machine 
cannot.

Inserting a User Evaluation of Result step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  User Evaluation of Result...

The following dialog will open:

Step Name:
Enter an optional name for this step.

Result:
Most measurements have more than one result. 
Select the result you would like to display to the user 
or operator from this list. “Peak Level” is shown in the 
example here.

Prompt to Display to User:
Enter an optional prompt for the user here. “Accept 
any peak level below 4 Vpk.” is shown in the example 
here.

Timeout
Set maximum time that the sequence will wait for a 
response before continuing.

Play Alert Sound
Play a sound to alert the user.

Appearance tab
There is an associated Appearance tab in this dialog, 
where you can specify an image and an icon to dis-
play.

Set Transducer Interface Input step

Read about the APx1701 Transducer Test Interface on 
page 43, and Settings for Transducer Interface Inputs 
on page 215.

You can add a sequence step to a measurement to 
make input settings for an attached APx1701.

Inserting a Set Transducer Interface Input step
Expand the  Sequence Steps folder in a Signal Path 
node in the Navigator, click  Add Step, and choose 

 Set Transducer Interface Input...
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The following dialog will open.

Step Name:
You can create a distinct name for this step to help 
organize your sequence.

Mic Output Pass Thru 1
This menu selects the APx1701 microphone input to 
appear at the Microphone Output (Pass Thru) connec-
tor 1. The choices are:

•Mic 1 Balanced

•Mic 2 Balanced

•Mic 1 Unbalanced

•Mic 2 Unbalanced

•Mic 1 CCP Self-Test

Mic Output Pass Thru 2
This menu selects the APx1701 microphone input to 
appear at the Microphone Output (Pass Thru) connec-
tor 2. The choices are:

•Mic 2 Balanced

•Mic 2 Unbalanced

•Mic 2 CCP Self-Test

See the APx1701 Transducer Test Interface Installa-
tion, Specifications and User’s Guide booklet for infor-
mation about performing a CCP Self-Test.

Current Sense
This menu selects which amplifier channel current 
sense resistor is connected to the Current Sense con-
nector for measurement. The choices are:

•Amplifier Output 1

•Amplifier Output 2

Phantom Power
Set this control to ON to apply +48 V phantom power 
to the two APx1701 balanced microphone inputs.

CCP Power
Set this control to ON to apply +24 V CCP (constant 
current power) to the two APx1701 unbalanced micro-
phone inputs.

Set Transducer Interface Output 
step

Read about the APx1701 Transducer Test Interface on 
page 43, and Settings for Transducer Interface Out-
puts on page 216.

You can add a sequence step to a measurement to 
make output settings for an attached APx1701.

Inserting a Set Transducer Interface Output step
Expand the  Sequence Steps folder in a Signal Path 
node in the Navigator, click  Add Step, and choose 

 Set Transducer Interface Output...

The following dialog will open.

Step Name:
You can create a distinct name for this step to help 
organize your sequence.

Amplifier 1, Amplifier 2
You can switch the APx1701 amplifier channels 1 or 2 
OFF or ON with this step.

Note: Configurations that are set by a
sequence step remain as set by the last
applicable sequence step executed in the
sequence when the sequence ends. If the
you want to restore the settings at the end
of  a  sequence,  then you must  use  a
sequence step at the end of the sequence,
or manually restore through the user inter-
face after the sequence ends.

Calibrate from TEDS step

Also see APx1701 Transducer Test Interface on page 
43, Microphone Calibration on page 95, Microphone 
Calibration (acoustic) on page 99, and More About 
TEDS on page 614.

You can add a sequence step to a measurement to 
calibrate a TEDS-enabled measurement microphone 
from its TEDS data, when using an APx517, an 
attached APx1701 or a supported GRAS Microphone 
Power Module (page 43).

Inserting a Calibrate from TEDS step
Expand the  Sequence Steps folder in a Signal Path 
node in the Navigator, click  Add Step, and choose 

 Calibrate from TEDS...
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The following dialog will open.

Calibrate from TEDS sequence step in “normal” mode.

Calibrate from TEDS sequence step in acoustic mode.

Calibrate from TEDS sequence step (Mic Power Module)

Step Name
You can create a distinct name for this step to help 
organize your sequence.

TEDS Interface
Choose interface connected to the microphone you 
would like to read TEDS data from. Choices are:

•Auto (default)

•APx517

•APx1701

•Mic Power Module

The Auto selection will default to the APx 517 when 
connected to an APx517 analyzer, to the APx1701 
Transducer Interface when Transducer Interface is 
selected in the Signal Path input, and to the Mic Power 
Module in other configurations. 

An interface can be selected even if the
interface and TEDS-enabled microphones
are not connected or available. This allows
projects to be configured without having the
hardware connected. However, the inter-
face and microphone needs to be con-
nected when a sequence is run in order to
obtain TEDS data.

TEDS Source
Choose the APx517 or APx1701 input connected to 
the microphone you would like to read TEDS data 
from. Choices are:

•Mic 1 Unbalanced

•Mic 2 Unbalanced

Microphone ID (Mic Power Module)
Select the ID of the TEDS microphone attached to the 
supported GRAS Microphone Power Module. Micro-
phone IDs are displayed on the LED panels above the 
microphone input connectors. IDs range from 1-99, 
depending on the number of Microphone Power Mod-
ules connected to the system running the APx500 
software. See your GRAS Microphone Power Module 
Instruction Manual for more information.

Signal Path Input Configuration in “normal” 
mode
Using the checkboxes, choose the APx reference you 
would like to set from the TEDS data. Choices are:

•Set dBSPL1

•Set dBSPL2

Signal Path Input Configuration in acoustic 
mode
Using the Apply To menu, choose the APx channel to 
which you’d like to apply the TEDS data. You can 
choose any one of the available analog input chan-
nels.

Start Analog Sine Generator step

This step is only available for the APx555,
when Output Configuration is set to a non-
analog output connector. 

The APx555 enables the use of the analog generator 
as an additional signal source, when Output Configu-
ration is set to a non-analog output connection.

When configured this way, you can add a sequence 
step to turn on the analog generator (as distinct from 
the Turn Generator On step available in all 
sequences).

This step will start the analog sine generator, which, in 
this configuration, can be controlled independently 
from the DSP generator connected to a digital output.

Inserting a Start Analog Generator step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Start Analog Sine Generator...
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The following dialog will open:

Step Name
You can create a distinct name for this step to help 
organize your sequence.

Analog Sine Generator
The controls in the Analog Sine Generator area set the 
configuration for the APx555 High Performance Sine 
Generator. These are the same controls and settings 
that are available in the Signal Path Setup Input/Out-
put analog unbalanced and balanced panels (Chapter 
12).

Stop Analog Generator step

This step is only available for the APx555,
when Output Configuration is not set to an
analog output connector. 

The APx555 enables the use of the analog generator 
as an additional signal source, when Output configura-
tion is set to a non-analog output connection.

When this generator has been turned on in a 
sequence stop, you can add this sequence step to 
turn off the analog generator.

Inserting a Stop Analog Generator step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Stop Analog Sine Generator...

No settings dialog is displayed; a Stop Analog Genera-
tor command is simply inserted into the sequence.

Clear Variable Value step

With this step, you can clear a current variable value 
during a sequence.

You can either enter the variable name here, or search 
the list of existing variables by clicking the  Browse 
button. Read more about Variables on page 63.

Set Power Amplifier Output step

With this step, you can select which power amplifier 
connector to use for a measurement during a 
sequence.

Inserting a Set Power Amplifier Output step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Set Power Amplifier Output...

The following dialog will open:

Step Name:
You can create a distinct name for this step to help 
organize your sequence.

Output
You can select the output connector (A or B) used by 
the power amplifier for the measurement in a 
sequence.

Set Headphone Output step

With this step, you can select which headphone out-
put or channel to use for a measurement during a 
sequence and which output to use for impedance 
measurements. The available options are right, left, or 
both for output. For impedance measurements, the 
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selection is only available if Both is selected as the 
output path. 

Inserting a Set Headphone Output step

Inserting a Set Power Amplifier Output step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Set Headphone Output...

The following dialog will open:

Step Name:
You can create a distinct name for this step to help 
organize your sequence.

Output
You can select the headphone output to use for the 
measurement in a sequence. Options are:

•Right

•Left

•Both

Impedance
You can select the headphone output to use for cur-
rent and voltage sense for impedance measurements 
when the Both option is selected in the Channels 
menu. When Right or Left is selected, that selected 
output is used for current and voltage sense. 

Using Bluetooth in a Sequence
These steps are only available if Output
Configuration for this Signal Path is set to
Bluetooth.

Unlike other APx Output and Input Configurations, 
which are simply established by software selection 
and a cable connection, Bluetooth configurations 
require discovery, pairing, profile selection and so on, 
in an extended negotiation between the APx analyzer 
and the Bluetooth device under test.

Project-wide settings
Only one APx Bluetooth Profile Set can be specified in 
a project. Go to Signal Path Setup and choose Blue-
tooth for either your Output Configuration or your Input 
Configuration. Open Bluetooth Settings and choose 

the APx Profile Set appropriate for your testing in this 
project.

In the Project Menu, choose Project Properties and 
add any User Variables you would like.

Sequence-wide settings
In the Project Menu, choose Sequencer Properties (or 
click Sequencer Properties in the Navigator and enter 
your preferences for Production Test, Delay, Pass/Fail 
Message and Dialog Button Aux Control settings. In 
particular, you may need to add delays may to allow 
the DUT sufficient time to execute SCO commands 
and sample rate changes. See page 638.

Signal Path settings
When automating Bluetooth testing, settings and 
steps that provide a means of specifying and negotiat-
ing the connection, connecting and disconnecting, 
and initiating actions must be included.

Although it is possible to connect to a Bluetooth 
device automatically in a sequence, in many cases 
steps requiring run-time interaction with the operator 
are necessary.

Connecting a device in a Sequence

A Bluetooth device used in a sequence must be con-
nected for testing. If there are multiple signal paths in 
the sequence, each signal path can be connected to a 
different device. However, global settings such as 
sink/source profile sets are in force across the entire 
project.

For each Signal Path, specify how to connect to a 
Bluetooth device in the Measurement Sequence Set-
tings dialog. In the Selected Bluetooth Device area, 
you have three choices:

•Use Connected Device if Present
This selection assumes the APx is connected to a 
device, either by connecting in the Signal Path 
Setup Bluetooth Settings dialog before running the 
sequence, or in a previous Signal Path in the 
sequence. If no device is connected, the operator 
will be prompted to select one at run time. See 
Connect Bluetooth Device run time prompt, page 
664.
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•Always Choose a New Device
The operator is prompted to select a device at run 
time. See Connect Bluetooth Device run time 
prompt, page 664.

•Connect Device from Settings
A device is selected automatically, using the crite-
ria specified in the Connect Settings dialog. Click 
the Connect Settings button to open the settings 
dialog. See the next topic.

Connect Bluetooth Device settings

Connect Bluetooth Device Settings enables APx to 
automatically establish a Bluetooth connection during 
a sequence, using a number of criteria specified here.

Select Device From Scan Results
This choice will perform a Bluetooth scan at run time. 
If the specified criteria are met, a device will be 
selected, paired and connected. Many of the selec-
tion filters are not available with Legacy Bluetooth 
Option.

Scan Duration (sec):
This setting limits the scan time to the value set. The 
maximum time is 48 seconds. The default is 10 sec-
onds.

•Filter Devices From Scan (not available with Leg-
acy Bluetooth Option)

•Device Class (not available with Legacy Bluetooth 
Option)

•Max Devices (not available with Legacy Bluetooth 
Option)

Select First Device Found in Scan
This setting selects the first device found in the scan.

Select Device with Matching Partial Address
You can enter the first part (starting at the left) of a 
Bluetooth address here. The first device found that 
matches will be selected.

You can enter as few as the first two hex digits, or as 
much as the entire address. The address can be 
entered with or without separating colons (:).

Prompt User for Device Address
A prompt will appear at sequence run time. The opera-
tor must enter the device address.

Use Last Device Connected in Sequence 
(Prompt User if None)
Use the address of the most recent device connected 
earlier in the sequence. If no device has been con-
nected, a prompt will appear. The operator must enter 
the device address.

Use Specific Device Address
Enter a specific device address here, or click the 
Browse  button to select a device from the Blue-
tooth Known Devices list (page 190).

Select Device from Variable
Enter the name of an existing User Variable whose 
value is a valid device address, or click the Browse  
button to select a variable. See page 63.

Force Devices to Pair if Already Paired
If the selected device has already been paired with 
APx, force the device to pair.

Device Requires PIN
If the device requires a PIN, check this box and enter 
the PIN in the field to the right.

Profile
Connect to a select profile, or to select all profiles.

Codec Settings
This button opens the appropriate Codec Settings dia-
log for your configuration. See page 183. For legacy 
Bluetooth codecs, see page 200.

Note that later in the sequence, you can disconnect a 
device with a sequence step, or connect to a different 
device with a sequence step.
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Connect Bluetooth Device run-time 
prompt

This is a sequence run time prompt. If, when a 
sequence is started, no Bluetooth device is con-
nected, or Connect Bluetooth Device Settings asserts 
“Always Choose New Device”, the Connect Bluetooth 
Device prompt opens.

Connect Device Now
Select this choice to connect to the selected device 
immediately, when OK is clicked.

Device
Use this menu to select a Bluetooth device.

•None (if the Current Devices list is empty, this is 
the current condition).

•if the Current Devices list is populated, the discov-
ered devices are shown. Highlight a device to 
select it.

•Select New Device opens the Scan for Bluetooth 
Devices dialog to repopulate the Current Devices 
list. Click Scan for Devices, then highlight a device 
and click Select Device.

Force Devices to Pair if Already Paired
If this device has been previously paired using this 
project, force it to pair now.

Device Requires PIN
If the device requires a PIN, enter it here.

Profile
Choose the profile to be used for the immediate con-
nection.

Codec Settings
Edit codec settings.

Connect Device Later Using Sequence Steps
Select this choice to connect later in the sequence. Be 
sure to insert a Connect Bluetooth Device (page 665) 
step in a subsequent measurement, and configure the 
step for the Bluetooth device.

Scan for Bluetooth Devices run-
time prompt

This is a sequence run time dialog, called by the 
Select New Device choice from the Device menu on 
the Connect Bluetooth Device prompt.

Scan for Devices
This button initiates a scan to identify all the discover-
able Bluetooth devices within range. Discovered 
devices are shown and added to the Current Devices 
list.

Scan Duration
This setting limits the scan time to the value set. The 
maximum time is 48 seconds. The default is 10 sec-
onds.

Get Friendly Names
By default, APx asks for a device's friendly name. In 
automated processes, this process adds extra time. 
Uncheck this checkbox to disable this feature.

Filter Devices From Scan
You can filter the scan so only a certain Bluetooth 
Device Class will be shown. Click the Browse  but-
ton to open the Edit Device Class dialog. This feature 
is not supported by the Legacy Bluetooth Option.

Device Class
If a Device Class has been selected, it is displayed 
here. This feature is not supported by the Legacy Blue-
tooth Option.

Max Devices
You can limit the number of devices found in the scan 
here. The default is 10 devices. This feature is not 
supported by the Legacy Bluetooth Option.

Current Devices List
This list shows the devices discovered in the scan, 
along with information fields. Highlight a device row to 
configure the relationship. There are controls to pair 
or unpair the device.

Clear Devices
This opens a menu to removes all or a selection of 
devices from the list.

Pair
Pairing provides a way for devices to exchange link 
keys. To pair with a device, refer to the documentation 
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received with the device. To enable pairing, you will 
typically be required to execute a command or series 
of commands at the device. When pairing is enabled, 
select the device in the Current Devices List, and click 
Pair. A Pairing dialog box will open.

Some devices may require the exchange of a PIN 
code. The APx Bluetooth PIN code is set to 0000; a 
field in the pairing dialog allows input of a remote 
device's PIN code.

Pairing information is saved in the project, until the 
Current Devices List is cleared, or the until device is 
Unpaired.

Unpair
Unpairs the selected, previously paired device.

Select Device
In the Current Devices List, highlight the device and 
click Select Device.

Connect Bluetooth Device Step

This dialog is called by the Bluetooth sequence step 
Connect Bluetooth Device.

Other then the Step Name field, all the settings here 
are the same as those in the Connect Bluetooth 
Device Settings dialog, page 663.

Step Name
Enter a Step Name here.

See page 663 for complete descriptions for the rest of 
the settings choices in Connect Bluetooth Device step.

Disconnect Bluetooth Device Step

This step disconnects the connected Bluetooth device.

Set Transmit Power step

Set Transmit Power opens the Set Transmit Power step 
dialog, where you can set one of eight RF output trans-
mission power levels between –20 dBm and +8 dBm. 
The default is +4 dBm.

Click OK to place the step in the sequence.

The Set Transmit Power feature is not sup-
ported by the Legacy Bluetooth Option.

Enable Wideband Speech step

This step allows you to enable or disable Bluetooth 
mSBC Wideband Speech.

Note: HFP 1.7 wideband speech is only
available if the mSBC codec is supported by
your Bluetooth module hardware. See Leg-
acy Bluetooth Option for more information.

This step requires that a Bluetooth device is con-
nected.

Inserting an Enable Wideband Speech step
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Bluetooth > Enable Wideband Speech...

Step Name
Enter an optional Step Name here.

Wideband Speech
•If this checkbox is  checked, Wideband Speech 

is enabled.

•If it is not  checked, Wideband Speech is dis-
abled.
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Bluetooth Set Absolute Volume step

AVRCP Absolute Volume control features
are not supported by the Legacy Bluetooth
Option (see chapter 19).

Inserting a Set Absolute Volume step.
Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Bluetooth > AVRCP > Absolute Volume.

A2DP Source / AVRCP Target profile
When APx is configured as a source, you can add a 
step to a sequence to send an AVRCP absolute vol-
ume control command to the remote sink device. The 
range is 0 to 127.

A2DP Sink / AVRCP Controller profile
When APx is configured as a sink, you can add a step 
to a sequence to send an absolute volume status that 
the remote source device can read. The range is 0 to 
127.

HFP Hands Free action steps

Inserting an HFP Hands-Free Action step
The current Bluetooth profile must include
HFP Hands-Free.

Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Bluetooth > HFP Hands-Free >.

When using the HFP Hands Free profile (a sink pro-
file), the following actions are available:

•Answer

•Reject Call

•Hangup

•Open SCO

•Close SCO

•AT Command opens the AT Command Step dialog 
(see page 667)

Read more about Bluetooth Actions beginning on page 
188.

HFP Audio Gateway action steps

Inserting an HFP Audio Gateway step
The current Bluetooth profile must include
HFP Audio Gateway.

Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Bluetooth > HFP Audio Gateway >.

When using the HFP Audio Gateway profile (a source 
profile), the following actions are available: 

•Open SCO

•Dial

•Ring

•Close SCO

•Hangup

•AT Command opens the AT Command Step dialog 
(see page 667)

Read more about Bluetooth Actions beginning on page 
188.

HSP Headset action steps

Inserting an HSP Headset step
The current Bluetooth profile must include
HSP Headset.

Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Bluetooth > HSP Headset >.

When using the HSP Headset profile (a sink profile), 
the following actions are available:

•Custom

•Open SCO

•Close SCO

•AT Command opens the AT Command Step dialog 
(see page 667)
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Read more about Bluetooth Actions beginning on page 
188.

HSP Audio Gateway action steps

Inserting an HSP Audio Gateway step
The current Bluetooth profile must include
HSP Audio Gateway.

Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Bluetooth > HSP Audio Gateway >.

When using the HSP Audio Gateway profile (a source 
profile), the following actions are available: 

•Open SCO

•Close SCO

•Ring

•AT Command opens the AT Command Step dialog 
(see page 667)

Read more about Bluetooth Actions beginning on page 
188.

AVRCP Command action steps

Inserting an AVRCP Command step
The current Bluetooth profile must include
AVRCP Controller.

Expand the  Sequence Steps folder in a measure-
ment node in the Navigator, click  Add Step, and 
choose  Bluetooth > AVRCP Command >.

When using the AVRCP Controller profile (a sink pro-
file), the following commands are available to control 
the source device:

•Play

•Pause

•Stop

•Next Track

•Fast Forward

•Rewind

•Previous Track

•Volume Up

•Volume Down

•Mute

Read more about AVRCP Controller commands on 
page 191.

A2DP Source action steps

The current Bluetooth profile must include
A2DP Source.

When using the A2DP Source profile, the following 
A2DP commands are available: 

•Start Streaming

•Stop Streaming

Read more about A2DP on page 191.

AT Command step
When APx is set to any HFP or HSP Bluetooth profile, 
you can insert add an AT Command step to any mea-
surement in a sequence. To insert a step: expand the 

 Sequence Steps folder in a measurement node in 
the Navigator, click  Add Step, and choose  Blue-
tooth > [HSP] [HFP] > AT Command...

 The following dialog will open:

See page 190 for more information about AT com-
mands.

Step Name:
Enter an optional name for this step.

Command:
AT commands are widely used for controlling a GSM 
phone. Enter any valid AT command as a text string.
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Delay:
A device may receive an AT command and respond 
“OK” in a timely fashion, but may not be able to imme-
diately complete the requested action. APx delays the 
completion of the AT command step for the time 
entered in the Delay field. Valid entries are in the 
range of 0 seconds to 300 seconds; 1.5 seconds is 
the default.

Wait
Most AT commands have an expected OK, ERROR, or 
other response. Certain AT commands are unsolic-
ited, or are sent with no expectation of a response. 
APx will indicate an error if an AT command does not 
provide an expected response.

•Auto
If the sent command begins with “AT”, APx waits 
for an “OK” response, until a timeout of 10 sec-
onds. If the sent command is anything else, APx 
does not wait for a response.

•Wait for Response
APx waits for an “OK” response to any command, 
until a timeout of 10 seconds.

•Do Not Wait
APx does not wait for a response.

Using Pass / Fail Limits in an auto-
mated sequence
Automated testing is usually done in conjunction with 
Pass / Fail limits. A limit is a value you choose as a 
maximum or minimum acceptable value for a mea-
surement parameter.

You may, for example, require that no device channel 
have a signal-to-noise ratio less than 40 dB, or that 
the device’s frequency response never vary more than 
3 dB across a certain bandwidth. You can set limits in 
the signal-to-noise ratio and frequency response mea-
surements to reflect these requirements. When the 
sequence is run, tests that satisfy the limits are 
marked as Passed ; those that exceed the limits are 
marked as Failed .

Displaying a message on Pass/Fail
You can display a message to the operator at the end 
of a sequence in response to Pass/Fail. See page 
639.

Sending an Aux Control Out command on Pass/
Fail
You can set the Aux Control Out state at the end of a 
sequence in response to Pass/Fail. See page 670.

See page 793 for more information about creating 
limits.

Sequences and Settling
For single value measurements, settling is applied 
only as a measurement or sequence is Run.

Stepped Sweep measurements are always settled, 
and Continuous Sweep and Signal Analyzer measure-
ments are always unsettled.

See Chapter 103 for more information about settling.

Reports
The Report is the output document of a sequence. A 
report is generated when a sequence is run.

See Chapter 92 for more information about reports.

Production Test
A Production Test project is designed for product test-
ing in a manufacturing production facility. 

A project saved as a Production Test is always a locked 
project; the control to designate a project as a Produc-
tion Test is found on the Lock Project dialog.

Use case
For a Production Test, the assumption is made that 
two types of users will be interacting with the project: 
supervisors and operators.

Supervisors are typically managers or engineers who 
are authorized to design, verify and maintain the 
APx500 production test project. Supervisors have 
password access to unlock and modify the project.

Operators are individuals who run the production test 
project on the manufacturing floor. Operators do not 
have password access to the APx project, and are pre-
sented with a simplified interface of menus and 
prompts to test the manufactured products quickly, 
accurately and easily.

Edit Sequences dialog
You can add one or more sequences (up to 32) to a 
project from this dialog. You can set or edit a number 
of settings for each sequence here, including designa-
tion as a Production Test sequence.
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Edit Sequence: Sequences
All the sequences in the project are shown in the 
panel on the left.

Click  to add a sequence.

Click  to delete a highlighted sequence, click  to 
move a highlighted sequence up in the list, click  to 
move a highlighted sequence down the list. List order 
determines the order of the sequence buttons on the 
Production Test menu.

Edit Sequences: Name
You can rename the selected sequence here.

Edit Sequences: Production Test
The settings here determine the behavior of the 
selected sequence when run in Production Test mode.

Password required for this sequence
When the Production Test menu is displayed, only 
sequences that are not password protected are 
shown. Sequences that require a password are saved 
in the project, but they are not visible in the Produc-
tion Test menu, nor are they available to the operator. 
A supervisor must unlock the project to access a pass-
word-required sequence.

When all measurements in this sequence pass:
•Sequence ends and returns to the Production Test 

menu
The operator is presented with the full menu of 
choices.

•Sequence will run again when Next Device is 
pressed
The sequence that has just completed is the only 
available sequence. It will run again when the 
operator presses Next Device.

•Sequence runs again automatically without press-
ing Next Device

The sequence that has just completed will run 
again without pressing Next Device.

When a measurement in this sequence fails:
•Sequence ends and returns to Production Test 

menu
The operator is presented with the full menu of 
choices.

•Sequence will run again when Retry is pressed
The sequence that has just completed will run 
again when the operator presses Retry.

•Max Retries
This is the maximum number of retries 
allowed, set by the supervisor in the field 
here.

•Clear operator response variables for each 
retry
If this checkbox is unchecked, the current 
variables entered as operator responses are 
maintained. If the checkbox is checked, the 
variables entered as operator responses that 
are not marked Persist are cleared. The Per-
sist setting for operator response variables is 
set in the sequencer Prompt step (page 645).
Operator response variables marked Persist 
and all other variables (including user vari-
ables that are not operator responses) are 
maintained and not cleared.

Edit Sequences: Aux Control Sequence 
Settings
You can set a number of Aux Control settings related 
to this sequence. Click the Aux Control: Settings but-
ton to open the Aux Control Sequence Settings: Run 
(page 669) and Aux Control Sequence Settings: End 
(page 670) dialogs.

Aux Control Sequence Settings: Run tab

Running a Sequence with an Aux Control IN 
command
When this control is enabled, an Aux Control In com-
mand that satisfies the pattern set here will run the 
sequence.
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Check the Aux Control In Runs Sequence checkbox to 
enable this control.

Then, set the desired Aux Control In pattern in the con-
trol display. To do this, activate each bit you are inter-
ested in by setting a checkmark under the bit. Then let 
the desired state (0 or 1) for each activated bit. The 
state of bits that are not activated (unchecked, state 
shown as “X”) will be ignored for this control.

In the illustration above, the sequence will run when 
Aux Control In bit 8 is high (1) and bit 5 is low (0). The 
states of bits 7, 6, 4, 3, 2, and 1 are ignored.

Setting the initial state of Aux Control Out when 
a sequence begins
If you are using Aux Control Out in a sequence, the ini-
tial state of the Aux Control Out bits must be set to the 
desired pattern. If a sequence is repeated, the Aux 
Control Out bits must be reset to this pattern at the 
beginning of the repeating sequence. This control 
allows you to specify the initial state of Aux Control Out 
for the beginning of the sequence.

Set the desired Aux Control Out pattern in the control 
display When Sequence Begins, Set To:. To do this, 
activate each bit you are interested in by setting a 
checkmark under the bit. Then set the desired state (0 
or 1) for each activated bit. The state of bits that are 
not activated (unchecked, state shown as “X”) will be 
ignored for this control.

In the illustration above, at the beginning of the 
sequence Aux Control Out will be set as follows: bits 8 
and 7 are low (0), bits 4, 3, 2 and 1 are high (1). The 
states of bits 6 and 5 are ignored; their previous state 
is maintained. See Chapter 107 for more information 
about Aux Control.

Aux Control Sequence Settings: End tab

Setting the state of Aux Control Out when a 
sequence ends
A sequence can end three ways: it is canceled, or it 
ends successfully with all measurements passed, or it 
ends successfully with at least one measurement 
failed. Sequence Properties: End allows you to send 

an Aux Control Out command for any of these 
sequence results.

Set the desired Aux Control Out pattern in the control 
display for any of the three end states (All Measure-
ments Passed, Any Measurement Failed, Sequence 
Canceled).

To do this, activate each bit you are interested in by 
setting a checkmark under the bit. Then set the 
desired state (0 or 1) for each activated bit. The state 
of bits that are not activated (unchecked, state shown 
as “X”) will be ignored for this control.

In the illustration above, when the sequence ends with 
all measurements passed, Aux Control Out will be set 
as follows: bits 8 and 7 are low (0), bits 4, 3, 2 and 1 
are high (1). The states of bits 6 and 5 are ignored; 
their previous state is maintained. See Chapter 107 
for more information about Aux Control.

Edit Sequences: Sequence Log file
You can save variables (page 63) and production test 
statistics (page 670) for a sequence or a series of 
sequences in a log file.

Write Variables and Production Test Statistics to 
a Log File
Check this box to save variables and statistics for a 
sequence or a series of sequences in a log file.

File Name
When Write Variables and Statistics to a Log File is 
checked, you can enter a file name and path here. You 
can use variables in specifying the path by accessing 
the menu to the right of the entry field.

Choose Variables and Statistics
Click here to open the Choose Variables and Statis-
tics dialog.

Production Test Statistics
Production test statistics provide an organization with 
data to evaluate product production runs and the per-
formance of the production testing regimen.
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The statistical data can be written to the Sequence 
Log File (see page 670) for evaluation. You can 
choose to report any combination of these data types:

•Cycle Count
The number of times the sequence has been run 
since the project was loaded.

•Passed Count
The number of times the sequence was executed 
and passed since the project was loaded. This 
would also equal the number of devices passed 
assuming the user doesn’t run the same device 
again after it passes.

•Failed Count
The number of times the sequence was executed 
and failed since the project was loaded.

•Failed Device Count
The number of devices that failed to pass after all 
allowed retries are exhausted. 

Retry failures are not counted in this statis-
tic. Only failure of the final retry is counted.

•Passed on First Cycle Count
The number of devices that passed without a retry.

•Devices Tested
Total Number of devices tested = (Passed Count) + 
(Failed Device Count).

•First Pass Yield
First Pass Yield = (Passed on First Cycle Count) / 
(Devices Tested).

•Yield
Yield = (Passed Count) / Devices Tested

•Device Retry Count
Total number of sequence retries that were exe-
cuted for a particular device.  If the device passed 
on the first try the Device Retry Count will be 0.

•Total Retry Count 
The summation of Device Retry Counts since the 
project was loaded. 

•Error Count
The total number of APx Errors encountered during 
the sequence run since the project was loaded.

•Total Run Time
The total time spent running the sequence from 
beginning to end for all runs since the project was 
loaded.

•Min Run Time
The minimum time required for the sequence to 
run from beginning to end since the project was 
loaded.

•Max Run Time
The maximum time required for the sequence to 
run from beginning to end since the project was 
loaded.

•Average Run Time
The average time required for sequence run from 
beginning to end since the project was loaded.

Opening a project saved as a produc-
tion test
When a project has been saved as a Production Test, 
it opens showing the Production Test menu. A supervi-
sor with access to the project password can unlock 
the project to make changes; other users are con-
fined to running the sequences listed on the Produc-
tion Test menu.

The Production Test menu

The Production Test menu is shown when the project 
has been locked with a password and saved as a Pro-
duction Test. The menu has these features:

•A text prompt or greeting

•A list of available operator sequences in the proj-
ect. A sequence must have at least one measure-
ment and not be password protected to be shown 
in this list. This list may be empty.

•An Unlock button, for supervisor access to the 
project. The project password is required to unlock 
a project.

•An Exit App button, which closes the project and 
exits APx500.

The Production Test menu may be displayed with the 
APx500 user interface, or the APx500 user interface 
may be optionally suppressed by the supervisor so 
that only the Production Test menu appears.

The Production Test menu is designed by the supervi-
sor using the APx500 Navigator and Sequencer, and 
especially the Edit Sequences dialog, page 668.

The APx500 API
Automating APx500 with the APx500 
API
You can control APx500 from external programs by 
calling functions using the APx500 Application Pro-
gramming Interface (API). The APx500 User’s Manual 
does not cover use of the APx500 API; instead, refer to 
the documentation cited below.

We are currently supporting API automation for pro-
grammers using Visual Basic .NET, Visual C# .NET, and 
National Instruments’ LabVIEW programming environ-
ment. For more information about APx automation and 
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the APx API, go to http://ap.com/products/apx/auto-
mation.

Tools from Microsoft
Visual Basic.NET
To create or edit VB.NET programs, you will need a 
Visual Basic editor for the .NET framework, such as 
Microsoft Visual Studio or Microsoft Visual Basic 
Express Edition. 

Visual C#.NET
To create or edit Visual C# .NET programs, you will 
need a current version Visual C# editor for the .NET 
framework, such as Microsoft Visual Studio or Micro-
soft Visual C# Express Edition. 

Tools from Audio Precision
A Help guide called the APx API Programmer’s Refer-
ence Guide is installed with APx500.

Additionally, a tool called the API Browser is installed 
with APx500. The API Browser displays all the Objects, 
Enums, Obsolete APIs and New & Changed APIs in a 
hierarchical display. Documentation for each line is 
optionally available.

Both of these tools are available from the Windows 
Start Menu under Audio Precision.
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Reports

A report is the primary output of results from APx500 
measurements. A report is created when a Sequence 
is run, or when a measurement is made using the Run 
Selected Measurement command (found in the Navi-
gator context menu and the Project menu).

Report types
There are two types of report:

•the APx Default Layout report, a simple, largely 
fixed approach. See page 673.

•the Microsoft Word report, which can be custom-
ized. See page 674.

The report type can be selected from the Type list in 
the Edit Properties > General, described on page 675.

For a quick output document from a single
measurement view, see Printing and Export-
ing Results on page 677. 

Your choice of report type and options will greatly 
affect what results are reported and how the results 
are presented. The Microsoft Word report, though 
more complicated to use than APx Default Layout 
report, allows you to completely control the content 
and presentation of the results using embedded tags.

Report Properties
Right-click on the Report node in the Navigator to 
open the Edit Properties dialog box.

•You can select the report Type, and add a title or 
notes in the Edit Properties > General tab. See 
page 675.

•Reports can automatically be saved at the comple-
tion of a sequence. You can select Auto-Save 
options in the Edit Properties > Auto-Save tab. See 
page 675.

•You can select and format graphics to insert in 
your report in the Edit Properties > Logo tab. See 
page 676.

What's included in a report?
A report can include information about the APx instru-
ment used, the configuration of each signal path, and 
measurement results in detail (including graphic dis-
play of graphs and meters) or in a summary. Reports 
can include a title, a time stamp, notes, and selected 
images. Pass/Fail information is reported and can be 
used to filter the report content.

Viewing a report
If the Report node in the Navigator is checked, the 
report is shown at the completion of the sequence or 
measurement. If the node is not checked, the report is 
created but not shown. Click the Report node to show 
the report.

The APx Default Layout report is viewed in an APx500 
window. Navigation, printing, save to file and export-
ing controls are provided in a Toolbar in the viewing 
window.

The Microsoft Word report is viewed in an instance of 
Microsoft Word invoked by APx500. Navigation, for-
matting, save to file, printing, etc. are controlled from 
within Microsoft Word.

The APx Default Layout report 
type
The APx Default Layout report is the default report 
type. You can also select it by choosing APx Default 
Layout as the Type in the Edit Properties > General 
dialog (right-click on the Report node in the Naviga-
tor). See Edit Report Properties.

An APx Default Layout report takes the form of one or 
more 8.5" by 11"-formatted pages created within 
APx500 and initially displayed in an undocked APx500 
window. 

Once displayed, an APx Default Layout report can be 
printed to any printer installed for Microsoft Windows. 
Reports can also be exported to a *.PDF (Adobe Acro-
bat), *.html (HTML, or hypertext markup lan-
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guage),*.rtf (rich text format), *.xlsx (MS Excel 
spreadsheet) or *.txt (text) file. Reports can be format-
ted with custom margins and have a custom title and 
company logo or other image applied.

An APx Default Layout report can include measure-
ment setup and summary information, test results, 
pass / fail results (or only failed results), user prompts 
and meter bars or XY graphs.

APx Default Layout Report toolbar

•  Edit Properties opens the Edit Prop-
erties dialog box.
You can select the report Type, specify included 
information and set margins, show date, time or 
page numbers and add a title or notes in the Edit 
Properties > General tab. See page 675.

Reports can automatically be saved at the comple-
tion of a sequence. You can select Auto-Save 
options in the Edit Properties > Auto-Save tab. See 
page 675.

You can select and format graphics to insert in 
your report in the Edit Properties > Logo tab. See 
page 676.

•  Export opens the Export browser. Export your 
report to PDF, HTML, RTF, XLS or CSV.

•  Print opens the Windows Print dialog.

•  Find opens the Find dialog.

•  Single Page View sets the view to one page.

•  Multiple Page View sets the view to multiple 
pages.

•  Continuous Scroll enables vertical scrolling 
of pages. 

•  Zoom Out

•  Zoom In

•  Zoom menu

•  Previous Page

•  Next Page

•  Current Page Number

Microsoft Word Report
The APx Microsoft Word report type is an option that 
provides much more flexibility in the selection and pre-
sentation of results, compared to the APx Default Lay-
out report type. This is a more complicated approach, 
however, and requires some effort to properly format a 
custom layout to suit your needs.

Microsoft Word report layouts
This method applies a Contents Control tag to each 
report element (such as a result, result name, image, 
setting, etc.), and places the results and tags into an 
Microsoft Word layout file. A layout file acts as a tem-
plate, containing the Contents Control tags and the 
formatting for a custom report. APx provides a default 
layout for Microsoft Word; you can use this file as a 
starting point for your custom layouts. Once you have 
created and saved a custom layout file by editing the 
default layout, you can select it as your report layout in 
the future.

Select Microsoft Word as the Type in the Edit Proper-
ties > General dialog. See Edit Properties on page 
675.

Required software
To create or edit Microsoft Word reports, you must 
have Microsoft Word 2013 or Microsoft Word 2010 
installed on the PC. Microsoft Word 2003 and 2007 
are no longer supported. Specifics follow:

Tutorials for Microsoft Word 
reports
There are three tutorials in the APx500 online Help to 
instruct you in working with the Microsoft Word report 
feature. We recommend that you use the tutorials 
from within the Help file.
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Edit Properties: General tab

Choosing the Report Type
APx Default Layout

The APx Default Layout is the default report type 
selection. This choice creates a multipage report with 
graphics in the standard APx style that can be viewed 
in an APx window. You can export the report in a num-
ber of different formats. See APx Default Layout for 
detailed information about using this report type.

Microsoft Word 
The Microsoft Word report type requires more effort in 
formatting, but can be completely customized. See 
Microsoft Word report for detailed information about 
using this report type.

APx Default Layout: Report Options
Only Show Failed Measurement Results

Only failed measurement results are reported.

Include APx Instrument Information
Adds the APx Instrument ID, its adjustment date and 
the APx500 software version number.

Show Measurement Summary /
     Show Measurement Details
These controls combine to set the degree of detail 
needed for your report.

APx Default Layout: Margins
Margins for the Microsoft Word style are set
from within Microsoft Word.

Margins (inches)
Set page margins here. Units are inches. Defaults are 
1" on each side.

APx Default Layout: Other Settings
Show Date and Time

If this box is checked, the date and time that the 
report was generated is printed at the bottom of each 
page.

Show Page Numbers
If this box is checked, the page number is printed at 
the bottom of each page.

Microsoft Word report layout: Report 
Options
You can select a default or custom layout here and 
can open Word to edit the layout.

Both Layout types
Title
You can enter a report title with text of your choice. For 
the APx Default Layout, the title appears in the report 
title bar at the top of each page. For the Microsoft 
Word report type, the title appears in the “Title” tag.

Notes
You can enter notes for the report with text of your 
choice. The notes appear below the report title bar at 
the top of the first page.

You can replace the default title with text of your 
choice. The title appears in the report title bar at the 
top of each page.

Auto-Save Tab

Automatically Save Report When Sequence 
Completed
If this box is checked, the report is automatically 
saved to disk at the end of the sequence.
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Show Report
If you have checked Automatically Save Report When 
Sequence Completed, you can choose to also show 
the report on-screen when it is generated, or to save it 
without showing.

File Format
For APx Default Layout reports, choose the format for 
automatic report save here. Options are 

•PDF (Adobe Portable Document Format)

•HTML (Hypertext Markup Language)

•RTF (Rich Text Format)

•XLSX (Microsoft Excel spreadsheet)

•CSV (Comma Separated Value text; data only)

•MAT (Matlab formatted data)

For Microsoft Word reports, the format is 

•.docx

Saved File Path
Location
Choose the folder for the automatically saved reports 
here.

Automatically Generate File Name
If this box is checked, the APx500 project name is 
used as the file name for automatic report saving. A 
time/date stamp is added to the file name. For exam-
ple, a project named “My Project” and save on the 
afternoon of January 20, 2010 might have the name 
“My_Project_01_20_2010_15_14_04.docx”.

Note: in this case, avoid the characters \ / :
* ? " < > | in the Device ID. These are ille-
gal characters in a Windows file name, and
APx will replace these with underscores "_"
before saving.

Prompt for File Name Before Sequence Starts
If this box is checked, a prompt at the end of the 
sequence will query the user for a file name for the 
report (such as DUT serial number), for automatic 
report saving. 

Query to Display to User:
Enter the text for the user filename prompt query here.

Save File Using Prefix
This option will save the report with a prefix to the file 
name.

File Name Prefix
Enter the file name prefix here.

If Report File Exists
If the file already exists, you can select how Auto-Save 
behaves.

•Make a new file with a unique name
APx will add a number (1, 2, 3, etc.) to the end of 
the file name, incrementing the number by 1 with 
each save.

•Replace the file
APx will delete the previous file and save the new 
file with the same name.

•Append data to the file
Each save operation will append the new data to 
the end of the file.

•Update the data in the file (Microsoft Word reports 
only)
The file on disk will be opened, and new data will 
replace old data on a measurement-by-measure-
ment basis.
We recommend that you finalize your report layout 
before you use this feature. After the report is cre-
ated the first time, subsequent reports use the lay-
out in the file on disk. If you make layout changes 
(such as adding new tags), these changes will be 
ignored when the next report is generated. To save 
new layout changes, delete the report file on disk 
before creating a new report. Note that all the data 
in the old report file on disk will be lost.

Logo tab

You can place a logo or other image in your report. For 
the APx Default report style, the artwork is placed at 
the top of each report page, just below the report title 
bar. For the Microsoft Word report style, the artwork is 
placed at the “Logo” tag.

Logo
If an image file is loaded for this report, it is shown in 
the Logo field.

Image Size
If an image file is loaded for this report, its size in pix-
els is shown in the Image Size field.
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Delete
Click the Delete button to remove an image file from 
the report.

Browse
Click the Browse button to open a file browser. Navi-
gate to the image file you wish to select, and click 
Open. Supported image file types are *.bmp, *.jpg, 
*.gif, *.tif, *.png and *.ico.

Scale Image
You can reduce the size of the image in the report by 
setting Scale Image to less than 100%. Image aspect 
ratio is maintained when scaled. For the Microsoft 
Word report style, the artwork can be re-scaled in 
Word.

Alignment
You can choose whether the image is aligned to the 
left, the center, or the right of the report. For the Mic-
rosoft Word report style, the artwork can be re-aligned 
in Word.

About Image files
Image files are used by APx500 to display graphical 
images in Sequencer user prompts, or to display 
images such as company logos in reports. Image files 
are inserted for current use and are also attached to 
the project file.

Image files attached to the project but not currently in 
use can be removed by navigating to the dialog at File 
> Manage Attached Project Items. See page 59 for 
more about managing attached project items.

Supported image file formats...
•.bmp

•.jpg

•.jpeg

•.gif

•.tif

•.tiff

•.png

•.ico

Printing or Exporting Results
This feature only prints or exports results from the cur-
rent view. For more powerful reporting capabilities for 
measurements and entire sequences, see the APx 
Default Layout report on page 673, or the Microsoft 
Word report on page 674.

To print or export results of a single measurement 
view, navigate to the view, run the measurement and 
click Print/Export Results for this view  from the 
toolbar menu at the top of the meter bar or graph dis-
play. The results are settled for the report and are 
compared to limits, if set.

The Copy graph image to clipboard fea-
ture does not generate a set of printable
measurement results. It simply copies the
graph image to the Windows clipboard. This
image can then be pasted into another
application. If the data on screen is unset-
tled, the image that is copied is also unset-
tled.

The results are shown in an undocked APx500 win-
dow. Use the window’s Toolbar commands to navi-
gate, format or to print or export the results.

Toolbar

•  Edit Properties opens the Edit Prop-
erties dialog box.

You can set margins, show date, time or page 
numbers and add a title and notes in the Edit 
Properties > General tab.

You can select and format a graphic to insert in 
your results printout in the Edit Properties > Logo 
tab.

•  Export opens the Export browser. Export your 
report to PDF, HTML, RTF, XLS or CSV.

•  Print opens the Windows Print dialog.

•  Find opens the Find dialog.

•  Single Page View sets the view to one page.

•  Multiple Page View sets the view to multiple 
pages.

•  Continuous Scroll enables vertical scrolling 
of pages. 

•  Zoom Out

•  Zoom In

•  Zoom menu

•  Previous Page

•  Next Page

•  Current Page Number
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Bench Mode

For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

Overview
APx500 has two operating modes: Sequence Mode 
and Bench Mode, each with its own workspace. APx 
normally launches into Sequence Mode. You can 
switch to Bench Mode using the selector in the upper 
right corner of the workspace.

Sequence Mode and Bench mode use the same 
underlying measurement engines, and when config-
ured in the same way will provide identical results.

Bench Mode
Bench Mode is an alternative user interface intro-
duced in 2014. Unlike Sequence Mode, Bench Mode 
does not offer defined measurements. Instead, Bench 
Mode provides a set of tools that can be assembled 
and used in many different ways. AP2700 and APWIN 
users will recognize similarities between the Bench 
Mode paradigm and earlier Audio Precision control 
software. 

Bench Mode tools include many number bar graph 
meters that can each be set to one of over 12 signal 
parameters, real time monitors, and an extremely flex-
ible set of sweep engines for stepped sweep, FFT, time 
recorder, continuous sweep and acoustic response 
sweeps. X and Y axes can be set to a broad range of 
parameters, and nested sweeps are supported.

The Bench Mode Workspace consists of three col-
umns. The column to the left contains a collection of 
Signal Path Setup panels, very similar to the Signal 
Path Setup panels in Sequence Mode. The central col-
umn contains Generator and Analyzer settings. The 

right panel provides a selection of Tools displays, with 
a choice of meter, graph, sweep and other analysis 
tools.

Bench Mode Signal Path
Bench Mode supports only one signal path, and no 
Sequencer automation. There is no Navigator panel, 
since there are no Signal Paths nor sequenced mea-
surements to navigate, select, deselect or run.

The Signal Path Setup menus are in Bench Mode, so 
you can configure the Bench Mode signal path inputs, 
outputs, filtering, switchers and so on, just as you can 
for a Sequence Mode signal path.

Bench Mode Generator and Analyzer
In Sequence Mode, the generator and analyzer are 
always associated with a particular measurement, and 
are often constrained to waveforms and operations 
suited to that measurement. In Bench Mode, the Gen-
erator and Analyzer settings are largely independent 
from the Bench Mode measurements you may be 
using.

Bench Mode Measurements and tools
Bench Mode provides a collection of tools and mea-
surements. There are Signal Monitors, Meters, tools 
for initiation actions in a Bluetooth or HDMI or PDM or 
PDM 16 configuration, and stepped Sweep, FFT, 
Recorder, Continuous Sweep and Acoustic Response 
measurements, each with a large suite of selectable 
results and displays.

These tools and measurements are each very similar 
to tools and measurements in Sequence Mode, with a 
broader usability and application.

Hardware Support
Bench Mode and Sequence Mode support the same 
hardware, hardware options and accessories. Bench 
Mode offers slightly more capability in DCX-127 use, 
and in digital interface waveform analysis.
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The Bench Mode Workspace

Signal Path Setup
The Signal Path Setup panel and menus are located 
on the left of the Bench Mode workspace. The Signal 
Path Setup panel can be hidden.

With one exception, Signal Path Setup is identical to 
Signal Path Setup in Sequence Mode, with the same 
menus, controls and features. You can read about Sig-
nal Path Setup in Chapter 7.

Bench Mode Signal Path Setup excep-
tions
When Input Configuration is set to a digital input that 
supports interface waveform measurements, an Inter-
face Level reading field is available on the Sequence 
Mode Signal Path Setup I/O menu.

Digital Interface Level
Since there is a Digital Interface Meter available in 
Bench Mode, the Signal Path Setup reading field is 
unnecessary. 

DCX measurement settings
Sequence Mode provides these settings in the con-
text of the DCX measurements. In Bench Mode, the 
settings are on the Signal Path Setup DCX panel.

Generator

The Bench Mode Generator panel is located in the 
central set of panels in Bench Mode, above the Bench 
Mode analyzer panel. These panels can be hidden.

The generator is available throughout a Bench Mode 
session and can be adjusted at will. Three of the 
Bench Mode measurements (Sweep, Continuous 
Sweep and Acoustic Response) temporarily take con-
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trol of the generator to perform sweeps. When such 
sweeps are finished, the generator returns to its previ-
ous state.

On/Off
Turn the generator ON or OFF with this switch.

When OFF, the generator remains OFF unless an Auto 
On condition turns it on. When the Auto On condition 
ends, the generator reverts to OFF.

When ON, the generator remains on at its current set-
tings unless a sweep is in progress. The sweep tempo-
rarily takes control of the generator. When the sweep 
is finished, the generator returns to its previous state.

Auto On
When Auto On is selected and the generator is off, ini-
tializing a sweep will temporarily turn the generator 
on. When the sweep is finished, generator is turned 
off.

Waveform
Select the generator waveform here. See Chapter 6, 
Signal Generation, for a full description of available 
generator waveforms and controls, such as Level and 
Frequency. The available Waveform choices change by 
instrument hardware and Output Configuration.

Channels
Assign the generator to output channels. By default, 
all active output channels are selected.

Note that Output EQ and other settings in Signal Path 
Setup > Input/Output > Output Configuration will 
affect the generator signal output. See page 89 for 
more information about Output EQ.

Analyzer

The Bench Mode Analyzer panel is located in the cen-
tral set of panels in Bench Mode, below the Bench 
Mode generator panel. These panels can be hidden.

The analyzer settings are available throughout a 
Bench Mode session and can be adjusted at will. 
These settings are global within Bench Mode and 
affect all signal analysis.

Settled Readings
The meter readings that provide data to the Bench 
Mode Sweep and Recording measurements are set-
tled. Settling is a method to identify a meter reading 
that represents a measured parameter accurately, 
excluding spurious variations caused by stimulus 
changes or other transient phenomena. In Bench 
Mode, settling is a mechanism that provides stable, 
consistent results for the Sweep and Recorder tools. 
When multiple inputs are configured, there is a sepa-
rate Settling dialog available for each input. Read 
more about settling in Chapter 103.

Settings
Click the Settings button to open the Bench Mode Set-
tling dialog, described in detail beginning on page 
746. If more than one input has been configured, 
there will be a Settings button for each input. 

THD+N
For meters that measure THD+N (THD+N Ratio and 
THD+N Level), the notch tuning and weighting filters 
must be specified.

See More about THD+N for a discussion of the notch 
filter used in THD+N measurements.
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Notch Tuning
•Generator Frequency

The notch is tuned to the APx generator frequency. 
When the generator channels are outputting dif-
ferent frequencies (Split Frequency generation), 
the bandpass filter center is set to Frequency A.

•Jitter Generator Frequency
The notch is tuned to the current APx jitter genera-
tor frequency, when jitter generation is available 
and enabled. Read detailed information about jit-
ter generation and measurement beginning on 
page 104.

•Measured Frequency
The notch is tuned to the measured frequency. 
When the analyzer channels are receiving differ-
ent frequencies, the bandpass filter for each chan-
nel is centered on the frequency in that channel.

•Fixed Frequency
The notch is tuned to a fixed frequency selected by 
the user. When Fixed Frequency is selected, a Fil-
ter Freq: entry field becomes available beneath 
the Notch Tuning control.

Frequency
When Notch Tuning is set to Fixed Frequency, enter 
the desired frequency here.

Weighting
A choice of weighting filters can be applied to the 
THD+N meter:

•A-wt.

•B-wt.

•C-wt.

•CCIR-1k

•CCIR-2k

•CCITT

•C-message

Deemphasis filters are also included, for use with pre-
emphasized DUTs or stimulus signals.

•50us de-emph.

•75us de-emph.

•50us de-emph. + A-wt

•75us de-emph. + A-wt.

Notice that this is the same set of filters that can be 
applied to the overall input signal in Signal Path Setup 
> Input/Output. These filters are effectively in series, 
and are additive in their effect, which is rarely a 
desired result.

Also, consider that the Signal Path Setup > Input/Out-
put filters are applied to the entire signal, while the fil-
ters in this area are only applied to the THD+N meter, 
which displays the distortion residuals.

Read more about filters in APx in Chapter 102.

Bandpass Filter
The bandpass meter differs from the RMS Level meter 
only in that it follows a narrow bandpass filter. The 
bandpass filter width can be set using the Selectivity 
control and the center of the filter is set by the Tune 
Mode control.

Selectivity
The list is ordered from narrowest at the top to widest 
at the bottom.

•1/24 octave
This selection has -3 dB points that are 1/24th 
octave apart.

•1/12 octave
This selection has -3 dB points that are 1/12th 
octave apart.

•1/9 octave
This selection has -3 dB points that are 1/9th 
octave apart.

•1/6 octave
This selection has -3 dB points that are 1/6th 
octave apart.

•1/3 octave
This selection has -3 dB points that are 1/3rd 
octave apart.

•1 octave
This selection has -3 dB points that are 1 octave 
apart.

Tune Mode
•Generator Frequency

The center of the bandpass filter is tuned to the 
APx generator frequency. When the generator 
channels are outputting different frequencies 
(Split Frequency generation), the bandpass filter 
center is set to Frequency A.

•Jitter Generator Frequency
The center of the bandpass filter is tuned to the 
current APx jitter generator frequency, when jitter 
generation is available and enabled. Read 
detailed information about jitter generation and 
measurement beginning on page 104.

•Measured Frequency
The center of the bandpass filter is tuned to the 
measured frequency. 
When the analyzer channels are receiving differ-
ent frequencies, the bandpass filter for each chan-
nel is centered on the frequency in that channel.

•Fixed Frequency
The center of the bandpass filter is tuned to a 
fixed frequency selected by the user. When Fixed 
Frequency is selected, a Filter Freq: entry field 
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becomes available beneath the Tune Mode con-
trol.

Frequency
When Tune Mode is set to Fixed Frequency, enter the 
desired frequency here.

Reference Channel
For Phase or Level Ratio measurements, you must 
specify a reference channel.

Channel
Select the reference channel here.

IMD
IMD measurements require special analysis methods.

Type
Select the IMD analysis method here. You should 
match the analysis mode to the generator IMD wave-
form used for stimulus. MOD IMD analysis is not avail-
able in Bench Mode.

•SMPTE
This setting will analyze SMPTE and DIN IMD when 
used with an appropriate stimulus waveform.

•DFD
This setting will analyze DFD IMD when used with 
an appropriate stimulus waveform In Bench Mode, 
only the d2 result is reported.

•CCIF
This setting will analyze CCIF (ITU-R) IMD when 
used with an appropriate stimulus waveform. In 
Bench Mode, only the d2 result is reported.

•DIM
This setting will analyze DIM IMD when used with 
an appropriate stimulus waveform. Audio Preci-
sion System One, System Two, Cascade and 2700 
series instruments measured DIM differently than 
the U1...U9 or U4+U5 modes found in the APx 
Sequence Mode DIM measurements, using a com-
bination of analog filters and rms meters. In Bench 
Mode, DIM analysis uses Emulation mode analy-
sis, providing DIM results compatible with results 
from earlier Audio Precision instruments.

Measurements
There are six tabbed panels in the Measurements 
panel, each discussed in detail in the following chap-
ters.

•Monitors/Meters, Chapter 94.

•Sweep, Chapter 95.

•FFT, Chapter 96.

•Recorder, Chapter 97.

•Continuous Sweep, Chapter 98.

•Acoustic Response, Chapter 99.
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94

Monitors/Meters
(Bench Mode)

Overview
The initial Bench Mode view displays the Monitors and 
Meters, offering multiple real-time views of the ana-
lyzed input signals. When more than one input type is 
configured in Signal Path Setup, Monitors show views 
of all analyzed input signals.

Scope and FFT monitors
The Scope and FFT monitors are normally docked 
beneath the Monitors toolbar.

These are the same monitors that are used in 
Sequence Mode. They monitor the current analyzer 
inputs, displaying up to 16 channels, depending upon 
the input configuration. When undocked, additional 
monitor display controls are available. Read more 
about the Scope Monitor on page 65, and more about 
the FFT Monitor on page 65.

Undocking, Docking and Resizing
Click the Undock button  to move a monitor out of 
the Bench Mode workspace. An undocked monitor can 
be resized by grabbing any of the meter edges or cor-
ners with the mouse cursor and dragging. Click the 
Dock button  to return a monitor to the workspace. 
When undocked or opened these panels remain visi-
ble and available, even when other Bench Mode Tools, 
such as Sweep or Recorder are selected.

Meters
The meters are unique to Bench Mode. Each meter 
displays current readings as a numerical value and as 
a bar graph.

In a New Project, there are three meters shown:

•RMS Level

•Frequency

•THD+N Ratio
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The initial meters show readings from Input 1. If Input 
2 is configured, meters can be added to display read-
ings from that input. The meter titles identify the input 
when multiple inputs are configured in Signal Path 
Setup.

Adding a Meter
Click the Add Meter  button and select from the 
menu. You can add as many meters as you want, and 
you can have more than one meter that displays the 
same parameter. When more than one input type is 
configured in Signal Path Setup, you can select the 
meter for a specific input. Adding too many active 
meters, however, will slow system performance.

Available choices will vary with analyzer model, hard-
ware and Signal Path Setup configuration. Meters are 
linked to the input (Input 1 or Input 2), not the connec-
tor type on the input. This means that digital-specific 
meters can be added to an input that has analog con-
nector configured. The meter will show a message 
that the measurement is unavailable. When the input 
connector is configured with an input type supported 
by the meter, the meter will begin displaying data. See 
detailed descriptions of Bench Mode meters on page 
689.

Save Meter Data
Click Save Meter Data  to open a dialog to save the 
current data to a csv file. Enter (or browse to) the path 
and filename for the csv file. Click OK.

If the Append checkbox is checked, the latest data will 
be added to the end of the data in the csv file. If 
Append is unchecked, previously saved data (if any) is 
deleted and replaced with the data in the current save 
operation.

The data values are unsettled, and are taken from the 
readings at the moment the OK button in the Save 
Meter Data dialog is clicked.

Regulate
The Regulate feature allows you to perform a regula-
tion operation to find the parameter setting value that 
results in a specific reading value in a second parame-
ter. You may, for example, want to find the generator 
level that produces a certain amount of distortion in 
the DUT. Click the Regulate button  to open 
the Regulation Settings dialog. Read more about 
Bench Mode Regulation on page 691.

Arranging meters in the workspace
You can re-arrange docked meters by grabbing the 
meter title bar with the mouse cursor and dragging 
the meter to a new position.
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Channels
Each meter displays 2 channels. For configurations 
with more than 2 input channels, you can add meters 
and specify additional channels.

Limits
Limits can be set for either or both channels of any 
meter.

Editing Limits
In a Bench Mode meter, select Edit Limits from the  
Limits menu, or right-click on the meter and select the 
same from the context menu.

Clear Limits

To remove all limit points, select Clear Limits from the 
Limits menu  or from the right-click context menu.

Min/Max indicator
The bar graph display shows the current reading as a 
green bar. The excursion range of the bar graph is 
shown as a narrow black bar overlaying the green 
reading bar.

When the cursor is moved over the Min/Max indica-
tor, a Tool Tip shows the value of the minimum and 
maximum excursions.

The Min/Max indicator can be clear by clicking Reset 
MIn/Max in the Properties dialog.

Properties

Click the Edit Properties button  to open the Prop-
erties dialog.

Meter
The meter type is displayed here

Range
Autoscale
Autoscale sets the meter range around the current sig-
nal range.

Fixed
Fixed allows you to specify a fixed graph range by 
Upper and Lower range values.

Upper
Set the meter range upper value here.

Lower
Set the meter range lower value here.

Logarithmic / Linear
When Logarithmic is selected, the meter scale follows 
a logarithmic rule. When Linear is selected, the meter 
scale follows a linear rule. The logarithmic scale is not 
available for all units.

Reset Min/Max
Click this button to reset the Meter Min/Max display.

Bench Mode Meter Descriptions
Bandpass Level
The Bandpass Level meter differs from the RMS Level 
meter only in that it follows a narrow bandpass filter. 
See page 684 for information about setting the Bench 
Mode Analyzer Bandpass Filter.

Crest Factor
This meter calculates and displays the Crest Factor for 
the selected channels. Crest factor is the peak ampli-
tude of the waveform divided by the RMS value of the 
waveform, and is an indicator of the peakiness of a 
waveform.

DC Level
This meter reads the DC Level measured at the 
selected channels.

Frequency
This meter reads the frequency of the dominant tone 
in the signal at the selected channels.

Gain
This meter calculates and displays the gain in the 
selected channels. Gain is the ratio of the APx genera-
tor level to the level at the analyzer inputs.



Chapter 94: Monitors/Meters (Bench Mode)

690 APx500 User’s Manual

IMD Ratio
This meter reads intermodulation distortion ratio for 
the selected channels. The intermodulation type 
(SMPTE/DIN, DFD, CCIF or DIM) as selected by the 
IMD Type selector in the Bench Mode Analyzer panel. 
See page 685 for information about setting the Bench 
Mode Analyzer IMD Type filter.

Note: The Bench Mode IMD meter is dis-
abled when the system bandwidth is set
higher than 90 kHz. The IMD stimulus sig-
nals and distortion products all fall well
within the 90 kHz band, and overall system
performance is improved with this meter
disabled.

Peak Level
This meter reads the AC peak level for the selected 
channels. For a sine wave, the peak level is one-half 
the peak-to-peak level, and 1.41 times the RMS level.

Phase
This meter reads the interchannel phase between the 
selected channels and the Reference Channel. See 
page 685 for information about setting the Bench 
Mode Analyzer Reference Channel.

RMS Level
This meter displays the RMS Level read on the 
selected input channels. Read more about RMS Level 
beginning on page 812.

RMS Level Ratio
This meter displays the ratio of the RMS Level read on 
the selected input channels to the RMS Level on the 
selected Reference Channel. See page 685 for infor-
mation about setting the Bench Mode Analyzer Refer-
ence Channel.

SINAD
SINAD is a distortion ratio value, reciprocal of THD+N. 
Read more about SINAD beginning on page 590.

THD+N Level
THD+N Level displays the absolute RMS level of the 
THD+N residuals (the total signal with the fundamen-
tal removed) read on the selected input channels. 
Read more about THD+N beginning on page 619.

THD+N Ratio
THD+N Ratio displays the ratio of the THD+N residu-
als (the RMS value of the total signal with the funda-
mental removed) read on the selected input channels, 
to the RMS value of the total signal. Read more about 
THD+N beginning on page 619.

DC Level (DCX)
DC Level (DCX) displays the DC level measured by an 
optional Audio Precision DCX-127 Multifunction Mod-
ule, if connected. See page 44 for information about 
the DCX-127.

Resistance (DCX)
DC Resistance (DCX) displays the ohmic resistance 
measured by an optional Audio Precision DCX-127 
Multifunction Module, if connected. See page 44 for 
information about the DCX-127.

Average Jitter Level
This meter is only functional when the digital input 
measurement is set to Jitter. This meter uses an aver-
age detector, with the results scaled in peak units. 
See More about Jitter on page 106. 

Bits
The Bits Meter is only functional when the input is digi-
tal. The Bits Meter shows a bit-by-bit view of the 
embedded data in the digital signal audio word for 
each subframe. The two subframes correspond to 
Channel 1 and Channel 2.

In the bar display, the bits are numbered from the 
most significant bit (MSB, or bit 31 of the word) on the 
left, to the least significant bit (LSB, or bit 0 of the 
word) on the right. The Bits meter examines the signal 
in repeated periods of approximately 1/4 second.

When Active Bits is selected, the bar display indicates 
green for a bit that has changed state during the mea-
surement period, and black for a bit that has not. The 
hex display shows the hexadecimal value of the differ-
ence between the changed samples.

When Data Bits is selected, the indicators display 
green for a bit that is at data 1 at the moment of mea-
surement, and black for a bit that is at data 0. The hex 
display shows the hexadecimal value of the measured 
sample.

Digital Interface Level
The Digital Interface Level meter is only functional 
when the Advanced Digital I/O module is installed, 
and the input is Digital Balanced or Digital Unbal-
anced. This meter reads the peak-to-peak level of the 
electrical digital interface signal (carrier).

This signal is nominally between 2 Vpp and 7 Vpp for 
the balanced connection when terminated in 110 
ohms; it is nominally 1 Vpp for the professional unbal-
anced connection when terminated in 75 ohms; it is 
nominally 0.5 Vpp for the consumer unbalanced con-
nection when terminated in 75 ohms.

Error Rate
This meter reads the rate of bit errors in the embed-
ded audio of a digital signal. This meter requires a 
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stimulus signal that can be evaluated for bit-accuracy, 
which includes Bit Test, Constant Value, Walking Ones 
and Walking Zeros.

Input Sample Rate
This meter reads the input sample rate for digital 
inputs.

Regulation in Bench Mode
Bench Mode offers a regulation feature in the Moni-
tors/Meters panel, and as an option in the Sweep 
measurement. With the exception of the Start button, 
the dialogs are the same; both will be discussed in 
this topic. The dialogs are also similar to the Auto Gen 
Level regulation dialog (page 93), and to the Acoustic 
Output Level regulation dialog (page 97) in Signal Path 
Setup.

Monitors/Meters > Regulate
Regulation in the Bench Mode Monitors/Meters panel 
allows you to perform a regulation operation to find a 
parameter setting value, that results in a specific 
reading value in a second parameter. You may, for 
example, want to find the generator level that pro-
duces a certain amount of distortion in the DUT. 

Click Regulate to open the editing dialog.

Sweep Point Regulation
A regulation feature is also available for the Bench 
Mode Sweep. When the Sweep panel Regulate each 
point checkbox is checked, regulation is performed on 
every sweep point before it is displayed. Click the Edit 
Regulation Settings button  to open the editing dia-
log.

Edit Regulation Settings Dialog

When accessed from Monitors/Meters, the Regula-
tion Settings dialog includes a Start button. When 
accessed from the Sweep panel, regulation is auto-
matically started at each sweep point.

Regulate:
This control selects the parameter in the DUT output 
you want to regulate. For example, if you are search-
ing for the generator level that results in a specific 
THD+N Ratio value (the Target, Min or Max Value), 
select THD+N Ratio here. Choose from 

•Bandpass Level

•Crest Factor

•DC Level

•DC Level (DCX)

•Frequency

•Gain

•IMD Ratio

•Input Sample Rate

•Peak Level

•Phase

•Resistance (DCX)

•RMS Level

•RMS Level Ratio

•SINAD

•THD+N Level

•THD+N Ratio



Chapter 94: Monitors/Meters (Bench Mode)

692 APx500 User’s Manual

Input:
This control is available if there are multiple input 
types configured. It sets the input for regulation to use 
when attempting to find the target value.

To:
This control selects the value you want to attain in the 
regulated parameter. Choose

Target Value
Find a specific Target Value, set in the following field.

•Maximum Value
Find the Maximum Value

•Minimum Value
Find the Minimum Value

•Target Value:
If Target Value is selected in the previous control, 
enter the value you want to attain here.

On:
This control selects the DUT channel to be regulated. 
Choose

•Channel with the highest value
All available analyzer input channels are moni-
tored, and the channel with the highest value of 
the regulation parameter chosen in Regulate (see 
above) is selected for regulation purposes. 

•Channel with the lowest value
All available analyzer input channels are moni-
tored, and the channel with the lowest value of the 
regulation parameter chosen in Regulate (see 
above) is selected for regulation purposes. 

•Specific channel
Choose one of the available analyzer input chan-
nels.

Channel
If On is set to Specific Channel, select the input chan-
nel here.

Adjust:
The Adjust control selects the APx controlled parame-
ter that will be adjusted to find the regulated DUT 
parameter. Choose from:

•Gen Level

•Gen Offset

•Jitter Frequency

•Jitter Level (UI)

•Jitter Level (sec)

•DCX DCV1 Level

•DCX DCV2 Level

Start Value:
The Start Value is the first parameter setting where a 
measurement is made. If it is lower than the Stop 
Value, then it is also the lowest parameter setting 

where a measurement is made. If it is higher than the 
Stop Value, then it is the highest parameter setting 
where a measurement is made.

The regulation search proceeds from Start
Value to Stop Value; your choices for these
values determine the direction (up or down)
of the search.

Stop Value:
If the Stop Value is higher than the Start Value, then 
the Stop Value is the highest parameter setting where 
a measurement is made. If the Stop Value is lower 
than the Start Value, then the Stop Value is the low-
est parameter setting where a measurement is made. 
The Stop Value is also the last parameter setting 
where a measurement is made in the initial search for 
an interval containing a measured value of the type 
that is sought.

For voltages, the higher of Start Value or
Stop Value also serves to limit the maxi-
mum APx voltage, protecting your DUT.

Initial Steps:
Initial Steps sets the number of intervals dividing the 
parameter level range between Start Value and Stop 
Value. The default setting is 2. Depending upon the 
parameter to be regulated and characteristics of the 
DUT, greater values may provide better performance.

Frequency:
The Frequency control sets the APx generator fre-
quency for regulation.

Read more about regulation on page 567 for a 
detailed discussion of these methods. 

Note: Distortion measurements such as
THD+N benefit from filtering. When regulat-
ing THD+N, consider using the Input Filters
in Signal Path Setup > Input/Output to filter
the signal used for regulation. Suggested fil-
ters are High-pass: 20 Hz, Low-pass: 22
kHz. Remember to reset the filters when
you continue to other measurements. See
Bandwidth Limiting and Weighting Filters
for more information.

See Measurement Filters on page 733 for
detailed information about the filters avail-
able locally for some measurements.
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Progress view
During regulation, the adjusted parameter setting is 
highlighted on-screen, and a progress dialog or prog-
ress bar comments on the settings as they are varied.

When regulation is successful in a Monitors/Meters 
operation, the desired value for the regulated parame-
ter is attained, and the adjusted parameter setting 
retains the adjusted value. When regulation is suc-
cessful in a sweep point operation, the point is plot-
ted and the sweep moves to the next point.

When regulation is unsuccessful, an error message is 
displayed.
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Sweep
(Bench Mode)

For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

Read about the Bench Mode workspace, Generator 
and Analyzer panels in Chapter 93.

Overview
Bench Mode Sweep is a general-purpose stepped-
sweep engine that sweeps a primary source parame-
ter (on the X axis) in a number of steps, providing a 
graph of the response of one or two result parame-
ters (on the Y axes). Typical sweeps are a frequency 
response sweep, where the generator frequency is 
swept across the audio band while the DUT’s output 
level is graphed, or a level response sweep, where the 
generator level is swept across the DUT’s range, while 
the DUT THD+N is graphed.

Sweep in Bench Mode can be considered a combina-
tion of the Stepped Frequency Sweep and Stepped 
Level Sweep as presented in Sequence Mode, with 
some Bench Mode changes and additions. You can 
read more about these measurements in Chapters 85 
and 86.

Generator and Analyzer settings
In Bench Mode, these settings are made in the Gener-
ator and Analyzer panels. See pages 682 and 683.

Nested Sweeps
A Bench Mode Sweep can be run iteratively at differ-
ent steps of an additional parameter (the secondary 
source) in what is referred to as a nested sweep. See 
Nesting, below on page 698.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-

puts, references and other settings. Read about the 
Signal Path Setup menu in Chapter 7.

Start
To make a sweep, click Start. The Sweep will start at 
the first point and continue until the results for the 
last point are plotted.
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For File Input configuration, the Start but-
ton becomes the Analyze button.

Repeat
When the Repeat checkbox is checked, the sweep (or 
nested sweep) repeats continually. Unchecking the 
Repeat checkbox or clicking Stop will cancel Repeat. 

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Primary Source
Select the primary sweep source here. This is the 
parameter that will be swept and plotted on the X-axis. 
Available choices are dependent upon instrument 
hardware, options, Input/Output settings and Bench 
Mode Generator settings. Choices may include:

Output Sample Rate is only available when Output 
Configuration > Connector is set to a digital output.

If Output Configuration > Connector is set to
None (External), or Input Configuration >
Connector is set to a File input, Primary
Source options are different and you must
use a Sweep Table. Read about using
Sweep Tables beginning on page 599.

Start
Set the sweep start value here.

Stop
Set the sweep stop value here.

Sweep
Choose

•Logarithmic point spacing

•Linear point spacing

•Custom
Click Edit to open the Data Points dialog, where 
you can set points arbitrarily, or load or save 
sweep table files.

Some Primary Sources allow only Linear
spacing.

Points
Set the number of sweep points here.

Edit
Open the Data Points dialog to edit, import or export 
the sweep points table.

Step Size
For Linear sweeps, enter the Step Size here.

Regulate each point
Check this box to regulate each sweep point accord-
ing to the settings in the Regulation Settings dialog, 
discussed below on page 698. Click the Edit...  but-
ton to open the dialog.

Results
In Bench Mode Sweep, Primary results consist of a 
Bench Mode meter reading (the Data) on the left or 
right Y-axis, and a Bench Mode sweep Primary Source 
on the X-Axis. See Bench Mode Meter descriptions in 
Chapter 94.

There is an exception to this rule: when the Primary 
Source is set to Generator Level, four additional 
results are available, all providing the option of plot-
ting the measured level (rather than the generator 
level) on the X-axis.

Derived results are computed from the Primary results 
and can be displayed individually on a graph or on the 
right Y axis of a source result graph. See Derived 
Results on page 773.

Initially, only one result (RMS Level) is set, plotted as 
Data1 on the left Y axis of the graph.

To add more primary results to the left axis, click the 
 Add New Results button and select Primary 

Results..., which opens the Add Primary Results dia-
log. Select one or more results to add and click on the 
Add To... button to add the results.

Results can be added for a specific input or
all inputs. When results from multiple inputs
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are included in the grid and on the Selector
filmstrip, the connector name is included in
the label and the tool tip for the result.

To add a primary or derived result to the right axis, 
open the Data2 (Right) menu for a given existing 
Data1 result, and select Primary Result... or Derived 
Result..., which opens the corresponding result dialog.

Available choices will vary with analyzer model, hard-
ware and Signal Path Setup configuration. Choices 
may include:

The “vs Measured Level” results are only
available when the Primary Source is Gen-
erator Level.

Remove a row by clicking the Delete button. Both left 
and right axis results are removed. Results can also 
be added or deleted from the Selector filmstrip.

See Chapter 104 for more information on Results and 
Chapter 105 for more information about Derived 
Results.

Typical Result Display

Settling
If Settling is enabled in the Settling dialog (Analyzer > 
Settled Readings > Settings...), the data for each point 
in the sweep is settled before plotting. Read more 
about Settling in Bench Mode beginning on page 683.

Reading Rate
Sweep uses a software meter to (RMS Level, for exam-
ple) to read the value of the input signal for each 
selected result at each sweep step. Reading Rate sets 
a maximum number of times the input signal will be 
read per second. The default for Sweep is Auto. 

In most cases the number of readings will be very 
close to the specified value. However, the rate is 
dependent upon PC performance and channel count, 
and may be lower. Read more about Reading Rate 
beginning on page 234.

Pre-Sweep Delay
If the generator is off when the Sweep started, you 
may want to delay the beginning of the sweep to allow 
any transients to dissipate, or to allow the DUT to 
warm to some nominal operating temperature. Enter a 
delay time between 0 seconds and 5 seconds in the 
Pre-Sweep Delay field.

Track Input
When using a sweep table (in External Source output 
or when specifying a waveform file) with multiple 
inputs, you must identify the input for the analyzer to 
track. This selection is only available when multiple 
inputs have been configured.

Track Channel
When using a sweep table (in External Source, Gener-
ator Waveform or File Input configurations), the ana-
lyzer must determine the relation of the incoming 

Data 1 Menu Data 2 Menu
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signal to the sweep table. When Auto is selected, the 
analyzer does this automatically.

Alternatively, you can select a specific input channel 
for the analyzer to use for sweep tracking.

Nesting
Bench Mode sweeps can be nested. See Nested 
Sweeps on page 235.

Secondary Source
Select the secondary sweep source here. This is the 
outside, nesting parameter that is varied to change 
the conditions for the primary sweep through a num-
ber of iterations. Available choices are dependent 
upon instrument hardware, options, Input/Output set-
tings and Bench Mode Generator and other settings.

Sweep Point Regulation
A regulation feature is available for the Bench Mode 
Sweep, and also for the Bench Mode Meters/Moni-
tors panel. With the exception of the Start button, the 
dialogs are the same; both are discussed in the topic 
on page 691.
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FFT
(Bench Mode)

For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

Read about the Bench Mode workspace, Generator 
and Analyzer panels in Chapter 93.

Overview
Bench Mode FFT is a general purpose diagnostic tool 
that uses a high-resolution FFT technique to provide 
several different display results. Read More About 
FFTs beginning on page 583.

FFT in Bench Mode is essentially the same as the Sig-
nal Analyzer measurement that is presented in 
Sequence Mode, with some Bench Mode additions. 
Read more about the Signal Analyzer in Chapter 82.

Generator and Analyzer settings
In Bench Mode, these settings are made in the Gener-
ator and Analyzer panels. See pages 682 and 683.

Nested Sweeps
A Bench Mode FFT can be run iteratively at different 
steps of a fourth parameter (the secondary source) in 
what is referred to as a nested sweep. See Nesting, 
below on page 702.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. Read about the 
Signal Path Setup menu in Chapter 7.

Start
To run FFT, click Start. The signal selected in the Gen-
erator (if any) will be applied to the DUT, and an FFT of 
the DUT’s output will be graphed here.

Repeat
When the Repeat checkbox is checked, the FFT acqui-
sition (or nested acquisitions) repeats continually. 
Unchecking the Repeat checkbox or clicking Stop will 
cancel Repeat.
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Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Acq. Length
Set the acquisition length here, in seconds or in sam-
ples. Auto, the default, sets the acquisition length to 
match the FFT length.

FFT Length
Set the FFT record length here. Options from 256 
points to 1.2M points are available, depending upon 
the number of channels in use; default is 16K points.

FFT Window
FFT acquisitions must either be synchronous or have 
one of a number of amplitude windows applied to pro-
vide useful data for interpretation. Each window func-
tion brings advantages and disadvantages. The 
default selection, AP-Equiripple, is a proprietary Audio 
Precision FFT window that is an excellent choice for 
most FFT measurements.

Read about FFT windows beginning on page 583.

Trigger
•Free Run

When trigger is set to Free Run, the acquisition 
begins when the Start button is clicked, plus any 
time or sample count set in Delay. 

•+0 Crossing 
When trigger is set to +0 Crossing, the acquisition 
begins at the input waveform’s first positive-going 
zero crossing after any time or sample count set in 
Delay, for the input channel selected.

•Generator 

•When Trigger is set to Generator and Genera-
tor Waveform is set to Sine (High Performance 
Sine Generator), the acquisition begins at the 
waveform’s first positive peak plus any time or 
sample count set in Delay. For the High Perfor-
mance Sine Generator, if the Delay time is set 
in samples it is scaled to the input sample 
rate.

•When Trigger is set to Generator and Genera-
tor Waveform is set to Sine (DAC), the acquisi-
tion begins at the waveform’s first positive-

going zero crossing plus any time or sample 
count set in Delay.

• When Trigger is set to Generator and Genera-
tor Waveform is set to Square, the acquisition 
begins at the waveform’s first rising edge plus 
any time or sample count set in Delay.

•When Trigger is set to Generator and Genera-
tor Waveform is set to Noise, the acquisition 
will not trigger.

•When Trigger is set to Generator and Genera-
tor Waveform is set to File, the acquisition 
begins at the file’s first sample, plus any time 
or sample count set in Delay. A trigger is gen-
erated each time the file loops back to its first 
sample.

•External
External is only available for analyzers equipped 
with the Advanced Master Clock. The acquisition 
begins at the first trigger pulse received at the 
rear-panel Trigger In BNC connector plus any time 
or sample count set in Delay. Set the Trigger Input 
in Signal Path Setup > Triggers to the desired volt-
age threshold and pulse edge.

Averages
For non-periodic waveforms such as noise, averaging 
multiple acquisitions can provide a more useful view. 
By setting Averages to more than 1, you can specify 
how many acquisitions to average. Default is 1; maxi-
mum is 1000.

•Power
The scope result does not use power averaging. 
Power averaging affects only the frequency 
domain results. 

•Synchronous
When Trigger is set to Generator, Synchronous 
Averaging is an option. Synchronous averaging 
affects both the time domain and the frequency 
domain results. 

Read More About Averaging beginning on page 584.

Max Hold and Min Hold are not averaging
functions, but use the multiple acquisitions
available to the Averages feature to find
maximum or minimum values for each FFT
bin.

•Max Hold
Max Hold displays the highest value for each bin 
found in all the acquisitions set in Averages. As the 
acquisitions progress, the value in each bin can 
only go up.
The scope result does not use Max Hold. This 
selection only affects the frequency domain 
results.
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•Min Hold
Min Hold displays the lowest value for each bin 
found in all the acquisitions set in Averages. As the 
acquisitions progress, the value in each bin can 
only go down.
The scope result does not use Min Hold. This 
selection only affects the frequency domain 
results.

Delay (s) / Delay Samples
The Delay (s)/Delay Samples setting allows you to 
delay the acquisition by a specific period of time or a 
specific number of samples relative to the measure-
ment Start or a trigger event, as described in Trigger.

This is sometimes necessary to avoid analysis of spuri-
ous signals created when using a coded generator file 
with a DUT that requires some time to match the 
coded format, or to allow the filter to settle when AC 
coupled. 

For Delay (s), enter the delay in seconds. Minimum 
time is 0.0 s; maximum is 60.0 s; the default is 250 
ms.

If Trigger is set to Generator, you can choose to enter 
the delay in Samples rather than seconds. Minimum 
sample count is 0; maximum is 12,960,000.

Signal
The APx515 does not support the PDM I/O
module.

The Signal field is only available when Input Connec-
tor in Signal Path Setup is set to PDM on Input 1 and 
no other inputs are configured.

•Decimated Audio
The decimated PDM audio (at the baseband sam-
ple rate and bandwidth) is the input signal.

•PDM Bitstream
The PDM bitstream (at the PDM bit clock rate and 
bandwidth) is the input signal. This is useful to 
view the out-of-band noise and other components 
of the PDM bitstream.

Note: When the PDM input decimation is set
to x1, (see Settings for PDM Input on page
211) the PDM signal is not decimated. In
that case, either of the Signal selections in
the Signal Analyzer will present the undeci-
mated PDM bitstream for the analyzer
acquisition.

Results
In Bench Mode FFT, Primary results consist one of four 
FFT results on the left or right Y-axis. The X-axis is 
scaled in the result domain (either frequency domain 
or time domain).

Derived results are computed from the Primary results 
and can be displayed individually on a graph or on the 
right Y axis of a source result graph. See Derived 
Results on page 773.

Initially, only two results are set, plotted as Data1 on 
the left Y axis of the graph.

To add more primary results to the left axis, click the 
 Add New Results button and select Primary 

Results..., which opens the Add Primary Results dia-
log. Select one or more results to add and click on the 
Add To... button to add the results.

Results can be added for a specific input or
all inputs. When results from multiple inputs
are included in the grid and on the Selector
filmstrip, the connector name is included in
the label and the tool tip for the result.

To add a primary or derived result to the right axis, 
open the Data2 (Right) menu for a given existing 
Data1 result, and select Primary Result... or Derived 
Result..., which opens the Primary Result or Derived 
Result dialog.

Choices include:

Remove a row by clicking the Delete button. Both left 
and right axis results are removed. Results can also 
be added or deleted from the Selector filmstrip.

See Chapter 104 for more information on Results and 
Chapter 105 for more information about Derived 
Results.
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Typical Result Displays

Spectrum and scope result displays.

Settling
FFT results are always unsettled.

Save To File
You can record the audio signal to a computer file as 
the signal is being acquired. Click Save to File before 
you run the measurement recorder. See Recording 
Audio to a File on page 467 for detailed information.

File Settings
When saving a audio signal to a file, click File Settings 
to specify the file name and location.

Nesting
Bench Mode FFTs can be nested. See Nested Sweeps 
on page 235.

Secondary Source
Select the secondary sweep source here. This is the 
outside, nesting parameter that is varied to change 
the conditions for the recording through a number of 
iterations. Available choices are dependent upon 
instrument hardware, options, Input/Output settings 
and Bench Mode Generator and other settings.

BM FFT.fm
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Recorder
(Bench Mode)

For some APx analyzers, Bench Mode
requires a software option key. See page
241 for more information about software
options.

Read about the Bench Mode workspace, Generator 
and Analyzer panels in Chapter 93.

Overview
Bench Mode Recorder is a general-purpose diagnos-
tic tool that provides a record of a number of measure-
ments versus elapsed time. The record can be very 
long (up to one week), providing a means of monitor-
ing the output of a device under test over an extended 
period of time. The Recorder does not require a spe-
cific test signal. It can be used with any audio signal 
within the input range of the analyzer, or with no sig-
nal.

The Recorder also provides a means of recording the 
audio acquisition to a file. See Save to File, below on 
page 705.

Recorder in Bench Mode is similar to Measurement 
Recorder presented in Sequence Mode, with some 
Bench Mode changes and additions. You can read 
about the Measurement Recorder in Chapter 65.

Generator and Analyzer settings
In Bench Mode, these settings are made in the Gener-
ator and Analyzer panels. See pages 682 and 683.

Nested Sweeps
A Bench Mode Sweep can be run iteratively at differ-
ent steps of an additional parameter (the secondary 
source) in what is referred to as a nested sweep. See 
Nesting, below on page 705.

Operation
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings.

 

Read about the Signal Path Setup menu in Chapter 7.

Start
To make a measurement recording, click Start. The 
measurement recording will begin and the graph will 
display as the record is acquired. The record will con-
tinue until the end time set in Fixed Time, or until Stop 
is pushed.

Note: For digital inputs, sample rate must
be stable before the Recorder begins. When
playing a digital external source (such as a
DVD), we advise that you start the playback
device first, then click the Recorder Start
button.
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Repeat
When the Repeat checkbox is checked, the recording 
(or nested sweep) repeats continually. Unchecking the 
Repeat checkbox or clicking Stop will cancel Repeat.

Note: if Append Graph Data is checked
while Repeat is set, a great deal of data will
be quickly amassed and the computer
memory or storage may be overwhelmed.

Append Graph Data
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is 
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Primary Source
For the Bench Mode Recorder, the Primary Source 
plotted on the graph X-axis is always Time, in seconds 
(s).

Fixed Time
Fixed Time sets the length of the measurement 
record. Minimum time is 0.1 s, maximum time is 7 
days, or 12 million points at the selected reading rate, 
whichever is less.

Enter the desired time in the Fixed Time field follow-
ing this pattern:

d:hh:mm:ss.s

where d = days, hh = hours, mm = minutes, ss = sec-
onds. Days and fractional seconds are optional.

Run Until Stop
This selection will record until 12 million points are 
acquired, unless Stop is clicked.

Reading Rate
Recorder uses a software meter to (RMS Level, for 
example) to read the value of the input signal for each 
selected result at each sweep step. Reading Rate sets 
a maximum number of times the input signal will be 
read per second. The default for Recorder is 32/sec.

In most cases the number of readings will be very 
close to the specified value. However, the rate is 
dependent upon PC performance and channel count, 
and may be lower. Read more about Reading Rate 
beginning on page 234.

Pre-Sweep Delay
If the generator is off when the Recorder is started, 
you may want to delay the beginning of the recording 
to allow any transients to dissipate, or to allow the 
DUT to warm to some nominal operating temperature. 
Enter a delay time between 0 seconds and 5 seconds 
in the Pre-Sweep Delay field.

Make Settled Readings
Settling parameters are set in the Settling dialog avail-
able in the Bench Mode Analyzer panel. You can 
engage or disengage settling for the Recorder here. 
When multiple simultaneous input types are config-
ured, there is a separate Settling dialog available for 
each input. When the Make Settled Readings check-
box is checked, every Recorder reading is settled, 
which can slow the result display, depending upon 
Settling settings and the nature of the incoming sig-
nal. Read about Settling in Bench Mode beginning on 
page 683.

When the Make Settled Readings checkbox is 
unchecked, the raw, unsettled data is plotted.

Results
In Bench Mode Recorder, Primary results consist of a 
Bench Mode meter reading (the Data) on the left or 
right Y-axis, and Time on the X-Axis. See Bench Mode 
Meter descriptions in Chapter 94. 

Derived results are computed from the Primary results 
and can be displayed individually on a graph or on the 
right Y axis of a source result graph. See Derived 
Results on page 773.

Initially, only one result (RMS Level) is set, plotted as 
Data1 on the left Y axis of the graph.

To add more primary results to the left axis, click the 
 Add New Results button and select Primary 

Results..., which opens the Add Primary Results dia-
log. Select one or more results to add and click on the 
Add To... button to add the results.

Results can be added for a specific input or
all inputs. If only a single input is config-
ured, a second input can be added as None
(Input 2) and configured later. When results
from multiple inputs are included in the grid
and on the Selector filmstrip, the connector
name is included in the label and the tool
tip for the result.
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To add a primary or derived result to the right axis, 
open the Data2 (Right) menu for a given existing 
Data1 result, and select Primary Result... or Derived 
Result..., which opens the Primary Result or Derived 
Result dialog.

Available choices will vary with analyzer model, hard-
ware and Signal Path Setup configuration. Choices 
may include:

Remove a row by clicking the Delete button. Both left 
and right axis results are removed. Results can also 
be added or deleted from the Selector filmstrip.

See Chapter 104 for more information on Results and 
Chapter 105 for more information about Derived 
Results.

Typical Result Displays

These results show a 10 second recording of Level 
and THD+N results, while the DUT gain is increased.

Save To File
You can record the audio signal to a computer file as 
the signal is being acquired. Click Save to File before 
you run the measurement recorder. See Recording 
Audio to a File on page 467 for detailed information.

File Settings
When saving a audio signal to a file, click File Settings 
to specify the file name and location.

Nesting
Bench Mode Recorder Fixed Time records can be 
nested. Run Until Stop records cannot be nested. See 
Nested Sweeps on page 235.

Secondary Source
Select the secondary sweep source here. This is the 
outside, nesting parameter that is varied to change 
the conditions for the recording through a number of 
iterations. Available choices are dependent upon 
instrument hardware, options, Input/Output settings 
and Bench Mode Generator and other settings.
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Continuous Sweep
(Bench Mode)

For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

Read about the Bench Mode workspace, Generator 
and Analyzer panels in Chapter 93.

Overview
Continuous Sweep in Bench Mode is essentially the 
same measurement that is presented in Sequence 
Mode, with some Bench Mode additions.

Continuous Sweep is a chirp-based measurement, 
using a brief Farina log-swept sine “chirp” stimulus 
that moves continuously across a specified range of 
frequencies. The DUT output is acquired by the ana-
lyzer and is mathematically deconvolved to provide a 
number of results. For more information about chirp-
based measurements, go to page 315.

Continuous Sweep measurements can be made in 
closed loop or open loop configurations. The controls 
for closed loop operation begin here. The controls for 
open loop operation begin on page 710.

Signal Path Setup configuration
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Continuous Sweep measurements, in earlier imple-
mentations, have only supported closed loop configu-
rations. With APx500 4.6 or later, open loop 
configurations such as None (External) or File Input 
are supported. Read more about Closed Loop and 
Open Loop configurations beginning in Chapter 24.

Closed Loop Configuration
Continuous Sweep Results
Continuous Sweep results available in APx500 are:

† This result is not available in Closed Loop Configura-
tion.

Operation, Closed Loop
See the illustration on the next page.

Closed Loop is the conventional Continuous Sweep 
configuration, with behavior that will be familiar to APx 
users.

Start 
Click the Start button to run the measurement and 
read the results.

Repeat  checkbox
When the Repeat checkbox is checked, the sweep (or 
nested sweep) repeats continually. Unchecking the 
Repeat checkbox or clicking Stop will cancel Repeat.

Note: if Append Graph Data is checked
while Repeat is set, a great deal of data will
be quickly amassed and the computer
memory or storage may be overwhelmed.

•Level •THD Ratio •Crosstalk 
One Channel Driven

•Gain •THD Level •Acquired 
Crosstalk Waveform 
One Channel Driven

•Relative 
Level

•Distortion 
Product Ratio

•Crosstalk, 
One Channel Undriven

•Deviation •Distortion 
Product Level

•Frequency Shift †

•Phase •Impulse 
Response

•Acquired 
Crosstalk Waveform 
One Channel Undriven

•Group Delay •Acquired 
Waveform
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Append Graph Data  checkbox
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is  

checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Open Loop  checkbox
Continuous Sweep measurements can be made in 
closed-loop or open-loop configurations. By default, 
the Open Loop checkbox is unchecked , and the 
measurement is in its default configuration, Closed 
Loop.

Generator
See Generator Waveforms and Controls in Chapter 6 
for detailed information about using the APx Genera-
tor and setting Waveform, Level and Frequency in vari-
ous contexts.

Frequencies
Start
Stop
These controls set the frequency range of the sweep. 
Available ranges vary with instrument type.

Note that the actual sweep stimulus signal
begins below the defined Start Frequency
and is swept upward, reaching the Start
Frequency at the end of the Pre-Sweep
time, as described below in Pre-Sweep and
Sweep Duration Fields. Further, the stimu-
lus signal is actually swept to 110% of the
designated Stop Frequency (or to the
Nyquist frequency, whichever is lower).

See page 316 for more about chirp sweep frequency 
ranges, which are dependent upon the instrument.

Levels
Levels Track Ch1  checkbox
If Level Tracks Ch1 is checked, all output channels are 
set to the level entered for channel 1. If it is 
unchecked, each channel can be set to a different 
output level.

Sweep
Set the chirp sweep level here. Available ranges vary 
with instrument type. 

DC Offset
Set any DC offset here. Available ranges vary with 
instrument type. See Generator Waveforms and Con-
trols in chapter 6 for a detailed explanation.

Bench Mode Continuous Sweep controls, Closed Loop
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EQ
You can equalize the generator signal to make a pre-
emphasized stimulus. See Generator Equalization 
(page 245) for a general discussion of this feature.

Choosing generator equalization
Select None, Relative or Absolute from the EQ drop-
down menu.

•None applies no equalization to the generator.

•Relative applies the gain or loss specified in the 
EQ table to the current generator level for each 
channel.

Edit
If you have chosen to equalize the generator signal, 
you can edit the EQ table here. See Edit EQ Table 
(page 245).

Channels 
Select the channels to output the generated signal. By 
default, all available channels are selected.

Durations
The chirp stimulus time parameters are set here.

Pre-Sweep
To enable the DUT to stabilize before the beginning of 
the defined chirp sweep measurement, there is a vari-
able Pre-Sweep time. For Continuous Sweep measure-
ments, the default for Pre-Sweep is 100.0 ms. 
Minimum is 0 s; maximum is 1 s. Longer Pre-Sweep 
settings allow more time for DUT stabilization, but 
increase measurement time.

Sweep
The actual chirp sweep stimulus signal begins below 
the defined Start Frequency and is swept upward, 
reaching the Start Frequency at the end of the Pre-
Sweep time. The sum of the times in Pre-Sweep and 
Sweep is the total sweep length. The default for 
Sweep is 350.0 ms. Minimum is 100.0 ms; maximum 
is 5 s. Longer Sweep settings provide greater resolu-
tion and signal-to-noise ratio, but increase measure-
ment time.

Channel Delay
Channel Delay is only available when Crosstalk Mode 
is set to High Accuracy.

The Channel Delay control allows you to specify a 
delay before the Start moments for each channel 
when in one of the High Accuracy Crosstalk modes.

If the Channel Delay is zero or very short, the slew rate 
limiting of a DUT or the time constant in AC Coupling 
can cause a transient when energy from the sweep in 
a previous channel appears in the analysis of the cur-
rent channel. The default Channel Delay is 500 ms. If 
DC coupled and the DUT does not have appreciable 

slew rate limiting, Channel Delay can be set to a very 
low value, or 0.

Results
In Bench Mode Continuous Sweep, Primary results 
include 17 sets of data obtained from the sweep.

Derived results are computed from the Primary results 
and can be displayed individually on a graph or on the 
right Y axis of a source result graph. See Derived 
Results on page 773.

Initially, only six results are set, plotted as Data1 on 
the left Y axis of the graph.

To add more primary results to the left axis, click the 
 Add New Results button and select Primary 

Results..., which opens the Add Primary Results dia-
log. Select one or more results to add and click on the 
Add To... button to add the results.

Results can be added for a specific input or
all inputs. When results from multiple inputs
are included in the grid and on the Selector
filmstrip, the connector name is included in
the label and the tool tip for the result.

To add a primary or derived result to the right axis, 
open the Data2 (Right) menu for a given existing 
Data1 result, and select Primary Result... or Derived 
Result..., which opens the Primary Result or Derived 
Result dialog.

Remove a row by clicking the Delete button. Both left 
and right axis results are removed. Results can also 
be added or deleted from the Selector filmstrip.

See Chapter 104 for more information on Results and 
Chapter 105 for more information about Derived 
Results.

Analyzer
Signal Processing
Extend Acquisition
By default, a continuous sweep measurement makes 
an acquisition 50 ms longer than the stimulus, to 
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include possible time-delayed artifacts created in the 
DUT to be acquired and displayed.

In some cases, you may want to extend the acquisi-
tion further. Enter a new value in the Extend Acquisi-
tion By: field. Minimum extension is 0 s; maximum is 
3 s.

Crosstalk Mode
Crosstalk Mode is unavailable when multiple input 
types are configured.

Choose the mode of crosstalk measurement (or 
None). This selection changes the sweep alignment in 
time across channels, and may affect other continu-
ous sweep results. For more information, see Continu-
ous Sweep Crosstalk modes on page 317.

Choices are:

•None

•High speed (default)

•High accuracy, one channel driven

•High accuracy, one channel undriven

Nesting
When in Closed Loop configuration, Continuous 
sweeps can be nested. Read about Nested Sweeps 
beginning on page 235.

Secondary Source
Select the secondary sweep source here. This is the 
outside, nesting parameter that is varied to change 
the conditions for the primary sweep through a num-
ber of iterations. Available choices are dependent 
upon instrument hardware, options, and Signal Path 
Setup Input/Output settings.

Open Loop Configuration
Continuous Sweep Results
Continuous Sweep results available in APx500 are:

* These results are not available in Open Loop Config-
uration.

Operation, Open Loop
The primary differences in Open Loop operations and 
Closed Loop operation are: 

•signal generation and analysis are two separate 

operations, initiated using the  

and  buttons.

•a pilot tone is generated as part of the stimulus 
signal, and is required for analysis. See Chirp with 
Pilot Tone on page 319 for illustrations and more 
information. Also see Mixed Delay Across Chan-
nels in Open Loop Chirp-based Acquisitions on 
page 320.

Append Graph Data  checkbox
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is  
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Open Loop  checkbox
For Open Loop configuration, be sure the Open Loop 
box is  checked.

When you check the Open Loop box , you will notice 
that the Continuous Sweep user interface panel 
changes. The Start button is replaced with Generate 
and Analyze buttons, the Generator section has an 
additional Pilot Tone frequency control, a Pilot column 
is added to the Level controls, the Durations section 
has more controls, and Iterations, Trigger and Fre-
quency Correction controls have been added. Extend 
Acquisition and Crosstalk Mode have been removed.

Generate Button 
In Open Loop configuration, signal generation and 
analysis operations are separated. The first task is to 
define a Generator chirp stimulus with its associated 
pilot tone, and click Generate to output the signal to 
the connector selected in Signal Path Setup. In the 
case of None (External), a dialog will open where you 
can specify the location and format for the audio file 
to be recorded to the PC.

The signal definition made in the Generator also 
defines the signal characteristics expected by the Ana-
lyzer for the measurement. These are stored in the 
project file.

•Level •THD Ratio •Crosstalk 
One Channel Driven*

•Gain •THD Level •Acquired Crosstalk
Waveform
One Channel Driven*

•Relative 
Level

•Distortion 
Product Ratio

•Crosstalk, 
One Channel Undriven*

•Deviation •Distortion 
Product Level

•Frequency Shift

•Phase* •Impulse 
Response

•Acquired Crosstalk
Waveform 
One Channel Undriven*

•Group 
Delay*

•Acquired 
Waveform
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Analyze Button 
The second task is to present the output signal from 
the DUT to the selected analyzer Input connector and 
click Analyze. If the DUT output is an audio file, use 
File Input.

Generator
The Generator panel is replaced by the Gen-
erator Signal panel when Signal Path Setup
> Output Configuration is set to None (Exter-
nal). See below.

See Generator Waveforms and Controls in Chapter 6 
for detailed information about using the APx Genera-
tor and setting Waveform, Level and Frequency in vari-
ous contexts.

Frequencies
Pilot Tone
In an open loop chirp measurement, a pilot tone pre-
cedes the chirp to synchronize the analyzer to the 
stimulus signal. Choose a frequency that is within a 
range expected to pass though your DUT without 
much change or interference. 200 Hz is the minimum 
pilot tone frequency; 40% of the sample rate is the 
maximum pilot tone frequency. 1 kHz is the default.

Start
Stop
These controls set the frequency range of the sweep. 
Available ranges vary with instrument type.

Note that the actual sweep stimulus signal
begins below the defined Start Frequency
and is swept upward, reaching the Start
Frequency at the end of the Pre-Sweep
time, as described below in Pre-Sweep and
Sweep Duration Fields. Further, the stimu-
lus signal is actually swept to 110% of the
designated Stop Frequency (or to the
Nyquist frequency, whichever is lower).

See page 316 for more about chirp sweep frequency 
ranges, which are dependent upon the instrument.

Levels
Levels Track Ch1  checkbox
If Level Tracks Ch1 is checked, all output channels are 
set to the level entered for channel 1. If it is 
unchecked, each channel can be set to a different 
output level.

Pilot
Set the pilot tone level here. Choose a level that is 
likely to provide a stable pilot tone after passing 
through your DUT. Available ranges vary with instru-
ment type and Global Vmax settings. Read more about 

Bench Mode Continuous Sweep controls, Open Loop
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Global Vmax on page 60. When saving to a file for 
smart speaker testing, set the pilot to a level in the 
same range as the speech signal, typically –3 dBFS.

Sweep
Set the chirp sweep level here. Available ranges vary 
with instrument type and Global Vmax settings.

DC Offset
Set any DC offset here. Available ranges vary with 
instrument type. See Generator Waveforms and Con-
trols in chapter 6 for a detailed explanation.

EQ
You can equalize the generator signal to make a pre-
emphasized stimulus. See Generator Equalization 
(page 245) for a general discussion of this feature.

Choosing generator equalization
Select None or Relative from the EQ dropdown menu.

•None applies no equalization to the generator.

•Relative applies the gain or loss specified in the 
EQ table to the current generator level for each 
channel.

Edit
If you have chosen to equalize the generator signal, 
you can edit the EQ table here. See Edit EQ Table 
(page 245).

Channels 
Select the channels to output the generated signal. By 
default, all available channels are selected.

Durations
The pilot tone and chirp stimulus time parameters are 
set here. See Chirp with Pilot Tone on page 319 for 
illustrations and more information.

Pilot Tone
Enter the duration of the pilot tone here. Choose a 
duration that is likely to provide a stable pilot tone 
after passing through your DUT, but is not longer than 
necessary. 200 ms is the default duration. The lower 
limit is 100 cycles of pilot tone (100 ms with a pilot 
frequency of 1 kHz); the upper limit is 5 s.

Note that the pilot tone is tapered at the
trailing end with a fixed 5 ms raised cosine
taper.

Post-Pilot Silence
Set the duration of the silence after the pilot tone but 
before the beginning of the chirp pre-sweep here. 
100 ms is the default duration. The lower limit is 
10 ms; the upper limit is 5 s.

Pre-Sweep
To enable the DUT to stabilize before the beginning of 
the defined chirp sweep measurement, there is a vari-
able Pre-Sweep time. For Continuous Sweep measure-

ments, the default for Pre-Sweep is 100.0 ms. 
Minimum is 0 s; maximum is 1 s. Longer Pre-Sweep 
settings allow more time for DUT stabilization, but 
increase measurement time.

Sweep
The actual chirp sweep stimulus signal begins below 
the defined Start Frequency and is swept upward, 
reaching the Start Frequency at the end of the Pre-
Sweep time. The sum of the times in Pre-Sweep and 
Sweep is the total sweep length. The default for 
Sweep is 350.0 ms. Minimum is 100.0 ms; maximum 
is 5 s. Longer Sweep settings provide greater resolu-
tion and signal-to-noise ratio, but increase measure-
ment time.

Additional Silence
APx inserts a mandatory minimum post-sweep silence 
at the end of the chirp, calculated in consideration of 
possible frequency shift (and therefore possible total 
duration changes) and other duration settings. The 
purpose of this silence is to adequately separate stim-
ulus signals in multiple iterations. You can optionally 
insert more post-sweep silence here. Minimum is 0 s; 
maximum is 5 s.

Iterations
For a Continuous Sweep measurement in open loop 
configuration, you have the option of defining a stimu-
lus (pilot tone plus chirp) that repeats a number of 
times. When Signal Path Setup is set to None, this fea-
ture allows you save a generator waveform file with 
two or more iterations of the stimulus signal. At analy-
sis time, you can set Repeat and Append Graph Data 
to acquire the multiple iterations. By default, Itera-
tions is set to 1. You can increase the Iterations up to 
1000.

Generator Signal
Generator Signal is only available if Signal Path Setup 
> Output Configuration is set to None (External). In 
this case, the Generator will create an audio file on 
the PC. The sample rate and number of channels are 
set here.

Audio File Settings
Sample Rate
Choose the sample rate for the audio file that will be 
generated.

Channels
Choose channel count for the audio file that will be 
generated.

When  is clicked, a Save Generator 
File dialog (see page 468) will open where you can 
specify the location and format for the audio file to be 
recorded to the PC.
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Results
In Bench Mode Continuous Sweep, Primary results 
include 17 sets of data obtained from the sweep.

Derived results are computed from the Primary results 
and can be displayed individually on a graph or on the 
right Y axis of a source result graph. See Derived 
Results on page 773.

Initially, only six results are set, plotted as Data1 on 
the left Y axis of the graph.

To add more primary results to the left axis, click the 
 Add New Results button and select Primary 

Results..., which opens the Add Primary Results dia-
log. Select one or more results to add and click on the 
Add To... button to add the results.

Results can be added for a specific input or
all inputs. If only a single input is config-
ured, a second input can be added as None
(Input 2) and configured later. When results
from multiple inputs are included in the grid
and on the Selector filmstrip, the connector
name is included in the label and the tool
tip for the result.

To add a primary or derived result to the right axis, 
open the Data2 (Right) menu for a given existing 
Data1 result, and select Primary Result... or Derived 
Result..., which opens the Primary Result or Derived 
Result dialog.

Remove a row by clicking the Delete button. Both left 
and right axis results are removed. Results can also 
be added or deleted from the Selector filmstrip.

See Chapter 104 for more information on Results and 
Chapter 105 for more information about Derived 
Results.

Analyzer
In open loop configuration, the pilot tone is used to 
trigger the synchronous acquisition of the chirp, and to 
adjust the frequency of the acquisition, if necessary.

Trigger
An open loop chirp acquisition is triggered by the pilot 
tone. Passage of a test signal through a DUT can shift 
the frequencies of the test signal (usually because of 
clock/sample rate differences). Levels may be 
affected, and noise or other interfering signals may be 
added. 

The pilot tone must be of a sufficient level and within 
a defined range of frequency deviation (±3%) to trig-
ger the acquisition.

Input
Input selects the input that will trigger the acquisition 
if more than one input has been configured. If only 
one input has been configured, the control is hidden.

Channel
Auto selects the channel with the highest level pilot 
tone as the trigger channel. Alternatively, you can 
specify a specific channel from the menu.

Level Threshold
The Level Threshold is the minimum pilot signal level 
that will trigger an acquisition. The default is 50 mV.

Timeout
The trigger Timeout is the maximum time that the ana-
lyzer waits for a pilot tone trigger, after the Analyze 
button is clicked. The default value is 30 s.

Signal Processing
Frequency Correction
Passage of a test signal through a DUT can shift the 
frequencies of the entire signal, usually because of 
sample rate differences. In many cases, it is desirable 
to correct the frequencies of the acquisition so that 
they match the stimulus frequencies, and provide 
expected audio measurement results. In other cases, 
the distortions caused by this frequency shift are the 
important measurement results.

With Frequency Correction checked, APx will correct 
the frequency of the acquisition by comparing the fre-
quency of the incoming pilot tone with the frequency 
of the pilot tone in the project file.

Nesting
The Nesting > Secondary Source control is not avail-
able when Continuous Sweep is in Open Loop configu-
ration.

Result Displays
Continuous Sweep result displays are shown in detail 
beginning on page 307.
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Acoustic Response
(Bench Mode)

For some APx analyzers, this measurement
requires a software option key. See page
241 for more information about software
options.

Read about the Bench Mode workspace, Generator 
and Analyzer panels in Chapter 93.

Overview
Acoustic Response in Bench Mode is essentially the 
same measurement that is presented in Sequence 
Mode, with some Bench Mode additions. Similar to 
Continuous Sweep, Acoustic Response adds time win-
dow adjustment features to enable quasi-anechoic 
acoustic measurements, and Rub and Buzz results.

Read more about Acoustic Response and in particu-
lar, tips for setting up your measurements and using 
the time window, in Chapter 26.

Acoustic Response is a chirp-based measurement, 
using a brief Farina log-swept sine “chirp” stimulus 
that moves continuously across a specified range of 
frequencies. The DUT output is acquired by the ana-
lyzer and is mathematically deconvolved to provide a 
number of results. For more information about chirp-
based measurements, go to page 315.

Acoustic Response measurements can be made in 
closed loop or open loop configurations. The controls 
for closed loop operation begin here. The controls for 
open loop operation begin on page 718.

Signal Path Setup configuration
If you have not yet set up your test, first go to Signal 
Path Setup to select and configure inputs and out-
puts, references and other settings. See Chapter 7 for 
information about Signal Path Setup.

Continuous Sweep measurements, in earlier imple-
mentations, have only supported closed loop configu-
rations. With APx500 4.6 or later, open loop 
configurations such as None (External) or File Input 

are supported. Read more about Closed Loop and 
Open Loop configurations beginning in Chapter 24.

Closed Loop configuration
Acoustic Response results
Three Acoustic Response results are used to adjust for 
an optimal measurement:

Other results provide key Acoustic Response measure-
ment results:

* For an APx515 with the APX-SW-ACR option key, the 
Rub and Buzz results are not available. See page 241 
for more information.

† This result is not available in Closed Loop Configura-
tion.

Operation, Closed Loop
See the illustration on the next page.

Closed Loop is the conventional Acoustic Response 
configuration, with behavior that will be familiar to APx 
users.

Start 
Click the Start button to run the measurement and 
read the results.

•Impulse 
Response

•Energy Time 
Curve (ETC)

•Delay

•RMS Level 
(Freq. Response)

•Level and 
Distortion

•Rub and Buzz*

•Relative Level •THD Ratio •Rub and Buzz 
Crest Factor*

•Deviation •THD Level •Rub and Buzz 
Peak Ratio*

•Phase •Distortion 
Product Ratio

•Frequency Shift †

•Group Delay •Distortion 
Product Level

•Acquired 
Waveform
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Repeat  checkbox
When the Repeat checkbox is checked, the sweep (or 
nested sweep) repeats continually. Unchecking the 
Repeat checkbox or clicking Stop will cancel Repeat.

Note: if Append Graph Data is checked
while Repeat is set, a great deal of data will
be quickly amassed and the computer
memory or storage may be overwhelmed.

Append Graph Data  checkbox
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is  
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Open Loop  checkbox
Continuous Sweep measurements can be made in 
closed-loop or open-loop configurations. By default, 
the Open Loop checkbox is unchecked , and the 
measurement is in its default configuration, Closed 
Loop.

Generator
See Generator Waveforms and Controls in Chapter 6 
for detailed information about using the APx Genera-
tor and setting Waveform, Level and Frequency in vari-
ous contexts.

Frequencies
Start
Stop
These controls set the frequency range of the sweep. 
Available ranges vary with instrument type.

Note that the actual sweep stimulus signal
begins below the defined Start Frequency
and is swept upward, reaching the Start
Frequency at the end of the Pre-Sweep
time, as described below in Pre-Sweep and
Sweep Duration Fields. Further, the stimu-
lus signal is actually swept to 110% of the
designated Stop Frequency (or to the
Nyquist frequency, whichever is lower).

See page 316 for more about chirp sweep frequency 
ranges, which are dependent upon the instrument.

Bench Mode Acoustic Response controls, Closed Loop
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Levels
Levels Track Ch1  checkbox
If Level Tracks Ch1 is checked, all output channels are 
set to the level entered for channel 1. If it is 
unchecked, each channel can be set to a different 
output level.

Sweep
Set the chirp sweep level here. Available ranges vary 
with instrument type. 

DC Offset
Set any DC offset here. Available ranges vary with 
instrument type. See Generator Waveforms and Con-
trols in chapter 6 for a detailed explanation.

EQ
You can equalize the generator signal to make a pre-
emphasized stimulus. See Generator Equalization 
(page 245) for a general discussion of this feature.

Choosing generator equalization
Select None, Relative or Absolute from the EQ drop-
down menu.

•None applies no equalization to the generator.

•Relative applies the gain or loss specified in the 
EQ table to the current generator level for each 
channel.

Edit
If you have chosen to equalize the generator signal, 
you can edit the EQ table here. See Edit EQ Table 
(page 245).

Channels 
Select the channels to output the generated signal. By 
default, all available channels are selected.

Durations
The chirp stimulus time parameters are set here.

Pre-Sweep
To enable the DUT to stabilize before the beginning of 
the defined chirp sweep measurement, there is a vari-
able Pre-Sweep time. For Acoustic Response measure-
ments, the default for Pre-Sweep is 0 s. Minimum is 
0 s; maximum is 1 s. Longer Pre-Sweep settings allow 
more time for DUT stabilization, but increase measure-
ment time.

Sweep
The actual chirp sweep stimulus signal begins below 
the defined Start Frequency and is swept upward, 
reaching the Start Frequency at the end of the Pre-
Sweep time. The sum of the times in Pre-Sweep and 
Sweep is the total sweep length. The default for 
Sweep is 350.0 ms. Minimum is 100.0 ms; maximum 
is 5 s. Longer Sweep settings provide greater resolu-

tion and signal-to-noise ratio, but increase measure-
ment time.

Results
In Bench Mode Acoustic Response, Primary results 
include 18 sets of data derived from the sweep.

Initially, only seven results are set, plotted as Data1 on 
the left Y axis of the graph.

To add more primary results to the left axis, click the 
 Add New Results button and select Primary 

Results..., which opens the Add Primary Results dia-
log. Select one or more results to add and click on the 
Add To... button to add the results.

Results can be added for a specific input or
all inputs, if supported. When results from
multiple inputs are included in the grid and
on the Selector filmstrip, the connector
name is included in the label and the tool
tip for the result.

To add a primary or derived result to the right axis, 
open the Data2 (Right) menu for a given Data1 result, 
and select Primary Result... or Derived Result..., which 
opens the Primary Result or Derived Result dialog.
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Remove a row by clicking the Delete button. Both left 
and right axis results are removed. Results can also 
be added or deleted from the Selector filmstrip.

See Chapter 104 for more information on Results and 
Chapter 105 for more information about Derived 
Results.

Analyzer
Signal Processing
Extend Acquisition
By default, a continuous sweep measurement makes 
an acquisition slightly longer than the stimulus, to 
include possible time-delayed artifacts created in the 
DUT to be acquired and displayed. By default, the 
acquisition is extended 50 ms longer than the stimu-
lus.

In some cases, you may want to extend the acquisi-
tion further. Enter a new value in the Extend Acquisi-
tion By: field. Minimum extension is 0 s; maximum is 
3 s.

Averages
Averaging several chirps can remove uncorrelated 
data from the results (for acoustic measurements, this 
is usually background noise). The chirp will be run the 
number of times set in the Averages field, and the 
results will be averaged for display. The maximum 
number of averages is 1000.

Nesting
Acoustic Response sweeps can be nested. Read about 
Nested Sweeps beginning on page 235.

Secondary Source (nested sweeps)
Select the secondary sweep source here. This is the 
outside, nesting parameter that is varied to change 
the conditions for the primary sweep through a num-
ber of iterations. Available choices are dependent 
upon instrument hardware, options, and Input/Output 
settings.

Open Loop configuration
Acoustic Response results
Three Acoustic Response results are used to adjust for 
an optimal measurement:

•Impulse 
Response

•Energy Time 
Curve (ETC)

•Delay †

Bench Mode Acoustic Response controls, Open Loop
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Other results provide key Acoustic Response results:

* For an APx515 with the APX-SW-ACR option key, the 
Rub and Buzz results are not available. See page 241 
for more information.

† These results are not available in Open Loop configura-
tion.

Operation, Open Loop
The primary differences in Open Loop operation and 
Closed Loop operation are 

•signal generation and analysis are two separate 

operations, initiated using the  

and  buttons, and

•a pilot tone is generated as part of the stimulus 
signal, and is required for analysis. See Chirp with 
Pilot Tone on page 319 for illustrations and more 
information. Also see Mixed Delay Across Chan-
nels in Open Loop Chirp-based Acquisitions on 
page 320.

Append Graph Data  checkbox
Measured data are grouped in a Data Set, which con-
tains all acquisition results. Normally, the current 
graph data are deleted each time you start a new 
measurement. If the Append Graph Data box is  
checked, appended data are grouped as additional 
data sets, as are any imported data. The Data Sets 
Panel displays the Data Set(s) in the measurement, 
and provides a visibility checkbox, a Time acquisition 
field, and a Notes field for each data set.

Read more about Data Sets beginning on page 766.

Open Loop  checkbox
For Open Loop configuration, be sure the Open Loop 
box is  checked.

When you check the Open Loop box , you will notice 
that the Acoustic Response user interface panel 
changes. The Start button is replaced with Generate 
and Analyze buttons, the Generator section has an 
additional Pilot Tone frequency control, a Pilot column 
is added to the Level controls, the Durations section 
has more controls, and Iterations, Trigger and Fre-
quency Correction controls have been added. Extend 
Acquisition has been removed.

Generate Button 
In Open Loop configuration, signal generation and 
analysis operations are separated. The first task is to 
define a Generator chirp stimulus with its associated 
pilot tone, and click Generate to output the signal to 
the connector selected in Signal Path Setup. In the 
case of None (External), a dialog will open where you 
can specify the location and format for the audio file 
to be recorded to the PC.

The signal definition made in the Generator also 
defines the signal characteristics expected by the Ana-
lyzer for the measurement. These are stored in the 
project file.

Analyze Button 
The second task is to present the output signal from 
the DUT to the selected analyzer Input connector and 
click Analyze. If the DUT output is an audio file, use 
File Input.

Generator
The Generator panel is replaced by the Gen-
erator Signal panel when Signal Path Setup
> Output Configuration is set to None (Exter-
nal). See below.

See Generator Waveforms and Controls in Chapter 6 
for detailed information about using the APx Genera-
tor and setting Waveform, Level and Frequency in vari-
ous contexts.

Be sure that you have set the generator
Level low enough that the loudspeaker will
not be damaged. Also, be sure you have set
the generator Start and Stop frequencies so
that the loudspeaker will not be damaged
by out-of-band signals. See page 252 for
more information.

Frequencies
Pilot Tone
In an open loop chirp measurement, a pilot tone pre-
cedes the chirp to synchronize the analyzer to the 
stimulus signal. Choose a frequency that is within a 
range expected to pass though your DUT without 
much change or interference. 200 Hz is the minimum 
pilot tone frequency; 40% of the sample rate is the 
maximum pilot tone frequency. 1 kHz is the default.

Start
Stop
These controls set the frequency range of the sweep. 
Available ranges vary with instrument type.

•RMS Level 
(Freq. Response)

•Level and 
Distortion

•Rub and Buzz*

•Relative Level •THD Ratio •Rub and Buzz 
Crest Factor*

•Deviation •THD Level •Rub and Buzz 
Peak Ratio*

•Phase † •Distortion 
Product Ratio

•Frequency Shift †

•Group Delay † •Distortion 
Product Level

•Acquired 
Waveform
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Note that the actual sweep stimulus signal
begins below the defined Start Frequency
and is swept upward, reaching the Start
Frequency at the end of the Pre-Sweep
time, as described below in Pre-Sweep and
Sweep Duration Fields. Further, the stimu-
lus signal is actually swept to 110% of the
designated Stop Frequency (or to the
Nyquist frequency, whichever is lower).

See page 316 for more about chirp sweep frequency 
ranges, which are dependent upon the instrument.

Levels
Levels Track Ch1  checkbox
If Level Tracks Ch1 is checked, all output channels are 
set to the level entered for channel 1. If it is 
unchecked, each channel can be set to a different 
output level.

Pilot
Set the pilot tone level here. Choose a level that is 
likely to provide a stable pilot tone after passing 
through your DUT. Available ranges vary with instru-
ment type and Global Vmax settings. Read more about 
Global Vmax on page 60. When saving to a file for 
smart speaker testing, set the pilot to a level in the 
same range as the speech signal, typically –3 dBFS.

Sweep
Set the chirp sweep level here. Available ranges vary 
with instrument type and Global Vmax settings.

DC Offset
Set any DC offset here. Available ranges vary with 
instrument type. See Generator Waveforms and Con-
trols in chapter 6 for a detailed explanation.

EQ
You can equalize the generator signal to make a pre-
emphasized stimulus. See Generator Equalization 
(page 245) for a general discussion of this feature.

Choosing generator equalization
Select None or Relative from the EQ dropdown menu.

•None applies no equalization to the generator.

•Relative applies the gain or loss specified in the 
EQ table to the current generator level for each 
channel.

Edit
If you have chosen to equalize the generator signal, 
you can edit the EQ table here. See Edit EQ Table on 
page 245.

Channels 
Select the channels to output the generated signal. By 
default, all available channels are selected.

Durations
The pilot tone and chirp stimulus time parameters are 
set here. See Chirp with Pilot Tone on page 319 for 
illustrations and more information.

Pilot Tone
Enter the duration of the pilot tone here. Choose a 
duration that is likely to provide a stable pilot tone 
after passing through your DUT, but is not longer than 
necessary. 200 ms is the default duration. The lower 
limit is 100 cycles of pilot tone (100 ms with a pilot 
frequency of 1 kHz); the upper limit is 5 s.

Note that the pilot tone is tapered at the
trailing end with a fixed 5 ms raised cosine
taper.

Post-Pilot Silence
Set the duration of the silence after the pilot tone but 
before the beginning of the chirp pre-sweep here. 
100 ms is the default duration. The lower limit is 
10 ms; the upper limit is 5 s.

Pre-Sweep
To enable the DUT to stabilize before the beginning of 
the defined chirp sweep measurement, there is a vari-
able Pre-Sweep time. For Acoustic Response measure-
ments, the default for Pre-Sweep is 0 s. Minimum is 
0 s; maximum is 1 s. Longer Pre-Sweep settings allow 
more time for DUT stabilization, but increase measure-
ment time.

Sweep
The actual chirp sweep stimulus signal begins below 
the defined Start Frequency and is swept upward, 
reaching the Start Frequency at the end of the Pre-
Sweep time. The sum of the times in Pre-Sweep and 
Sweep is the total sweep length. The default for 
Sweep is 350.0 ms. Minimum is 100.0 ms; maximum 
is 5 s. Longer Sweep settings provide greater resolu-
tion and signal-to-noise ratio, but increase measure-
ment time.

Additional Silence
APx inserts a mandatory minimum post-sweep silence 
at the end of the chirp, calculated in consideration of 
possible frequency shift (and therefore possible total 
duration changes) and other duration settings. The 
purpose of this silence is to adequately separate stim-
ulus signals in multiple iterations. You can optionally 
insert more post-sweep silence here. Minimum is 0 s; 
maximum is 5 s.

Iterations
For an Acoustic Response measurement in open loop 
configuration, you have the option of defining a stimu-
lus (pilot tone plus chirp) that repeats a number of 
times. When Signal Path Setup is set to None, this fea-
ture allows you save a generator waveform file with 
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two or more iterations of the stimulus signal. At analy-
sis time, you can set Repeat and Append Graph Data 
to acquire the multiple iterations. By default, Itera-
tions is set to 1. You can increase the Iterations up to 
1000.

Generator Signal
Generator Signal is only available if Signal Path Setup 
> Output Configuration is set to None (External). In 
this case, the Generator will create an audio file on 
the PC. The sample rate and number of channels are 
set here.

Audio File Settings
Sample Rate
Choose the sample rate for the audio file that will be 
generated.

Channels
Choose channel count for the audio file that will be 
generated.

When  is clicked, a Save Generator 
File dialog (see page 468) will open where you can 
specify the location and format for the audio file to be 
recorded to the PC.

Analyzer
In open loop configuration, the pilot tone is used to 
trigger the synchronous acquisition of the chirp, and to 
adjust the frequency of the acquisition, if necessary.

Trigger
An open loop chirp acquisition is triggered by the pilot 
tone. Passage of a test signal through a DUT can shift 
the frequencies of the test signal (usually because of 
clock/sample rate differences). Levels may be 
affected, and noise or other interfering signals may be 
added. 

The pilot tone must be of a sufficient level and within 
a defined range of frequency deviation (±3%) to trig-
ger the acquisition.

Input
Input selects the input that will trigger the acquisition 
if more than one input has been configured. If only 
one input has been configured, the control is hidden.

Channel
Auto selects the channel with the highest level pilot 
tone as the trigger channel. Alternatively, you can 
specify a specific channel from the menu.

Level Threshold
The Level Threshold is the minimum pilot signal level 
that will trigger an acquisition. The default is 50 mV.

Timeout
The trigger Timeout is the maximum time that the ana-
lyzer waits for a pilot tone trigger, after the Analyze 
button is clicked. The default value is 30 s.

Signal Processing
Frequency Correction
Passage of a test signal through a DUT can shift the 
frequencies of the entire signal, usually because of 
sample rate differences. In many cases, it is desirable 
to correct the frequencies of the acquisition so that 
they match the stimulus frequencies, and provide 
expected audio measurement results. In other cases, 
the distortions caused by this frequency shift are the 
important measurement results.

With Frequency Correction checked, APx will correct 
the frequency of the acquisition by comparing the fre-
quency of the incoming pilot tone with the frequency 
of the pilot tone in the project file.

Nesting
The Nesting > Secondary Source control is not avail-
able when Continuous Sweep is in Open Loop configu-
ration.

Result Displays
Acoustic Response result displays are shown in detail 
beginning on page 261.

Generator and Analyzer settings
In Bench Mode, these settings are made in the Gener-
ator and Analyzer panels. See pages 682 and 683.
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100

IEC60958 Metadata

Set Status Bits / Set User Bits
For more information about status bits and user bits, 
go to page 475.

This topic discusses setting the status bits and user 
bits to be embedded in the digital output signal. For 
information about reading the status bits on a digital 
input, go to the Metadata Monitor: Status Bits on page 
66. For information about recording changes in status 
bits or users bits, see Chapter 66, the Metadata 
Recorder.

Status bits are supported in the transport streams for 
the Digital Balanced, Digital Unbalanced, Digital Opti-
cal and Digital HDMI inputs.

The Digital Serial Input/Output (DSIO) proto-
col does not support embedded metadata.

Setting Status Bits
In one of the supported digital modes, from Signal 
Path Setup click Settings > Status/User Bits. The Set 
Status Bits / User Bits dialog will open.

Auto
When Auto is selected, APx500 chooses the con-
sumer application or the professional application 
depending upon your digital output choices. The 
selected application is shown in the checkbox name: 
Auto (Consumer), for example. In Auto, all status bits 
are set to default values. User bits are set to 00.

When Auto is not selected, the status bits and user 
bits can be set to any available value.

Subframes A and B are the same (not available 
in HDMI)
Each frame of audio in the transport stream has 2 
subframes, A and B. These are sometimes called 
channels A and B. For the AES3/SPDIF transport 
stream, the status bits for A and B are typically set to 
the same values, but can be set independently.

When Subframes A and B are the same is checked, 
any setting made in subframe A status bits is copied 
to subframe B. When Subframes A and B are the 

same is not checked, the entry fields for subframe B 
become available, and status bits for the subframes 
can be set independently.

Note: some early versions of APx instru-
ment hardware do not support indepen-
dent setting of subframe A and subframe B
status bits.

For HDMI, the Status Bits for subframes A and B are 
always set to the same values, and this control is not 
available.

Auto Increment Local Address
This setting is only available when the instrument is 
fitted with an Advanced Digital I/O module. When 
checked, the Local Address increments in integers at 
the sample rate.

Auto Increment Time of Day
This setting is only available when the instrument is 
fitted with an Advanced Digital I/O module. When 
checked, the Time of Day increments in integers at the 
sample rate.

User Defined CRC ChA
This setting is only available when the instrument is 
fitted with an Advanced Digital I/O module. Enter any 
hex number in the adjacent field.

User Defined CRC ChB
This setting is only available when the instrument is 
fitted with an Advanced Digital I/O module.  Enter any 
hex number in the adjacent field.

Display Grids
Plain Text display and Hex display

Status bits can be set from the grid displays, reading 
the plain text interpretations and choosing settings 
from drop-down menus in the grid. Status bits can 
also be set by entering hex values for selected bytes in 
the Status Bits hex display. These two displays are 
coupled, and a change in one will be reflected by the 
corresponding change in the other.
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User bits
You can arbitrarily set user bits to any available value 
by entering hex values for selected bytes in the User 
Bits hex display. User bits are associated with frames, 
not subframes; they are not affected by status bit sub-
frame A or B settings. 

Note: some early versions of APx instru-
ment hardware do not support setting of
user bits.

How Digital Output Configuration 
Choices Affect Status Bits
In APx500, making a digital output format selection 
also affects digital metadata by setting the applica-
tion for the Auto mode on the Set Status Bits / User 
Bits panel. The application for Auto mode is set as fol-
lows:

Digital Unbalanced Output
You can set Digital Unbalanced to either Application: 
Consumer or Application: Professional on the Settings 
panel for this output. The default is Application: Con-
sumer. Note that these choices also set the output 
voltage for the unbalanced output. See Settings for 
Digital Unbalanced Output for more information.

The Application settings can be overridden by dese-
lecting Auto on the Set Status Bits / User Bits panel.

The electrical settings persist, regardless of metadata 
settings.

Digital Balanced Output
The Digital Balanced transport stream is output with 
professional application status bits, when Auto is set 
on the Set Status Bits / User Bits panel. This applica-
tion setting can be overridden by deselecting Auto.

The Digital Balanced transport stream is always out-
put with a peak-to-peak level of 5.0 V, within the rec-
ommendations of AES3 and IEC60958-4. 

Digital Optical Output
The Digital Optical transport stream is output with 
consumer application status bits, when Auto is set on 
the Set Status Bits / User Bits panel. This application 
setting can be overridden by deselecting Auto.

HDMI Source
The HDMI transport stream carries an interpretation 
of the AES3/IEC60958 protocol, including status bits. 
These status bits are set to consumer application, 
when Auto is set on the Set Status Bits panel. This 
application setting can be overridden by deselecting 
Auto.

HDMI ARC Tx
The ARC transport stream carries IEC60958 audio, 
although with different physical layer characteristics. 
Status bits are set to consumer application, when 

Auto is set on the Set Status Bits panel. This applica-
tion setting can be overridden by deselecting Auto.

Digital Serial Output
The Digital Serial Input/Output (DSIO) protocol does 
not support embedded metadata.

PDM
The PDM Input/Output does not support embedded 
metadata.

PDM 16
The PDM 16 Input does not support embedded meta-
data.
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Supported Audio File Formats

...for import as Generator Waveforms
The following audio file formats can be imported as Generator Waveforms (Arbitrary Waveforms).

* Ambiguities within WAVE_FORMAT_PCM allow undocumented multiple channel configurations. This particular pro-
prietary format is in common use, and can be created in Sony Sound Forge and other waveform editors.

† For 32-bit audio, proprietary 32-bit fixed point .wav formats are supported.

Format Detail Sample Rate Filename Extension

Linear PCM
WAVE_FORMAT_PCM (Type 1) 8 to 32 bit mono or stereo† Any rate in the range of 4 kHz—

216 kHz
*.wav

WAVE_FORMAT_EXTENSIBLE 8 to 32 bit multichannel† Any rate in the range of 4 kHz—
216 kHz

*.wav

WAVE_FORMAT_PCM (proprietary 
mapping)*

8 to 32 bit multichannel† Any rate in the range of 4 kHz—
216 kHz

*.wav

AP legacy waveform 24 bit mono or stereo Any rate in the range of 4 kHz—
216 kHz

*.agm, *.ags

Coded
Dolby Digital 5.1 surround 32 kHz or 48 kHz *.ac3
Dolby Digital Plus 7.1 surround 48 kHz *.ec3
Dolby TrueHD 8 channel 48 kHz, 96 kHz and 192 kHz *.mlp
MAT (Dolby HD container) stream 48 kHz, 96 kHz and 192 kHz *.mat
DTS Digital Surround 5.1 surround 48 kHz and 96 kHz *.dts
DTS Digital Surround compact 5.1 surround 48 kHz and 96 kHz *.cpt
DTS-HD High Resolution Audio 6 channel 48 kHz and 96 kHz *.dtshd
DTS-HD Master Audio 8 channel 48 kHz, 96 kHz and 192 kHz *.dtshd
DTS:X Single stream, multichan-

nel
48 kHz, 96 kHz and 192 kHz *.dtsx

DTS:X compact Single stream, multichan-
nel

48 kHz, 96 kHz and 192 kHz *.cptx

DTS:X Multi-stream Single stream, multichan-
nel

48 kHz, 96 kHz and 192 kHz *.dtsxm
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...for import as File Input
The following audio file formats can be imported for analysis using the File Input feature. Note that only files from 
acquisitions saved by APx500 will contain cross-domain scaling data.

* Ambiguities within WAVE_FORMAT_PCM allow undocumented multiple channel configurations. This particular pro-
prietary format is in common use, and can be created in Sony Sound Forge and other waveform editors. 

† For 32-bit audio, proprietary 32-bit fixed point .wav formats are supported.

...for export as Record to File (linear audio)
These audio file formats can be exported and saved to disc from Measurement Recorder, Noise Recorder and Multi-
tone Recorder.

* Ambiguities within WAVE_FORMAT_PCM allow undocumented multiple channel configurations. This particular pro-
prietary format is in common use, and can be created in Sony Sound Forge and other waveform editors.

† For 32-bit audio, proprietary 32-bit fixed point .wav formats are supported.

Format Detail Sample Rate
Filename 
Extension

Linear PCM
WAVE_FORMAT_PCM (Type 1) 8 to 32 bit mono or stereo† Any rate in the range of 4 kHz—216 kHz *.wav
WAVE_FORMAT_EXTENSIBLE 8 to 32 bit multichannel† Any rate in the range of 4 kHz—216 kHz *.wav
WAVE_FORMAT_PCM (proprietary mapping)* 8 to 32 bit multichannel† Any rate in the range of 4 kHz—216 kHz *.wav

Format Detail Sample Rate
Filename 
Extension

Linear PCM
WAVE_FORMAT_PCM (Type 1) 8 to 32 bit mono or stereo† For analog acquisitions, 6 kHz, 8 kHz, 

12 kHz, 16 kHz, 24 kHz, 44.1 kHz, 48 kHz, 
96 kHz or 192 kHz. If fitted with BW52, 
624 kHz, 1248 kHz and 2496 kHz are also 
available. 
For digital acquisitions, files are saved at the 
same sample rate as the acquisition.

*.wav

WAVE_FORMAT_EXTENSIBLE 8 to 32 bit multichannel† as above. *.wav
WAVE_FORMAT_PCM (proprietary mapping)* 8 to 32 bit multichannel† as above. *.wav
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...for export as Record to File 
(coded audio)
These audio file formats can be exported and saved to 
disc from Measurement Recorder, digital acquisitions 

only. Coded audio (typically multichannel Dolby or DTS 
surround sound, coded in an IEC61937 bitstream) is 
saved in the incoming format.

Format Sample Rate
Filename 
Extension

Coded Audio
Dolby Digital File is saved at the same sample rate as the acquisition. *.ac3
Dolby Digital Plus File is saved at the same sample rate as the acquisition. *.ec3
Dolby TrueHD File is saved at the same sample rate as the acquisition. *.mlp
DTS Digital Surround File is saved at the same sample rate as the acquisition. *.dts
DTS Digital Surround compact File is saved at the same sample rate as the acquisition. *.cpt
DTS-HD File is saved at the same sample rate as the acquisition. *.dtshd
raw encoded bitstream File is saved at the same sample rate as the acquisition. *.bin
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102

Bandwidth Limiting and Weighting Filters and EQ

Introduction
Also see More About Filters on page 736.

Bandwidth limiting or weighting filters are commonSly 
used in distortion and noise measurements. Band-
width limiting filters cut off the extremes of the fre-
quency spectrum to eliminate low or high frequency 
signals that might confuse results. Weighting filters 
approximate the characteristics of a transmission sys-
tem or of human hearing with a more complex filter 
curve.

Always state the filtering used when reporting distor-
tion or noise results.

Signal Path Setup: Filters
In Sequence Mode, each signal path has a set of fil-
ters that, when applied, affect the entire signal path. 
Bench Mode Signal Path Setup has the same set of fil-
ters available.

Filtering is done on a per-input basis. Each input tab 
has its own filter controls. When an input is set to 
None, filters are hidden. Filter settings are generally 
retained when connector changes are made but are 
reset if the selected filter is not supported by the new 
input connector.

Local Measurement Filters
In addition to the Signal Path Filters, some Sequence 
Mode measurements and some Bench Mode Ana-
lyzer features have local filters available.

Signal Path Filters
The Filters controls on the Signal Path Setup > Input/
Output panel enable input high-pass, low-pass, band-
width, weighting and EQ filters. In Sequence Mode, 
these filters affect all the incoming audio throughout 
the current signal path; in Bench Mode, the filters 
affect all the incoming audio for the entire Bench 
Mode project. The Signal Path Setup filters are imple-
mented in the time domain.

Note: We do not recommend using input fil-
tering when using the Impedance/Thiele-
Small measurement or the Loudspeaker
Production Test measurement. Impedance
curves derived with input filtering in effect
might be in error. For low-frequency drivers,
be sure that the input signal path is DC-cou-
pled.

High-pass (analog or digital audio sig-
nals)

•DC
This selection provides no high-pass filtering. The 
signal is DC coupled.

Read more about DC in APx analyzers beginning on 
page 338.

•AC (<10 Hz)
This selection provides AC coupling flat to 20 Hz, 
and about 0.1 dB down at 10 Hz.

•Butterworth
You can specify a custom 4-pole Butterworth high-
pass filter here, by entering a value for the corner 
frequency in the field; the acceptable range is 
10 Hz to 90 kHz (standard analog input), 10 Hz to 
1 MHz (APx555 or BW52 analog input), 10 Hz to 
100 kHz (digital input). The signal is AC coupled.

•Elliptic
You can specify a custom 5-pole elliptic high-pass 
filter here, by entering a value for the corner fre-
quency in the field; the acceptable range is 10 Hz 
to 90 kHz (standard analog input), 10 Hz to 1 MHz 
(APx555 or BW52 analog input), 10 Hz to 100 kHz 
(digital input). The filter has a passband ripple of 
0.01 dB and a sharp roll-off to –60 dB. It closely 
matches the response of the frequency-domain fil-
ters in earlier versions of APx500. The signal is AC 
coupled.
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High-pass (jitter signals)
•700 Hz (AES3)

This filter conforms to the AES3 recommendation 
for intrinsic jitter measurement.

•Butterworth
You can specify a custom 4-pole Butterworth high-
pass filter here, by entering a value for the corner 
frequency in the field; the acceptable range is 
50 Hz to 150 kHz. The signal is AC coupled.

•Elliptic
You can specify a custom 5-pole elliptic high-pass 
filter here, by entering a value for the corner fre-
quency in the field; the acceptable range is 50 Hz 
to 150 kHz. The filter has a passband ripple of 
0.01 dB and a sharp roll-off. The signal is AC cou-
pled.

Note that the corner frequency for the high-
pass filter cannot be higher than the corner
frequency for the low-pass filter.

Low-pass (analog audio signals)
ADC Passband
All analysis in APx analyzers is performed in digital sig-
nal processing (DSP), so all analog input signals are 
digitized using high-performance analog-to-digital con-
verters (ADCs). To avoid aliasing, ADC designs effec-
tively filter the audio to just below 1/2 the sample rate 
(Fs/2, the Nyquist frequency). Therefore, selecting an 
ADC sample rate sets a de facto low-pass filter. In 
APx500 this filtering is referred to as ADC Passband. 

Bandwidth
For ADC Passband, these bandwidth choices are avail-
able:

•1.75 kHz (SR 4 kHz)

•2.75 kHz (SR 6 kHz)

•3.5 kHz (SR 8 kHz)

•5.5 kHz (SR 12 kHz)

•7 kHz (SR 16 kHz)

•11 kHz (SR 24 kHz)

•20 kHz (SR 44.1 kHz)

•22.4 kHz (SR 48 kHz)

•40 kHz (SR 88.2 kHz)

•45 kHz (SR 96 kHz)

•80 kHz (SR 176.4 kHz)

•90 kHz (SR 192 kHz)

•250 kHz (SR 624 kHz) (APx555 or BW52 option)

•500 kHz (SR 1.248 MHz) (APx555 or BW52 
option)

•1 MHz (SR 2.496 MHz) (APx555 or BW52 option)

AES17 (20 kHz)
This filter is an 8-pole elliptic filter with a corner fre-
quency at 20 kHz, satisfying the AES17 recommenda-
tion for converter measurements and other 
measurements in the presence of high out-of-band 
noise. When this filter is selected, the ADC sample 
rate is set to 48 kHz.

AES17 (40 kHz)
This filter is an 8-pole elliptic filter with a corner fre-
quency at 40 kHz, satisfying the AES17 recommenda-
tion for converter measurements and other measure-
ments in the presence of high out-of-band noise. 
When this filter is selected, the ADC sample rate is set 
to 96 kHz.

Butterworth
You can specify a custom 8-pole low-pass Butterworth 
filter here, by entering a value for the corner fre-
quency in the field. The acceptable range is 10 Hz to 
1 MHz (when supported by hardware). An 8-pole But-
terworth filter is not as sharp as an elliptic filter. The 
Butterworth filter is –3 dB at the corner frequency and 
falls off at a rate of 48 dB per octave.

When this filter is selected, the ADC sample rate is set 
to the next range above the requested corner fre-
quency. The final filter curve will reflect the combina-
tion of the Butterworth filter and the ADC Passband 
filter.

Elliptic
You can create a custom 8-pole low-pass elliptic filter 
here, by entering a value for the corner frequency in 
the field. The acceptable range is 1 kHz to 1 MHz. 
When this filter is selected, the ADC sample rate is set 
to the next range above the requested corner fre-
quency. The elliptic filter has a passband ripple of 
0.01 dB and a very sharp roll-off to –60 dB.

When this filter is selected, the ADC sample rate is set 
to the next range above the requested corner fre-
quency. The final filter curve will reflect the combina-
tion of the elliptic filter and the ADC Passband filter. 
Since the elliptic filter has such a sharp roll-off, the 
combined response will be dominated by the elliptic 
filter.

Low-pass (digital signals)
Fs/2
The bandwidth of a digital audio signal cannot exceed 
one-half the sample rate (Fs/2). The Fs/2 setting 
passes a digital signal at its maximum bandwidth, 
without any additional low-pass filtering. 

Butterworth
You can specify a custom 8-pole low-pass Butterworth 
filter here, by entering a value for the corner fre-
quency in the field. The acceptable range is 10 Hz to 
100 kHz. 
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Elliptic
You can specify a custom 8-pole low-pass elliptic filter 
here, by entering a value for the corner frequency in 
the field. The acceptable range is 10 Hz to 100 kHz.

Low-pass (jitter signals)
•700 Hz (AES3)

This filter conforms to the AES3 recommendation 
for intrinsic jitter measurement.

•Butterworth
You can specify a custom 8-pole Butterworth high-
pass filter here, by entering a value for the corner 
frequency in the field; the acceptable range is 
50 Hz to 150 kHz. The signal is AC coupled.

•Elliptic
You can specify a custom 8-pole low-pass elliptic 
filter here, by entering a value for the corner fre-
quency in the field; the acceptable range is 50 Hz 
to 150 kHz. The filter is implemented in the time 
domain, and has a passband ripple of 0.01 dB 
and a sharp roll-off. The signal is AC coupled.

Note that the corner frequency for the low-
pass filter cannot be lower than the corner
frequency for the high-pass filter.

Weighting
APx500 provides weighting and deemphasis filters for 
noise and distortion measurements. When applied 
from Signal Path Setup, weighting filters affect the full 
signal. This may be appropriate for a noise measure-
ment, but for a THD+N measurement it is recom-
mended that you use a filter dedicated to a THD+N 
measurement or meter, which will only filter the resid-
ual signal. 

See Local Measurement Filters, below.

APx500 provides these weighting filters:

•A-wt.

•B-wt.

•C-wt.

•CCIR-1k

•CCIR-2k

•CCITT

•C-message

Deemphasis filters are also included, for use with pre-
emphasized DUTs or stimulus signals.

•50us de-emph.

•75us de-emph.

•50us de-emph. + A-wt

•75us de-emph. + A-wt.

EQ
See Input Equalization on page 735.

Input Equalization allows you to insert equalization fil-
ters into the input signal path for any type of audio 
input, including File Input, and demodulated jitter 
inputs. This feature enables compensation for a non-
flat microphone response in the system under test, or 
compensation for loudspeaker response in acoustic 
testing.

You can apply equalization to multiple input channels 
independently, allowing, for example, different com-
pensation curves for each microphone in an array.

Local Measurement Filters
Measurement filters are “local”, affecting only the 
measurement (Sequence Mode) or meters (Bench 
Mode) to which the filter is attached.

Sequence Mode
Many Sequence Mode measurements have filter con-
trols that affect that measurement only. These filters 
use the same DSP algorithms and have the same 
characteristics as an equivalent Signal Path Filter.

High-pass (analog or digital audio signals)
•Signal Path

This selection applies no local high-pass filter at 
the measurement level. Only the filtering set in 
Signal Path Setup > Filters (which could range 
from none to highly filtered) will be in effect.

•Butterworth
You can specify a custom 4-pole Butterworth high-
pass filter here, by entering a value for the corner 
frequency in the field; the acceptable range is 
10 Hz to 90 kHz (standard analog input), 10 Hz to 
1 MHz (APx555 or BW52 analog input), 10 Hz to 
100 kHz (digital input). The signal is AC coupled. 
Selecting a filter here overrides any high-pass filter 
set in Signal Path Setup > Filters.

•Elliptic
You can specify a custom 5-pole elliptic high-pass 
filter here, by entering a value for the corner fre-
quency in the field; the acceptable range is 10 Hz 
to 90 kHz. The filter has a passband ripple of 
0.01 dB and a sharp roll-off to -60 dB. It closely 
matches the response of the frequency-domain fil-
ters in earlier versions of APx500. The signal is AC 
coupled. Selecting a filter here overrides any high-
pass filter set in Signal Path Setup > Filters.

High-pass (jitter signals)
•Signal Path

This selection applies no local high-pass filter at 
the measurement level. Only the filtering set in 
Signal Path Setup > Filters (which could be none, 
or substantial) will be in effect.
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•Butterworth
You can specify a custom 4-pole Butterworth high-
pass filter here, by entering a value for the corner 
frequency in the field; the acceptable range is 
50 Hz to 150 kHz. The signal is AC coupled. 
Selecting a filter here overrides any high-pass filter 
set in Signal Path Setup > Filters.

•Elliptic
You can specify a custom 5-pole elliptic high-pass 
filter here, by entering a value for the corner fre-
quency in the field; the acceptable range is 50 Hz 
to 150 kHz. The filter has a passband ripple of 
0.01 dB and a sharp roll-off to –60 dB. The signal 
is AC coupled. Selecting a filter here overrides any 
high-pass filter set in Signal Path Setup > Filters.

Note that the corner frequency for the high-
pass filter cannot be higher than the corner
frequency for the low-pass filter.

Low-pass (analog audio signals)
•Signal Path

This selection applies no local low-pass filter at 
the measurement level. Only the filtering set in 
Signal Path Setup > Filters (which could range 
from none to highly filtered) will be in effect.

•Butterworth
You can specify a custom 8-pole low-pass Butter-
worth filter here, by entering a value for the corner 
frequency in the field. The acceptable range is 
10 Hz to 1 MHz (when supported by hardware). An 
8-pole Butterworth filter is not as sharp as an ellip-
tic filter. The Butterworth filter is –3 dB at the cor-
ner frequency and falls off at a rate of 48 dB per 
octave. Selecting a filter here overrides any low-
pass filter set in Signal Path Setup > Filters.

Note that you cannot specify a corner fre-
quency higher than the current ADC pass-
band upper frequency limit.

•Elliptic
You can create a custom 8-pole low-pass elliptic 
filter here, by entering a value for the corner fre-
quency in the field. The acceptable range is 1 kHz 
to 1 MHz. When this filter is selected, the ADC 
sample rate is set to the next range above the 
requested corner frequency. The elliptic filter has 
a passband ripple of 0.01 dB and a very sharp roll-
off. Selecting a filter here overrides any low-pass 
filter set in Signal Path Setup > Filters.

Note that you cannot specify a corner fre-
quency higher than the current ADC pass-
band upper frequency limit.

Low-pass (digital audio signals)
•Fs/2

The bandwidth of a digital audio signal cannot 
exceed 1/2 the sample rate (Fs/2). The Fs/2 set-
ting passes a digital signal at its maximum band-
width, without any additional low-pass filtering. 

•Butterworth
You can specify a custom 8-pole low-pass Butter-
worth filter here, by entering a value for the corner 
frequency in the field. The acceptable range is 
10 Hz to 100 kHz. 

•Elliptic
You can specify a custom 8-pole low-pass elliptic 
filter here, by entering a value for the corner fre-
quency in the field. The acceptable range is 10 Hz 
to 100 kHz.

Low-pass (jitter signals)
•700 Hz (AES3)

This filter conforms to the AES3 recommendation 
for intrinsic jitter measurement.

•Butterworth
You can specify a custom 8-pole low-pass Butter-
worth filter here, by entering a value for the corner 
frequency in the field; the acceptable range is 
50 Hz to 150 kHz. The filter is implemented in the 
time domain. The signal is AC coupled.

•Elliptic
You can specify a custom 8-pole low-pass elliptic 
filter here, by entering a value for the corner fre-
quency in the field; the acceptable range is 50 Hz 
to 150 kHz. The filter is implemented in the time 
domain, and has a passband ripple of 0.01 dB 
and a sharp roll-off. The signal is AC coupled.

Note that the corner frequency for the low-
pass filter cannot be lower than the corner
frequency for the high-pass filter.

Weighting
APx500 provides weighting and deemphasis filters for 
noise and distortion measurements. A weighting filter, 
if selected, is applied to the noise or distortion results 
only, but not to the entire acquisition or measure-
ment. The filters have the same characteristics as the 
Signal Path weighting filters, listed previously in this 
chapter.

Relationship between Sequence Mode Signal 
Path and Measurement Filters 
Keep these rules in mind:

1. Setting a measurement (local) low-pass or high-
pass filter overrides the corresponding Signal Path 
filter, while the measurement is active. Measure-
ment (local) low-pass and high-pass filters affect 
the full signal for that measurement.
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2. Setting a measurement (local) weighting filter 
DOES NOT override the Signal Path weighting fil-
ter; also, the measurement (local) weighting filter 
affects only the THD+N residuals. If you set both 
the Signal Path and measurement weighting fil-
ters, you will be filtering the signal twice: once the 
full signal, once the residuals only.

3. When a custom low-pass filter is requested as a 
Signal Path filter, the ADC sample rate may be 
shifted to accommodate the request, as explained 
in the previous section. 
However, when a custom low-pass filter is 
requested as a measurement (local) filter, the ADC 
sample rate is never changed; instead, the corner 
frequency entry field is constrained to be less than 
the bandwidth allowed by the current ADC sample 
rate.

Bench Mode
The Bench Mode analyzer provides a “local” THD+N 
Weighting filter that is only active for THD+N and 
Noise meters, with the same selections and character-
istics as the Sequence Mode Weighting measurement 
filters described above.

Input Equalization
Also see Select Input EQ Curve step on page 653.

Input Equalization allows you to insert equalization fil-
ters early into the input signal path for any type of 
audio input, including File Input, and demodulated jit-
ter inputs. The acquisition is equalized; this cannot be 
undone. This feature enables compensation for a non-
flat microphone response in the system under test, 
compensation for loudspeaker response in acoustic 
testing or for other purposes.

You can apply equalization to multiple input channels 
independently, allowing, for example, different com-
pensation curves for each microphone in an array. 

Input Equalization is done on a per-input basis. Each 
input tab has its own EQ settings control. If an input is 
set to None or a different connector is selected for the 
input, the EQ settings are removed.

Note: in File Input, the number of channels
in the file is unknown. Sixteen channels are
available in the EQ settings table in this
configuration; apply equalization only to the
number of channels in the file.

Applying EQ curves in Signal Path 
Setup
The EQ field reads None when there is no equaliza-
tion applied to any channel. Click the Edit EQ Settings 

 button to open the Edit Input EQ Channels dialog.

The dialog is a table showing all the available input 
channels. Click on the drop-down menu for the chan-
nel to be equalized.

If Track First Channel is  checked, the EQ curve 
defined for channel 1 is applied to all channels. If you 
want to apply different EQ curves (or none) to multiple 
channels, uncheck  this box.

Choose

•(EQ file name) (only shown if there are existing EQ 
files in the project)

•Create new... or

•Browse for file...

Select an existing EQ file name if appropriate.

Create New opens the Edit Input EQ Table dialog (dis-
cussed next), where you can define an equalization 
curve that becomes part of the project. You can 
optionally export the curve to a file on the computer.

Browse for file allows you to import an existing EQ file 
from disc, if appropriate.

Design
The equalization filter is implemented in the digital 
domain early in the input signal path. The filter has a 
fixed number of poles (30). The EQ response beyond 
the range specified in the curve is unspecified.
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Edit EQ Table dialog
This dialog allows you to import, edit and export Equal-
ization tables.

The points in the table are represented graphically by 
the trace in the graph.

Y Unit
Choose the Y-axis (gain) unit here.

Note: all APx EQ Curve features provide
Gain (relative) units. The Generator EQ fea-
ture also provides Level (absolute) units as
an option at the time of curve creation.

Clear Table  
Clear Table removes all points (rows) from the table.

Order Values  
Order Values sorts the table by frequency, ascending 
toward the bottom of the table.

Import  
Import opens a file browser window to select and open 
compatible EQ table files from disk. Excel, CSV and 
Audio Precision legacy *.adx and *.atsx are sup-
ported.

Export  
Export opens a file browser window to save the cur-
rent EQ table as an Excel or CSV file.

Add Point  
Add Point inserts a blank frequency point (row) below 
the current selection in the table. Enter a level value 
for each new point. You can edit the frequency or level 
value arbitrarily.

•Minimum Frequency: 1 Hz

•Maximum Frequency: 1.04858 MHz

Frequencies must be unique, and ordered from low to 
high. See Order Values, above.

•Minimum Gain: –100 dB

•Maximum Gain: 100 dB

Delete Selected Points  
Delete Selected Points removes the selected points 
(rows) from the table.

Invert  
Use this control to invert the EQ curve. This is useful 
for creating a compensation curve from a measured 
response curve.

Zoom  
Click on this button and then drag a marquee in the 
graph to zoom.

Revert Zoom/Pan  
Click on this button to revert to the original zoom and 
pan views.

Graph Properties  
This button opens a Graph Properties dialog, where 
you can select ranges, names and logarithmic/linear 
characteristics for the EQ curve graph.

More About Filters in APx
ADC Passband
All analysis in APx analyzers is performed in digital sig-
nal processing (DSP), so all analog input signals are 
digitized using high-performance analog-to-digital con-
verters (ADCs). To avoid aliasing, ADC designs effec-
tively filter the audio to just below 1/2 the sample rate 
(Fs/2, the Nyquist frequency). Therefore, selecting an 
ADC sample rate sets a de facto low-pass filter. In 
APx500 this filtering is referred to as ADC Passband. 

DSP filtering
In APx500 version 4.0 and later, most DSP filters are 
real time filters, implemented in the time domain. 
Time-domain filters can accurately model classic filter 
designs, including Butterworth and elliptic.

Butterworth
APx provides a user-definable 4-pole Butterworth high-
pass filter, which falls off at a rate of 24 dB per octave, 
and an 8-pole Butterworth low-pass filter, at 48 dB per 
octave. Butterworth filters provide a very flat, ripple-
free passband response. Enter a value for the corner 
frequency in the field.

Elliptic
Alternatively, APx provides a user-definable 5-pole 
elliptic high-pass filter, and an 8-pole elliptic low-pass 
filter. The elliptic filters fall off much more quickly than 
the Butterworth filter, at the price of some ripple in the 
passband and the stopband.

Bandpass
In the Sequence Mode, filtering for the bandpass mea-
surements is accomplished in the frequency domain 
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using FFT techniques. In the Bench Mode Bandpass 
measurements, the bandpass filtering is accom-
plished in DSP the time domain.

Notch
A narrow notch filter is used to remove the fundamen-
tal frequency from distortion measurements. With one 
exception, notch filters are implemented in DSP in the 
time domain (see below).

Analog filtering
Capacitive coupling
APx analyzers can be DC coupled throughout the sig-
nal path. When AC coupled, a coupling capacitor is 
inserted early in the signal path, with the effect of roll-
ing off the low-frequency response below 10 Hz.

Notch
In the APx555, an additional ADC is provided to digi-
tize the notched analog signal. A stereo pair of analog 
notch filters are used in this path, previous to the 
additional ADC.

Typical Filter Curves
High-pass and low-pass curves
T

100 Hz Butterworth high-pass filter curve

5 kHz Butterworth low-pass filter curve

100 Hz elliptic high-pass filter curve

5 kHz elliptic low-pass filter curve

Weighting and deemphasis filter curves

“A” weighting filter curve

“B” weighting filter curve



Chapter 102: Bandwidth Limiting and Weighting Filters and EQ

738 APx500 User’s Manual

“C” weighting filter curve

CCIR-1k (ITU-R 468) weighting filter curve

CCIR-2k “Dolby” weighting filter curve

CCITT weighting filter curve

C-Message weighting filter curve

50 µs deemphasis filter curve

75 µs deemphasis filter curve

50 µs deemphasis + A weighting filter curve
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75 µs deemphasis + A weighting filter curve
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103

Ranging and Settling

Ranging
Audio amplifier circuits are required to operate over 
vast dynamic ranges: 80, 100 or even 120 dB or 
more. Distortion and noise at the extremes are to be 
expected.

The need for ranging
The input circuits of an audio meter or analyzer 
employ switchable attenuation or gain to accommo-
date the extremes of dynamic range for accurate, 
high-resolution measurement.

Fixed ranging
When an input signal is low, the analyzer gain should 
be set to amplify that signal to an optimum level for 
measurement. When an input signal is high, the ana-
lyzer gain should be reduced to prevent overload and 
to bring the signal down into the optimum measure-
ment range.

Most meters and analyzers provide a way for you to 
manually set ranging to accommodate the input sig-
nal level. In Audio Precision instruments, the ranging 
choices are shown in a dialog that allows you to select 
the maximum level you expect.
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For the APx515, six ranges are available for both 
unbalanced and balanced analog inputs:

•0 Vrms to 250 mVrms

•250 mVrms to 800 mVrms

•800 mVrms to 2.5 Vrms

•2.5 Vrms to 8 Vrms

•8 Vrms to 25 Vrms

•25 Vrms to 80 Vrms

For the APx582, 585 and 586 (8-channel input mod-
ule), six ranges are available for both unbalanced and 
balanced inputs:

•0 Vrms to 320 mVrms

•320 mVrms to 1 Vrms

•1 Vrms to 3.2 Vrms

•3.2 Vrms to 10 Vrms

•10 Vrms to 32 Vrms

•32 Vrms to 100 Vrms

For the APx520, 521, 525, and 526 (2-channel input 
module), seven ranges are available. For the unbal-
anced analog inputs they are:

•0 Vrms to 320 mVrms

•320 mVrms to 1 Vrms

•1 Vrms to 3.2 Vrms

•3.2 Vrms to 10 Vrms

•10 Vrms to 32 Vrms

•32 Vrms to 100 Vrms

•100 Vrms to 160 Vrms

For the balanced analog inputs, the seventh range is 
extended to a higher voltage:

•100 Vrms to 300 Vrms

For the APx555, eleven ranges are available. These 
are the same for both the unbalanced and balanced 
analog inputs:

•0 Vrms to 310 mVrms

•310 mVrms to 620 mVrms

•620 mVrms to 1.25 Vrms

•1.25 Vrms to 2.5 Vrms

•2.5 Vrms to 5 Vrms

•5 Vrms to 10 Vrms

•10 Vrms to 20 Vrms

•20 Vrms to 40 Vrms

•40 Vrms to 80 Vrms

•80 Vrms to 160 Vrms

•160 Vrms to 320 Vrms

Choose the lowest range whose upper limit is greater 
than the expected maximum input signal. The easiest 
way to do this is to enter the expected maximum input 
level into the Minimum Range field in the Advanced 
Settings > Input Range dialog. The software will 
choose the lowest range that will accommodate that 
level. 

If a signal greater then the Minimum Range is pre-
sented to the analog input, the ranging circuits will 
range up to accommodate the higher level, and then 
drop again when the signal level falls. The range will 
not be set below the Minimum Range.

Autoranging
Autoranging employs a circuit that measures the input 
voltage and automatically selects the correct range for 
the signal. As the signal level varies, the range will be 
switched up or down to keep the signal in the best 
range for measurement.

Autoranging works well for steady signals or signals 
whose levels change slowly. Most test stimulus sig-
nals are consistent, making autoranging a good 
choice for most testing.

When autoranging isn’t suitable
However, signals that are very dynamic (such as tone 
bursts, music, voice or noise signals) may cause the 
autoranging circuits to switch too often for your test 
purposes. Signals with very fast pulses or spikes 
change too quickly for the autoranging circuit to react 
and may cause incorrect measurements due to rang-
ing errors. Batch measurements that experience a 
range change during an acquisition will abort, as will 
acquisitions being saved to file. POLQA, PESQ and 
other perceptual audio measurements use voice sam-
ples as test signals, and require the use of fixed rang-
ing.

In these cases, evaluate the signal range carefully, or 
estimate the range if you must, and manually set the 
analyzer ranging to accommodate the input signal. 
See Fixed Ranging, beginning on the previous page.

Also, autoranging takes time. When the signal levels 
are known and a sequence would require many range 
changes, using fixed ranging will provide faster testing.

Ranges Track Ch1
If Ranges Track Ch1 is checked (the default), the fixed 
input range setting for channel 1 is copied to the other 
channels, and range settings for channels greater 
than 1 cannot be edited. Any changes made to chan-
nel 1 are reproduced in the other channels. If Ranges 
Track Ch1 is not checked, the fixed input range set-
ting for each channel can be set independently.
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Autoranging for Continuous Sweep and 
Frequency Response measurements
Measurements based on Continuous Sweep (Acoustic 
Response, Continuous Sweep, Frequency Response, 
Impedance/Theile-Small and Loudspeaker Production 
Test) use a modified autoranging process to find the 
correct input range.

For these measurements, the sweep acquisition 
begins in a particular range called the range floor, and 
moves up from there if necessary. By default, the 
range floor is the instrument’s lowest range, but you 
can specify a higher range by entering the value in the 
Min Range field in the Advanced Settings dialog.

If the initial range is correct for the signal, the acquisi-
tion is made and the data are processed and dis-
played. If this range is too low, data from the out-of-
range sweep are discarded. The input range is moved 
up and the sweep is repeated. This process may result 
in several sweep attempts before the correct range is 
determined; however, since the sweeps are very fast 
(typically one second) the total acquisition time is 
short.

If your sweep is a step in an automated sequence that 
you would like to run as fast as possible, you can opti-
mize the speed of the ranging process by setting the 
range floor to the correct range for the measurement.

Settling Overview
APx500 uses settling mechanisms to obtain represen-
tative and consistent readings during sweeps and 
other measurements.

Practical devices will take a finite time to stabilize 
when an input signal changes, and at each sweep 
point a DUT will have an initial moment of instability. 
Also, practical audio analyzers require a minimum 
time to acquire sufficient data for proper analysis. 
These instabilities can vary with frequency, level, peri-
odicity of signal and other factors. To provide consis-
tent and accurate measurements, APx500 uses 
settling mechanisms to obtain stable, settled read-
ings.

When settling is enabled, the analyzer pauses before 
reporting the result for each measurement or sweep 
point, providing time for DUT stabilization. The settling 
mechanisms attempt to make the pause as short as 
possible consistent with obtaining a settled reading. 
When more than one input type is configured, the ana-
lyzer waits until the input type with the longest set-
tling time has settled before moving on to the next 
step of the measurement. Since DUTs often take lon-
ger to stabilize when stimulated by a low frequency 
and acquisitions must be longer for sufficient low fre-
quency resolution, you will notice that the sweep pro-
gresses more slowly through the low frequencies. This 
is due to settling.

APx500’s settling mechanisms are optimized for fast, 
stable readings, but some of the settling parameters 
are available for adjustment. Depending upon the 
DUT, the nature of your measurement and your 
required results, you may find that adjusting the 
default settling parameters will give you faster or more 
consistent sweeps.

Settling in Sequence Mode
Measurements that can be settled
Signal to Noise Ratio and Crosstalk measurement are 
always settled, both for on-screen display and for 
reports. Stepped Sweeps are settled at each point, 
both for on-screen display and for reports.

Single value “meter” measurements in APx500 (Level 
and Gain, THD+N, Interchannel Phase, DC Level and 
the IMD measurements) appear on-screen as real-
time measurements, unsettled.

When a meter measurement is started from the Navi-
gator, (whether singly or as part of a sequence) these 
measurements are settled before the results are 
reported.

These defaults can be overridden. Settling
can be defeated by unchecking the Enable
checkbox and setting delays to zero in the
Advanced Settings dialog.

Measurements that cannot be settled
Continuous Sweep measurements (including Fre-
quency Response measurements) do not have set-
tling available. Instead, the stimulus includes a pre-
sweep signal to avoid transient-induced “pops” in the 
DUT.

The Signal Analyzer views are not settled. The Signal 
Analyzer FFT Spectrum view employs selectable aver-
aging to reduce transient and non-periodic compo-
nents in the results.

Adjusting Settling Parameters
Settling is normally enabled with default settings. 
These settings are correct for most measurements 
and do not require adjustment. Settling is applied 
when a report is generated, either singly or as part of 
an automated sequence.

If you would like to optimize the settling for speed or to 
accommodate a challenging signal, the Settling tab (or 
tabs) in Advanced Settings provide options.

Settling tabs
Some measurements in APx500 measure only one 
type of signal and require only one set of settling 
parameters. Others measure two or even signal types 
and have independent settling parameters for each. 
SNR is an example, where the signal and the noise 
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are settled with different settings. Stepped Frequency 
sweeps have three settling tabs.

In the various Advanced Settings dialogs, one or more 
Settling tabs allow you to view and adjust the settling 
parameters. The illustration on page 742 shows the 
settling tabs and default settings for

1. Settling for Level measurements.

2. Settling for Interchannel Phase measurements.

3. Settling for SNR Signal measurements.

4. Settling for SNR Noise measurements.

5. Settling for Stepped Sweep Phase measurements

6. Settling for Stepped Sweep THD+N measure-
ments.

In the explanations below, the default settings for 
each Settling tab are described.

Initial delay
To avoid spurious transient signals caused by DUT 
instability at the onset or change of the stimulus tone, 
the first moment of the acquisition is not measured. 
Measurement begins after the initial delay. The initial 
delay is calculated using the values entered in the 
Delay Time and Delay Cycles fields. The actual delay 
time is the greater of: 

•the value set in Delay Time, or

Delay time defines an initial measurement 
delay in seconds. The effect of this delay is 
the same at all frequencies.
Minimum delay time is 0 s.
Maximum delay time is 10 s.
Defaults:
20.00 ms for all measurements except 
SNR (Noise), which is 300.00 ms.

•the value set in Delay Cycles multiplied by the 
period of the generated stimulus signal.

Delay cycles defines an initial measure-
ment delay in number of cycles of the stim-
ulus waveform. This setting produces a 
greater time delay at low frequencies.
Minimum delay cycles is 0.
Maximum delay cycles is 100.
Defaults:
3.000 cycles for all measurements except 
SNR (Noise), for which the Delay Cycles 
control is not available.

These settings interact to produce a frequency-depen-
dent delay curve with an inflection at the point where 
Delay Time and the time calculated using Delay Cycles 
are the same. For SNR (Noise) the delay time is inde-
pendent of frequency.

Initial delay settings are observed even if the Enable 
Settling checkbox is unchecked. Initial delay can be 
set to none by entering 0 in both fields.

Time and Cycles in Settling dialogs
For both the pre-settling Delay and the Flat algorithm 
Settling window, the calculation of total time from the 
values entered in the Time and Cycles fields follows 
the same rules:

The time is the greater of:

•the value set in Delay (or Settling) Time, or

•the value set in Delay (or Settling) Cycles value 
multiplied by the period of the generated signal.

In both cases, these settings produce intersecting 
curves, as shown in the diagram. With default values, 
this has the effect of lengthening the time at lower fre-
quencies.

Illustration of both Initial delay and 
Settling delay calculation.

Example 1
The period of a 1 kHz sine wave is 1 ms. For a mea-
surement at 1 kHz with typical Delay settings, the 
value of Time = 20 ms, and the calculated value of 
Cycles is 3 × 1 ms = 3 ms. Actual setting is the greater 
value, or 20 ms. The 3 cycles setting exceeds 20 ms 
at 150 Hz, which has a period of 6.667 ms. 

Example 2
The period of a 100 Hz sine wave is 10 ms. For a mea-
surement at 100 Hz with the same settings, the value 
of Time = 20 ms, and the calculated value of Cycles is 
3 × 10 ms = 30 ms. Actual setting is the greater value, 
30 ms.

Settling algorithms
After the initial delay, APx500 uses one of two settling 
algorithms. Flat is usually more suitable for periodic 
signals and is the default for most measurements. 
Average is sometimes more suitable for aperiodic 
(noise-dominated) signals. You can select either algo-
rithm when available. Enable Settling must be 
checked to use a settling algorithm; if the box is 
unchecked, the signal will be measured directly after 
the initial Delay Time / Delay Cycles time has passed.

Defaults:
Flat is the default algorithm for all measurements 
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except SNR (Noise), for which Average is the default 
algorithm.

The Flat Algorithm
The flat algorithm settings describe a time/level win-
dow within which a series of measurements must fall 
for the last point to be considered settled. The width 
of the window is the time calculated using the values 
entered in the Settling Time and Settling Cycles fields. 
The actual settling time is the greater of:

•the value set in Settling Time {default: 60.00 ms}, 
or

In conjunction with Settling Cycles, Set-
tling Time defines the width of the Flat 
algorithm time window in seconds. The 
effect of this setting is the same at all fre-
quencies.
Minimum settling time 0 s.
Maximum settling time is 10 s.
Defaults:
60.00 ms for all measurements except the 
two Stepped Sweep (THD+N) tabs, which 
are 150.00 ms, and SNR (Noise) which is 
80.00 ms, if Flat is selected.

•the value set in Settling Cycles multiplied by the 
period of the generated stimulus signal.

In conjunction with Settling Time, Settling 
Cycles defines the width of the Flat algo-
rithm time window in seconds. This setting 
produces a wider time window at low fre-
quencies.
Minimum settling cycles is 0.
Maximum settling cycles is 100.
Defaults:
3.000 cycles for all measurements except 
the two Stepped Sweep (THD+N) tabs, 
which are 5.000 cycles, and SNR (Noise), 
for which the Settling Cycles control is not 
available.

These settings interact to produce a frequency-depen-
dent delay curve with an inflection at the point where 
Settling Time and the time calculated using Delay 
Cycles are the same.

The height of the window is the instantaneous mea-
sured level multiplied by:

•twice the value set in Tolerance.

As each acquired point is measured, the 
Flat algorithm window is redefined around 
its level. The height of the window is ±{Tol-
erance percentage}, and is always cen-
tered vertically above and below the 
measured value.
Minimum tolerance percentage is ±0%.
Maximum tolerance percentage is 
±1000%.
Defaults:
1 % for all measurements except the two 
Stepped Sweep (THD+N) tabs, which are 
5 %, and the SNR (Noise), for which the 
Flat Algorithm selection is not available.

Flat Algorithm Window
When using the Flat settling algorithm, it is useful to 
imagine a “window” that qualifies the latest point in a 
series of measurements as a “settled” measurement. 

Flat algorithm settling window.

The Settling Time setting defines the width of the win-
dow in time. The current or latest point is shown at the 
right of the window. Previous points are shown to the 
left of the latest point. The number of points in the 
window depends on the measurement rate and the 
width of the window (Settling Time).

The Tolerance setting defines the height of the win-
dow. Since Tolerance is figured as a plus/minus per-
centage, a 1% Tolerance setting (±1%) defines a 
window height of 2%. The latest point is centered at 
0%.

If any of the points in the window width (Settling Time) 
fall outside the window height (±Tolerance), the algo-
rithm moves to the next measurement point for a new 
evaluation. When all the points in the window width 
are also within the window height, the measurement 
is considered settled and the latest point is reported 
as the measurement value.

If the flat algorithm cannot produce a settled result in 
a time of ten windows, the settling is considered failed 
and the data in the most recent time of five windows 
are averaged to produce a result.

The Settling Average Algorithm
This algorithm averages the data to be settled over a 
period of time to produce a result. The period is set by:

•the value set in Averaging Time {default: 200.0 
ms}.

Minimum averaging time is 0 s.
Maximum averaging time is 10 s.
Defaults:
200.00 ms for all measurements except 
the SNR (Noise) tab, which is 300.00 ms.
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Reset Values to Defaults
Click Reset Values to Defaults to restore default set-
tings.

Settling Dialog, Bench Mode
 See Settling Overview on page 743, and More About 
Settling in Bench mode on page 747. 

APx500 uses settling mechanisms to obtain represen-
tative and consistent readings during sweeps. In 
Bench Mode, Settling is applied at each step of a 

Sweep, and can optionally be applied at each reading 
in the Recorder. The Monitors/Meters, FFT, Continu-
ous Sweep and Acoustic Response are always unset-
tled. Settling parameters can be set for individual 
inputs types when multiple input types are configured 
in Signal Path Setup. A second Settings button is avail-
able in the Analyzer panel for settling when a second 
input type is configured. The input name and connec-
tor type are displayed in the title bar of the settling 
dialog when multiple input types have been config-
ured. 

Settling Enabled
This checkbox enables or disables Settling.

Reset All to Defaults
This switch resets all settling parameters for all results 
to the default values.

Settling Timeout
This value sets the maximum time that APx will wait 
for a settled reading. If the reading is not settled 
within this time, the reading is marked with a “T” mark 

 (timeout) on the graph. The readings within the lat-
est Settling window are averaged, and this value is 
used for the failed reading (see “Flat Algorithm Win-
dow” on page 745).

Reading Type
Select the Reading type that you'd like to examine 
from the menu. Each Reading type has been popu-
lated with default settling parameters appropriate for 
that Reading. You can edit the parameters for each 
Reading type (and for each channel, if Settling Param-
eters Track Ch1 is not set). Parameters are remem-
bered for each Reading type and channel.

Settling Parameters Track Ch1
When the Settling Parameters Track Ch1 checkbox is 
set, all input channels are set to the same settling 
parameters for each result type. When Levels Track 

Ch1 is unchecked, each channel's settling parame-
ters can be set individually.

Reset to This Reading to Defaults
This button resets the parameters for the currently 
selected Reading type only.

Algorithm
Settling uses one of two algorithms. Flat is the pri-
mary method, and Average is an alternative for noisy 
signals.

Choose None, Flat or Average.

Flat
The Flat algorithm reports a data point when the sig-
nal is stable enough that the difference between any 
two consecutive readings  is: 

•less than plus or minus the percentage value 
specified in the Tolerance field (or, for very low 
level signals, less than plus or minus the absolute 
level value set in the Floor field), and

•that this degree of stability is held through the lon-
ger of 

•the length of time set in the Settling Time 
field, or

•the length of time that is the sum of the peri-
ods of the number of cycles (at the current 
measured frequency) set in the Settling 
Cycles field, or
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•the number of readings specified in the Points 
field.

Average
The Average settling algorithm takes the mathemati-
cal average of the signal data points across the lon-
ger of 

•the length of time set in the Settling Time field, or

•the length of time that is the sum of the periods of 
the number of cycles (at the current measured fre-
quency) set in the Settling Cycles field, or

•the number of readings specified in the Points 
field.

Delay Time
Enter a Delay Time value here. Delay Time defines an 
initial measurement delay in seconds, and is one of 
the two parameters that determines the initial delay 
for each reading type. The initial delay is the sum of 
Delay Time and the time defined by Delay Cycles.

The length of Delay Time is the same at all frequen-
cies. 

•Minimum Delay Time is 0 s.

•Maximum Delay Time is 10 s.

Delay Cycles
Enter a Delay Cycles value here. Delay Cycles defines 
a length of time that is the sum of the periods of the 
number of cycles (at the current measured frequency) 
set in the Delay Cycles field. The initial delay is the 
sum of Delay Time and the time defined by Delay 
Cycles.

The length of Delay Cycles varies with frequency, with 
longer delays at lower frequencies. 

•Minimum Delay Cycles is 0.

•Maximum Delay Cycles is 500.

Settling Time
Along with Settling Cycles and Points, Settling Time 
defines the width of the algorithm time window. The 
window width is the longer of Settling Time or Settling 
Cycles.

The width defined by Settling Time is the same for all 
frequencies.

•Minimum Settling Time is 0 s.

•Maximum Settling Time is 5 s.

Settling Cycles
Along with Settling Time and Points, Settling Cycles 
defines the width of the algorithm time window. The 
window width is the longer of Settling Time or Settling 
Cycles.

The width defined by Settling Cycles is the length of 
time that is the sum of the periods of the number of 
cycles set, at the current measured frequency. This 

causes settling to be slower, but to have fewer fail-
ures at low frequencies. If Setting Cycles is greater 
than zero, the Settling window is wider (settling for a 
longer time) at low frequencies.

•Minimum Setting Cycles is 0.

•Maximum Setting Cycles is 500.

Points
Enter the Points here. This defines the minimum num-
ber of data points to be evaluated for settling. 

Tolerance
This field is available when Algorithm is Flat. This 
specifies the amount of variability you are willing to 
accept from test to test, as a percentage of signal 
level.

Floor
This field is available when Algorithm is Flat. 

When working at the bottom of a measurement range, 
it can be difficult to get readings that satisfy the Toler-
ance setting, because Tolerance is a percentage and 
therefore relative to the signal level. When signal level 
is very small, level variations (largely due to noise) can 
consistently exceed the Tolerance and cause Settling 
to time out.

Floor helps avoid Settling timeout at low levels by 
establishing a threshold where the relative Tolerance 
evaluation is replaced by the absolute Floor evalua-
tion, using ± the value set in Floor to set the settling 
range (the height of the Settling window.)

For Reading Types that are ratios (such as THD+N 
Ratio), the Floor values are also in ratio units. Many 
users find the per cent (%) ratio unit more intuitive to 
use in this application than the other available Floor 
ratio units, such as dB.

More about Settling in Bench 
Mode
Overview
Practical devices will take a finite time to stabilize 
when an input signal changes, and at each sweep 
point a DUT will have an initial moment of instability. 
Also, practical audio analyzers require a minimum 
time to acquire sufficient data for proper analysis. 
These instabilities can vary with frequency, level, peri-
odicity of signal and other factors. To provide consis-
tent and accurate measurements, APx500 uses 
settling mechanisms to obtain a stable, settled read-
ing.

When settling is enabled, the analyzer pauses at each 
sweep point to allow for stabilization. The settling 
mechanisms attempt to make the pause as short as 
possible consistent with obtaining a settled reading. 
Since DUTs often take longer to stabilize when stimu-
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lated by a low frequency and acquisitions must be lon-
ger for sufficient low frequency resolution, you will 
notice that the sweep progresses more slowly through 
the low frequencies. This is due to settling.

APx500's settling mechanisms are optimized for fast, 
stable readings, but the settling parameters are avail-
able for adjustment. Depending upon the DUT, the 
nature of your measurement and your required 
results, you may find that adjusting the default set-
tling parameters will give you faster or more consis-
tent sweeps.

Settling Concepts
Since much of the signal disruption occurs at the 
beginning of a sweep step because of instrument and 
DUT stabilization, the settling function is designed to:

•Ignore early readings, and

•Determine when a reading should be considered 
stable enough for data to be acquired.

Initial Delay
Settling in APx ignores early readings by providing ini-
tial delay settings. You can set initial delay by direct 
time entry and by cycles entry, which lengthens the 
delay at lower frequencies. Any measurements that 
arrive within the period between the beginning of a 
sweep step and the time set in the Delay Time field 
are discarded. Typical default Delay Time settings are 
in the 20 ms to 100 ms range, depending on the 
result selected.

Determination of stable data
APx uses one of two settling algorithms to determine 
when data is stable enough to measure.

Flat
Flat provides highly repeatable results and is the 
default algorithm selection. The Settling window is a 
useful aid to understanding the Flat algorithm.

The Flat Algorithm reports a data point when the sig-
nal is stable enough that the difference between any 
two consecutive readings is:

•less than plus or minus the percentage value 
specified in the Tolerance field (or, for very low 
level signals, less than plus or minus the absolute 
level value set in the Floor field), and

•that this degree of stability is held through the lon-
ger of 

•the length of time set in the Settling Time 
field, or

•the length of time that is the sum of the peri-
ods of the number of cycles (at the current 
measured frequency) set in the Settling 
Cycles field, or

•the number of readings specified in the Points 
field.

The Flat algorithm ensures that the signal variations 
have been settled to the specified Tolerance (or Floor) 
for some time.

Average
Average is useful for noise measurements and for 
other random or aperiodic signals. The Average algo-
rithm is particularly useful when the signal is funda-
mentally noisy and might never settle within a 
practical tolerance.

The Average settling algorithm takes the mathemati-
cal average of the signal data points across the lon-
ger of 

•the length of time set in the Settling Time field, or

•the length of time that is the sum of the periods of 
the number of cycles (at the current measured fre-
quency) set in the Settling Cycles field, or

•the number of readings specified in the Points 
field.

The Average algorithm is particularly useful when the 
signal is fundamentally noisy and might never settle 
within a practical tolerance.

Different measurements and readings may require dif-
ferent settling settings for fast measurement and con-
sistent results. APx provides default settings for a 
number of reading types, each of which can be cus-
tomized.

Settling Tolerance
Settling Tolerance represents the amount of variabil-
ity you are willing to accept from test to test. A toler-
ance of 0.1% (about 0.01 dB) may be appropriate for 
frequency response tests on a DUT with excellent 
characteristics; at the other extreme, tolerances of 
10% to 25% may be necessary to obtain data under 
noisy conditions. The default value of 1% is a good 
starting place.

Settling Floor
When working near the very bottom of the dynamic 
range for a particular APx measurement, the differ-
ence between two adjacent values or quantization lev-
els can be large compared to the criteria in the 
settling algorithm. At levels greater than a few percent 
of full scale, the value set in the Tolerance field is nor-
mally the determining parameter, but close to the bot-
tom of a measurable range another technique is 
needed to keep the settling from slowing down the 
sweep or even stopping it entirely.

The Floor setting provides this protection. Whenever 
the value set in the Floor field is larger than the prod-
uct of the measured signal multiplied by the Toler-
ance percentage, the algorithm uses the Floor value 
instead of waiting for the signal to satisfy the Toler-
ance criteria.
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For example, with a Tolerance of 1% and a Floor set-
ting of 1 µV, the Floor takes over when the measured 
signal drops below 100 µV. When Floor is in effect, 
settling is satisfied when three adjacent points are 
within the absolute value of the level set in the Floor 
field.

The default values of Floor for each meter are chosen 
to be approximately the resolution of that meter on its 
most sensitive range. Since resolution increases as 
the reading rate slows, it may be appropriate to 
change the default Floor values when the reading rate 
is fixed at a specific value.

Settling Timeout
It is possible with extremely noisy signals that the 
instability of the measured parameter is consistently 
greater than the Tolerance value entered on the Set-
tling panel, and that it is impossible to satisfy the Set-
tling algorithm and get a settled reading.

The Timeout control exists to keep your sweep from 
running slowly or even locking up under these condi-
tions. If a settled reading cannot be made within the 
period of time entered in the Timeout field, the read-
ing is marked with a “T” mark  (timeout) on the 
graph. APx will average the readings within the latest 
Settling window, enter that value as a data point and 
move on to the next sweep step.

The default Timeout value (per step) is 4.000 sec.

See Time and Cycles in Settling dialogs on page 744, 
and Flat Algorithm window on page 744.
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104

Results: Meters, Graphs, and Tables

Overview
APx500 measurements have one or more primary 
results. You can also specify Derived results, User 
Defined results, and Imported results. Results are 
viewed in Result Displays.

Primary results
Each measurement has one or more primary results 
associated with it. A primary result is the direct result 
of a measurement; a primary Level result, for exam-
ple, is the measured amplitude of the audio signal. 
Most measurements have several primary results 
associated with them. Frequency Response, for exam-
ple, has four: Level, Gain, Relative Level and Devia-
tion.

A new measurement initially presents its complete set 
of primary results in the Navigator tree and the Selec-
tor filmstrip. If multiple input types are configured 
when a new measurement is added, primary results 
are added for each input. If only one input type is con-
figured, primary results are only added for the config-
ured input. 

When a new project is opened or when a new signal 
path is added to a project, the default measurements 
are included along with the associated results for 
Input 1. Results for another input can then be added  
when an additional input is configured.

A batch measurement (page 234) primary result ini-
tially has one Data Set, called Measured1. This is the 
data gathered from measuring the acquisition. For 
measurements and results that support appending, 
multiple Data Sets can be appended to primary 
results and are called Measured2, Measured3 and so 
on. Meter measurements (page 232) do not support 
appending measurement data.

Derived results
A measurement can also have one or more user-
defined Derived results. A Derived result is a data 
point or set of data points derived from an existing 
result (called the source result) by a mathematical 

computation such as averaging or normalizing. 
Derived results can be attached to primary results, 
imported results or existing Derived results.

See Chapter 105 for more information about Derived 
Results.

User Defined results
You can define a new result and add it to a measure-
ment. The data for a Defined result is read from a file 
on disk at measurement run time, or when the 

 (Refresh) button is clicked. See page 771 
for more information about Defined results.

Imported data 
Data can be imported into an XY Graph result from a 
file on disk. The data may have been exported from an 
APx measurement, or saved from another application, 
or created as an arbitrary list of values. Any compati-
ble data can be imported into a result to form a new 
Data Set for that result. Imported Data Sets are called 
Imported1, Imported2 and so on. Bar Graph results do 
not support importing data from a file on disk.

See page 767 for more information about importing 
result data.

Result Displays
Bar Graphs/Meters
Meter measurements (page 232) have only one result 
parameter per channel. Meters typically show results 
as Bar Graph displays (also called Meters). Meters 
also display numerical results on the Bar Graph and in 
the Graph Data grid. As real-time measurements, 
meter measurement Bar Graphs and numerical dis-
plays are constantly updating.

Some batch measurements have one or more single-
parameter results, which are displayed as Bar Graphs. 
See more about Bar Graphs starting on page 754.

XY Graphs
Most results of batch measurements (page 234) have 
two parameters per channel (level vs. frequency, for 
example) and are displayed as XY Graphs. The data 
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being graphed can be viewed as numerical results in 
the Graph Data grid. See more about XY Graphs start-
ing on page 758.

Other result displays
Some results of a few APx measurements (Metadata 
Recorder, POLQA, PESQ and Impedance/Thiele-Small 
are examples) do not use either Bar Graphs or XY 
Graphs. Displays for such measurements are dis-
cussed in the individual measurement chapters.

Lists and tables
The graphic displays for both Bar Graphs and XY 
Graphs are generated from underlying data points. 
You can view and export a list (for Meter results) or a 
table (for XY or other results) containing the data val-
ues. See Graph Data on page 767.

Working with results
Navigating results
Results are represented as branch nodes on the Navi-
gator tree display, and as thumbnails in the Selector 
filmstrip display. The currently selected result is dis-
played in the Graph panel.

Primary or derived results can be added to or deleted 
from a measurement, and can be renamed to suit 
your needs. Multiple instances of a result can be 
added to a measurement.

Results can be sorted in the selector filmstrip to make 
results easier to locate. See Sorting Results on 
page 241.

Adding, deleting or renaming results 
You can add a single primary result or multiple pri-
mary results to one or more inputs using the Add Pri-
mary Results dialog. 

Derived results can be added to a primary result in the 
selector using the Add Derived Result dialog.

Add, delete or rename a primary or a derived result to 
a measurement using any of these methods: 

•Navigator
To add a result, right-click on a result and choose 
Add Primary Results... or Add Derived Result... to 
open the corresponding results dialog and add 
results. 
To delete a result, right-click on a result and 
choose Delete > Delete Result to delete the 
selected result or Delete > Delete Unchecked 
Results to delete all results that are not checked.

•Selector toolbar
To add results, click Add > Primary Results... or 
Add > Derived Result to open the corresponding 
results dialog and add results.
To delete results, select a result in the filmstrip 
and click Delete > Selected Result to delete a sin-

gle result or Delete > Choose Results... to open 
the Delete Results dialog and delete multiple 
results.

•Selector filmstrip
To add results, right-click on a result or between 
results and choose Add Primary Results... or Add 
Derived Result to open the corresponding results 
dialog and add results.
Right-click a result and choose Delete or Rename.

•Project menu
To add a result, select a measurement or result in 
the Navigator or a result in the Selector, and from 
the main Menu bar choose Project > Add Primary 
Results..., or Project > Add Derived Result... to 
open the corresponding dialog and add results.
To delete a result, select a result in the Navigator 
or Selector and from the main Menu bar choose 
Project > Delete Result to delete the selected 
result or Project > Delete Unchecked Results.

•Graph display
Right click in the large Graph result display and 
choose Add Derived Result, or click the Add 
Derived Result button in the Graph toolbar. 

Available results will vary with analyzer model, hard-
ware, Signal Path Setup configuration, selected mea-
surement and, for derived results, the selected source 
result.

Primary Results can be added for a specific input or 
all inputs, if supported. When results from multiple 
inputs are included on the Selector filmstrip and more 
than one input is configured, the connector name is 
included in the label and the tool tip for the result. in 
both the selector filmstrip and the navigator

Multi Input Labels and Tooltips
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Add Primary Results dialog

Primary Results are listed in a default order and can 
be sorted alphabetically by selecting Sort By > Alpha-
betical or returned to the default order by selecting 
Sort By > Default. 

If a measurement only supports a single
input type, the Add selection is shown
instead of the Add To... selection.

Add Derived Result dialog

Selecting a result
To select a result, click on the result branch in the 
Navigator, or on the result thumbnail in the Selector.

In addition, you can select an existing derived result by 
first selecting the source result and then choosing Go 
to Derived from the Project menu or from the context 
menus available in the Navigator, the Selector or the 
Graph.

You can also select a source result by first selecting 
the derived result and then choosing Go to Source 
from the Project menu or from the context menus 
available in the Navigator, the Selector or the Graph. 

Viewing a result display
View a result display in the Graph panel by selecting 
the result.

Viewing result details
To view result details, select the result and click 
Details in the Selector toolbar. This is particularly use-
ful when working with Derived Results, as it reveals 
the relationships between source and derived results. 
See page 766.

Moving a result
In the Selector, grab a result thumbnail with the 
mouse cursor and drag it to a new position in the 
Selector. The result positions in the Selector deter-
mines the relative result locations in a report.

Printing or exporting a result
You can print or export a single result by selecting the 
result, then clicking Print/Export this Result. Such 
results are always unsettled. See Settling on page 
743.

Including a result in a sequence
Any result that is checked in the Navigator, and whose 
source measurement is checked, will be included in a 
sequence.

Including a result in a Sequence report
If Report is checked in the Navigator, any result that is 
included in a sequence will be included in the 
sequence report.

You can also run an individual measurement by right-
clicking on the measurement in the Navigator and 
choosing Start Selected Measurement from the con-
text menu. If Report is checked in the Navigator, any 
result that is checked for that measurement will be 
included in the measurement report. If Settling is 
available for the result, it is applied.
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“----” (invalid) results
Some configurations or results are invalid, and tables 
or graphs that display such a result show four dashes 
“----” followed by the current unit symbol.

Such a result is not a number. It represents an invalid 
condition for measurement, or no data.

For example, in phase measurements one channel is 
selected as a reference channel. As such, it has no 
numerical value, and its result is displayed as “----
deg”. A reference channel is ignored for pass/fail eval-
uation and for derived results computations.

In another example, a THD+N Ratio measurement 
with no input provides nothing for the distortion ratio 
algorithm to work with. The THD+N Ratio result for a 
channel with no input is “----%”. Such a result will 
cause a failure when compared against limits.

Similarly, an unlocked digital input has no valid audio 
result. The result is displayed as “----dBFS”.

Derived results attached to “----” results
When a derived result is attached to a result that 
includes a reference channel (such as a phase result), 
the reference channel is ignored in the computations.

When a derived result is attached to a result that 
includes one or more channels with “----” results, and 
one or more of such channels is included in the result 
specification, the derived result is “----”.

Introduction to Result displays
In APx500, measurement results are shown as meter 
Bar Graphs, as XY graphs or as values in a table or 
grid. These results can be viewed on-screen, printed or 
output as data. Results can be also compared to lim-
its, so that you can evaluate the performance of your 
DUT against a performance requirement. This chapter 
looks at the features of each type of display, the prop-
erties you can set for each display, and how to apply 
limits to your results.

Meter displays show a one-parameter Bar Graph 
result for each channel. An example is a simple level 
measurement, as shown here. Channel 1 is mea-
sured at 0 dBV.

Graphs show the relationship between two parame-
ters for each channel. The example below shows the 
level of Channel 1 as it varies by frequency. The DUT 
has a 12 dB peak in the response, centered at about 
6.5 kHz.

Tables and grids can show one, two or more parame-
ters per channel, with values for each parameter 
arranged in a column like a spreadsheet. You’ll find 
grid displays in the Signal Monitor view and in the Ref-
erence Levels dBr A and B settings. The data behind 
each meter bar and Graph display can also be viewed 
as a table. The table to the right shows part of the 
data for the frequency response Graph above.

Bar Graph (Meter) Displays
Bar Graph (Meter) displays are used for those mea-
surements that measure only one parameter per 
channel, providing a clear view of this parameter 
across many channels. APx500 also uses a vertical 
Bar Graph display for distortion product measure-
ments, where several parameters are displayed but 
the view is limited to one channel.

The Bar Graph Panel
The Bar Graph Panel contains the Bar Graph and the 
Bar Graph toolbar. Below the Bar Graph Panel is the 
Selector filmstrip, where you can choose which result 
to view, add results, etc.



Chapter 104: Results: Meters, Graphs, and Tables

APx500 User’s Manual 755

Result Name
The name of the result is at the top of the Graph. You 
can change the result name in the Graph Properties 
dialog, in the Selector or in the Navigator/Sequencer.

Measurement Timestamp
The current date and time are shown at the top right 
of the Graph. You can enable or disable the time-
stamp in the Project/Sequence Properties dialog.

Zoom
You can zoom in and out using the scroll wheel on 
your mouse; if you do not have a scroll control, you 
can hold the Ctrl button while dragging the mouse 
pointer left or right in the Graph area or on the X-axis 
scale. Click Set Zoom/Pan to Original  in the tool-
bar or context menu to return the Graph to its original 
size.

Pan
Click anywhere in the Graph or in the X-Axis scale and 
drag to move the Graph image.

X-Axis
Click on the chevron icon  (next to the X-axis title) to 
open a menu that provides access to Units and Log/
Linear settings, Autoscale On/Off and the Graph Prop-
erties dialog.

Bar Graph toolbar

The Bar Graph (Meter) toolbar extends across the top 
of the Graph Panel. The commands in the toolbar are 
also available in the context menu invoked by right-
clicking in the Graph area.

Save Bar Graph Data to disk

Click this button to display the save options for the 
meter Bar Graph in a drop-down menu. 

Data File...
Opens the Export Graph Data dialog to save data as a 
Microsoft Excel spreadsheet file or a CSV text file.

Image File...
Opens a file browser window to enable you to name 
the file and browse to a folder to save data as an 
image file. Supported file formats are:

This image can then be imported into another applica-
tion. If the data on screen is unsettled, the image that 
is saved is also unsettled.

Copy Graph image to clipboard

Click this button to copy the meter Bar Graph to the 
Windows clipboard as a bitmap image. This image can 
then be pasted into another application. If the data on 
screen is unsettled, the image that is copied is also 
unsettled.

Print/Export Results for this view

Click this button to print or export the results of the 
current measurement. If limits are set, the results are 
compared to the limits. 

Zoom in

Click this button and then drag the mouse pointer 
across the Graph to define an area. When you release 
the mouse button, the display will zoom to that area.

Zoom out to original

Click this button to return a zoomed or panned dis-
play to its original magnification and location. 

Fit view to data

This control autoscales the graph to the current data, 
at the moment the Fit view to data button is clicked.

Show Graph data

Click this button to open a data view window that dis-
plays the meter data. From this window, you can copy 
the data to the Windows clipboard as text, or export 
the data as a Microsoft Excel spreadsheet file or CSV 
(comma separated value) text file.

Draw/Edit Limits

This button opens a menu where you can select one 
of the two following choices:

 Draw Limits
Click this button to open the Draw Limits dialog.

• bmp • png
• jpg • pdf
• emf
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 Edit Limits
Click this button to open the Edit Limits dialog. See 
page 793 for information about limits.

Edit Graph Properties

Click this button to open the Edit Graph Properties dia-
log. See page 756 for information about editing meter 
Bar Graph properties.

(Pan)
To pan (slide the X axis of the Graph without changing 
the current magnification), click and drag anywhere in 
the Graph, or click and drag in the X-axis scale. 

Units

A measurement produces a result whose value can be 
expressed within a certain family of measurement 
units appropriate to that parameter, so the list of unit 
choices available on the meter bar display is deter-
mined by the type of measurement.

Choose a measurement unit for your display from the 
Units drop-down list. Some units are absolute; others 
calculate values in reference to values set in refer-
ence fields in APx500. 

See Chapter 109 for more information about units of 
measurement.

Undock and Dock

At the right of the Bar Graph toolbar is the Undock but-
ton. This places the meters in a new window (undocks 
them) that can be moved and resized. When a meter 
display is undocked, clicking the Dock button will 
return it to its fixed location in the workspace.

Additional features on the context menu
Right-click in the Graph area to open a context menu. 
The commands on the toolbar are also available here, 
with these additional commands:

 Edit annotations
You can add text annotations to the Graph display. 
These annotations are included with the Graph in the 
Report and when copying or saving the Graph image.

Right-click on the Graph, and select choose  Edit 
Annotations from the context menu. This opens the 
Annotation Toolbox.

To add an annotation, click the  button in the Anno-
tation Toolbox, and drag the mouse cursor to create a 

box on the Graph. Using the Toolbar, choose font size, 
style and color. Use the  Fill Color tool to color the 
box background. Type in the box to enter text for the 
annotation.

To edit an existing annotation, open the Annotation 
Toolbox and select the annotation box. Change the 
font style, size or color in the toolbar. Select and edit 
the type in the box.

To move the text annotation box, click on the box 
frame and drag the box to a new position.

To resize the text annotation box, click on a box cor-
ner and drag to resize the box.

To delete a text annotation, open the Annotation Tool-
box, select the annotation box to be deleted, and click 
the  Delete Annotation button.

Autoscale
Autoscale is a shortcut that sets the Graph Properties 
Range checkbox to Auto. Right-click on the Graph, 
then select Autoscale > X Axis from the context menu.

Meter Bars: Edit Graph Properties
The Graph Properties dialog allows you to edit the 
meter Bar Graph title, X-Axis title and range.

General tab

Title
For most results, when Auto is checked the default 
name for the measurement result (RMS Level, for 
example) is entered into the Title field. For a Defined 
Result, when Auto is checked the Title string from the 
referenced file is entered. 

When Auto is unchecked, you can enter any title into 
the Title field.
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Visible
When Visible is checked the title is applied to the 
Graph.

Alignment
Select Left, Center or Right title alignment.

Font...
The Font... button opens the Windows font browser. 
You can modify the title font family, style, size, color 
and so on from this dialog. Default font is MS Sans 
Serif 8 point.

X-Axis tab

Title
When Auto is not checked, you can enter a title for the 
X-Axis in the Title field.

Auto
When Auto is checked, the X-Axis label shows the 
parameter and the units (Level [dBV], for example).

Visible
When Visible is checked the X-Axis title is applied to 
the Graph.

Range
Range sets the values at the left and right edges of 
the Graph. Enter values in the Left and Right range 
fields. You can also select units from the range field 
drop-down menus.

Autoscale
Autoscale sets the range around the current signal 
characteristics.

Logarithmic
When Logarithmic is checked, the X-Axis scale follows 
a logarithmic rule. 

Linear
When Linear is checked, the X-Axis scale follows a lin-
ear rule.

Center Origin
For a Bar Graph Defined Result, you can specify 
whether or not the Graph origin (0 point) is centered.

Traces tab

Open the Graph Properties dialog and go to the Traces 
tab. By default, the settings are derived from the 
global setting made in the Labels dialog, accessed 
from Signal Path Setup, and from the global settings 
made in the Colors tab, accessed from the Project/
Sequence Properties dialog. In the Traces tab you can 
edit the local settings for each Bar Graph channel, 
overriding the global settings.

Label
Enter a new Label for the channel in this field. This 
setting is local and will only affect this result.

Color
Click on the button to open a color picker. Choose a 
new Color for this channel. This setting is local and will 
only affect this result.

Alternatively, you can right click in a displayed value in 
a meter result (Bar Graph display) to open a context 
menu and edit the Label and Color for that channel.

For more information about setting global labels, see 
page 91. For information about global colors and line 
styles, see page 62.

Data Tab
The Data Tab is used for User Defined Results. See 
page 771.
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Graph data for meters

The data window for meters shows the values for each 
meter bar.

Tabbed Pages
For measurements that have more than one result 
view, tabs at the bottom of the data grid give you 
access to the Graph data for the other results.

Units
For each page, you can select units that differ from 
the initial Graph units.

Export 
Click the Export button to save the data for that page 
as a Microsoft Excel spreadsheet file (*.xlsx) or as a 
comma-separated-value (*.csv) text file.

Copy to clipboard 
Click the Copy button to copy the data to the Windows 
clipboard as tab-delimited text. This data can be 
pasted into other applications such as Microsoft Word 
or MS Excel.

XY Graphs
APx500 graphs display two (and occasionally three) 
parameters of a signal measurement on an XY grid.

In a frequency domain display, these parameters are 
typically level versus frequency, with level on the Y axis 
(vertical, left), and frequency on the X axis (horizontal, 
bottom). In a time domain display, these parameters 
are typically level versus time, with level on the Y axis 
and time on the X axis. Other relationships can be 
graphed: phase angle versus frequency, DUT output 
level versus generator level (linearity) and so on.

Dual axis graphs
An example of a three parameter Graph is the Rub 
and Buzz result in the Acoustic Response measure-

ment. Crest Factor is on the Y axis (vertical, left), Peak 
Ratio is on the second Y axis (vertical, right) and fre-
quency is on the X axis (horizontal, bottom). Read 
more about Dual Axis graphs starting on page 763.

The XY Graph Panel
The XY Graph Panel contains the XY Graph and the XY 
Graph toolbar. Below the XY Graph Panel is the Selec-
tor filmstrip, where you can choose which result to 
view, add results, etc.

Result Name
The name of the result is at the top of the Graph. You 
can change the result name in the Graph Properties 
dialog, in the Selector or in the Navigator/Sequencer.

Measurement Timestamp
The current date and time are shown at the top right 
of the Graph. You can enable or disable the time-
stamp in the Project/Sequence Properties dialog.

Zoom
You can zoom in and out by hovering the mouse 
pointer in the Graph area and using the scroll wheel 
on your mouse; if you do not have a scroll wheel, you 
can hold the Ctrl button while dragging the mouse 
pointer in the Graph area or on an X- or Y-axis scale, 
creating a marquee area. When you release the 
mouse, the Graph will zoom to the marquee area. 
Click Set Zoom/Pan to Original  in the toolbar or 
context menu to return the Graph to its original size.

Pan
Click anywhere in the Graph or in an X- or Y-axis scale. 
The mouse pointer will take the shape of a hand; drag 
to move the Graph image. Click Set Zoom/Pan to Orig-
inal  in the toolbar or context menu to return the 
Graph to its original position.

X-axis and Y-axis
By default, there is only one active Y-axis (the left axis) 
on an XY Graph. You can add a second set of data that 
share the same X-axis but are plotted to a second Y-
axis, on the right. Click the chevron icon  on the 
right side of the Graph to define the right Y-axis. Read 
more about Graphs with two Y-axes starting on page 
763.

For an active axis, click the chevron icon  (next to 
an axis title) to open a menu that provides access to 
Units and Log/Linear settings, Autoscale On/Off and 
the Graph Properties dialog.

Graph toolbar

Note: The following commands are also
available by right-clicking in the Graph dis-
play and choosing the command from the
right-click menu.
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Save XY Graph Data to disk

Click this button to display the save options for the XY 
graph data in a drop-down menu. 

Data File...
Opens the Export Graph Data dialog to save data to 
disk as a Microsoft Excel spreadsheet (*.xlsx), a 
comma separated value text file (*.csv) or a MatLab 
file (*.mat).

.WAV File(s)...
Opens the Export Result to .WAV dialog for any wave-
form result in which the X-axis is a function of time, 
including Acquired Waveforms, Residual Waveforms, 
and Impulse Response results. The saved WAV files 
can be useful for later analysis or playback. See 
Export Waveform (result) Data on page 768.

Image File...
Opens a file browser window to enable you to name 
the file and browse to a folder to save data as an 
image file. Supported file formats are:

•.bmp

•.jpg

•.emf

•.png

•.pdf

This image can then be imported into another applica-
tion.

Copy Graph image to clipboard

Click this button to copy the Graph to the Windows 
clipboard as a bitmap image. This image can then be 
pasted into another application.

Print/Export Results for this View

Click this button to print or export the results of the 
current measurement. If limits are set, the results are 
compared to the limits. 

Zoom in

The Zoom control gives you the ability to enlarge an 
area of the Graph. Click the Zoom button, and the 
mouse pointer becomes crosshairs (a cross).

Horizontal and vertical zoom
Drag the crosshairs across the Graph to define a mar-
quee area for enlargement. Release the mouse but-
ton and the Graph will zoom to the area defined. 

You can also zoom by holding the Ctrl button down 
and dragging a marquee in the Graph.

Horizontal zoom only
Hold the Ctrl button while you drag the crosshairs, and 
the marquee will define an area for horizontal enlarge-
ment. 

You can also zoom horizontally by hovering the mouse 
pointer over the X-axis scale and using the scroll con-
trol on the mouse; if you do not have a scroll control, 
you can hold the Ctrl button while dragging the mouse 
pointer left or right on the X-axis scale.

Vertical zoom only
Hold the Shift button while you drag the crosshairs, 
and the marquee will define an area for vertical 
enlargement.

You can also zoom vertically by hovering the mouse 
pointer over a Y-axis scale and using the scroll control 
on the mouse; if you do not have a scroll control, you 
can hold the Ctrl button while dragging the mouse 
pointer up or down a Y-axis scale.

Zoom out to original

Click this button to return a zoomed display to the orig-
inal magnification and panning position.

You can also return to the original by double-clicking in 
the Graph area.

Fit view to data

This control autoscales the graph to the current data, 
at the moment the Fit view to data button is clicked.

(Pan)
To pan (slide the X and Y axes of the Graph without 
changing the current magnification), click and drag 
anywhere in the Graph. To pan horizontally, click and 
drag in the X-axis scale. To pan vertically, click and 
drag in a Y-axis scale. 
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Show/Hide Cursors

Click this button to show or hide the Graph cursors 
and the associated cursor legend panel. See Cursors 
on page 761 for detailed information.

Show Graph data

Click this button to open a data view window that dis-
plays the Graph data. From this window, you can copy 
the data to the Windows clipboard as text. You can 
also export the underlying Graph result data as an 
Excel spreadsheet (*.xlsx), a comma separated value 
text file (*.csv) or a Matlab file (*.mat).

Draw/Edit Limits

This button opens a menu where you can select one 
of the two following choices:

 Draw Limits
Click this button to open the Draw Limits dialog.

 Edit Limits
Click this button to open the Edit Limits dialog. See 
page 793 for information about limits.

Edit Graph Properties

Click this button to open the Edit Graph Properties dia-
log.

Units

A measurement produces a result whose value can be 
expressed within a certain family of measurement 
units appropriate to that parameter, so the list of unit 
choices available on the meter bar display is deter-
mined by the type of measurement.

Choose a measurement unit for your display from the 
Units drop-down list. Some units are absolute; others 
calculate values in reference to values set in refer-
ence fields in APx500.

Undock / Dock

At the right end of the Graph toolbar is the Undock 
button. This sets the current Graph in a new window 
that can be moved and resized. In the new window, 
click the Dock button to return the Graph to its docked 
location.

Additional features
 Edit Annotations

You can add text annotations to the Graph display. 
These annotations are included with the Graph in the 
Report and when copying or saving the Graph image.

Right-click on the Graph, and select choose  Edit 
Annotations from the context menu. This opens the 
Annotation Toolbox.

To add an annotation, click the  button in the Anno-
tation Toolbox, and drag the mouse cursor to create a 
box on the Graph. Using the Toolbar, choose font size, 
style and color. Use the  Fill Color tool to color the 
box background. Type in the box to enter text for the 
annotation.

To edit an existing annotation, open the Annotation 
Toolbox and select the annotation box. Change the 
font style, size or color in the toolbar. Select and edit 
the type in the box.

To move the text annotation box, click on the box 
frame and drag the box to a new position.

To resize the text annotation box, click on a box cor-
ner and drag to resize the box.

To delete a text annotation, open the Annotation Tool-
box, select the annotation box to be deleted, and click 
the  Delete Annotation button.

Autoscale
For the X-axis or the Y-axis, or both, autoscale causes 
the Graph scale to automatically expand or contract to 
fit the range of the measurement. These selections 
have the same functions as the Auto checkboxes in 
the Graph Properties dialog.

Graph Legend
The Graph Legend controls which data are visible on 
the Graph, and how the data are displayed.

Channel identification conventions
For a single acquisition, the Legend will show an entry 
for each channel. By default, the channel names take 
the form of Ch1, Ch2 and so on. If channels have been 
renamed, the new name is displayed.

If data is appended or imported, the Legend will show 
entries for each channel of each data set. Appended 
data are identified by a number in subscript, corre-
sponding to the “Measured n” number automatically 
assigned to the appended data; imported data are 
similarly identified by a number corresponding to the 
“Imported n” number. Imported data channels are 
also marked with an asterisk (*) to differentiate them 
from appended measurements.
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If the Data Set selector is set to All Data, the Legend 
will show all channels of all data sets.

Using the Legend to set trace visibility
If you click on a Legend entry, the entry will be high-
lighted in the Legend. Using Ctrl+Click, you can high-
light more than one entry. On the Graph, the traces 
that correspond to highlighted Legend entries remain 
full visible, while any other traces are displayed with 
less intensity (dimmed).

Each Legend entry has a checkbox. If the checkbox is 
checked, the trace will be visible on the Graph. If the 
checkbox is not checked, the trace will not be visible 
on the Graph.

To quickly set visibility on or off for a channel across 
all measured or imported data sets, right-click on a 
Legend entry and choose Check Ch n or Uncheck Ch 
n, and the choose All, or Measured, or Imported.

Managing the Legend
With large channel counts and many data sets, the 
Legend list can grow quite long. When the Legend list 
grows too long for the display area, scroll arrows will 
appear at the top and bottom of the Legend display to 
allow you to move through the Legend entries.

If a channel name is too long for the space allocated 
to the Legend display, you can see the full channel 
name in the tool tip that appears when you hover the 
mouse cursor over the Legend entry. Alternatively, you 
can drag the bar separating the Graph from the Leg-

end to the left. This will reduce the Graph display area 
and enlarge the Legend display area.

Using the pin control at the top of the Legend display, 
you can set the display to show both checked and 
unchecked entries, or to only show checked entries. 
When the pin is set to show only checked (visible) 
entries, hovering over the Legend display with the 
mouse cursor will temporarily show the entire list.

Using the Legend to set local trace colors and 
styles

You can set local (measurement result) trace names, 
colors and styles using the Legend display. To set 
global (project-wide) names, colors and styles, see 
“Setting Global Graph Colors and Styles” on page 62.

To set local (measurement result) trace names, colors 
and styles, right click on a Legend entry to open this 
context menu.

You can change the channel name by typing in the 
name field. Click on Color, Line Style or Line Width to 
set the trace style.

Cursors

You can add one or two cursors to an XY Graph dis-
play to point to and evaluate points of interest on the 
traces. An optional Delta result will display the differ-
ence between the two cursors scaled in the units cho-
sen for the Graph.

Click the Show/Hide Cursors button on the Graph tool-
bar or on the context menu that appears when you 
right-click on the Graph. This is a “toggle” switch that 
will show or hide the cursors and the cursor legend.
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When the cursors are displayed, the cursor legend 
also appears to the right of the Graph, under the 
Graph legend.

Cursors: attached and unattached
Cursors can be independent of the Graph traces 
(unattached), or can be attached to any available 
trace. By default, both cursors are attached to the 
Channel 1 trace, as shown. When a cursor is unat-
tached, you can move it to any point on the Graph by 
grabbing either of the cursor graticules or their point 
of intersection and dragging the cursor. When a cur-
sor is attached to a trace, you can only grab the verti-
cal graticule and drag the cursor in a horizontal 
direction.

Cursor Legend
Managing the Legend
If a channel name is too long for the space allocated 
to the Legend display, you can see the full channel 
name in the tool tip that appears when you hover the 
mouse pointer over the Legend entry. Alternatively, 
you can drag the bar separating the Graph from the 
Legend to the left. This will reduce the Graph display 
area and enlarge the Legend display area.

Using the pin control at the top of the Legend display, 
you can set the display to show both checked and 
unchecked entries, or to only show checked entries. 
When the pin is set to show only checked (visible) 
entries, hovering over the Legend display with the 
mouse pointer will temporarily show the entire list.

Setting cursor visibility
Each Legend entry has a checkbox. If the checkbox is 
checked, the cursor (or Delta result) will be visible on 
the Graph and included in the report. If the checkbox 
is not checked, the cursor (or Delta result) will not be 
visible on the Graph nor be included in the report.

Opening the cursor properties context menu
In the cursor legend, right-click in one of the cursor 
areas. A flyout context menu will open, allowing you to 
view and set the cursor’s properties.

Labeling a cursor
From the cursor’s properties context menu, click on 
the cursor’s label (the first item in the menu). The 
label will become an editable field where you can 
modify the cursor name. By default, the cursor labels 
take the form of Cursor1(Ch1) and so on.

Attaching a cursor to a trace
From the cursor’s properties context menu, go to 
Attach Cursor > and select the Graph trace you would 
like to attach the cursor to, or None. If data is 
appended or imported, the menu will show entries for 
each channel of each data set. Acquired and 
appended data are grouped in “Measured” submenu, 
and imported data are similarly grouped in the 
“Imported” submenu. 

Centering a cursor
Sometimes you may zoom or pan to a portion of the 
Graph that does not include the cursor. From the cur-
sor’s properties context menu, choose Center to bring 
the cursor to the center of the current Graph view.

Setting cursor colors and styles
Show label

From the cursor’s properties context menu, choose 
Show Label. This will toggle the cursor label visibility 
on the Graph display.

Color, Line Style, Line Width
From the cursor’s properties context menu, you can 
set cursor names, colors and styles.

Graticule
The lines which define the cursor’s position are the 
graticules. From the cursor’s properties context menu, 
you can set a cursor's horizontal or vertical graticules 
to None, Short or Long.

Shape
By default, the intersection of a cursor’s graticules is 
marked with a small circle.

From the cursor’s properties context menu, you can 
choose other shapes to indicate the intersection of 
the graticules.
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Dual Axis Graphs
You can add a second Y-axis to APx XY Graphs, 
enabling simultaneous viewing of two sets of data that 
share a common X-axis.

•View the same data with two different units: Vrms 
and dBV, for example.

•View two different primary results: Level and 
THD+N, for example.

•View a primary result and a Derived Result on the 
same graph.

•View the data from the simultaneous acquisition 
of a signal on two different DUTS on a single 
graph.

The Acoustic Response / Loudspeaker Test Rub and 
Buzz result uses this feature to plot the crest factor 
against the left axis and the peak ratio against the 
right axis, providing a graphically compelling Rub and 
Buzz indicator.

To add a second axis to an XY Graph, click the chev-
ron icon  (hover the mouse pointer on the right side 
of the Graph to see the icon) and select Define Axis > 
Set Primary... or Define Axis > Set Derived..., which 
opens the right axis dialog for the chosen result type. 
Use the Select Right Axis Result dialog to add results 
or configure a derived result. 

XY Graphs: Edit Graph Properties
The Graph Properties dialog allows you to edit the 
Graph title and X- and Y-Axis titles and ranges.

General tab

Title
The Graph title always carries the name of the mea-
surement (RMS Level, for example). To this you may 
add more descriptive text in the Title field.

Alignment
Select Left, Center or Right title alignment.

Font...
The Font... button opens the Windows font browser. 
You can modify the title font family, style, size, color 
and so on from this dialog. Default font is MS Sans 
Serif 8 point.

Visible
When Title Visible is checked the title is applied to the 
Graph.

Legend Visible
The legend is the boxed display containing channel 
number checkboxes on the right side of the Graph. 
When Legend Visible is checked the legend is applied 
to the Graph.

Interpolation (time-domain graphs)
For time-domain displays such as Scope or Acquired 
Waveform, the APx500 graphs are normally plotted 
using sinc function interpolation. Interpolation adds 
points to the displayed trace that do not exist in the 
measured data, to make data trends more easily visu-
alized. The default in APx is to have Interpolation On 
for time-domain displays. However, digital domain sig-
nals are sometimes best understood when viewing 
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actual samples, with interpolation switched Off. Set 
display interpolation On or Off here.

Interpolation can cause limit failure markers to appear 
to be in an incorrect location. See “Interpolation and 
limit failure markers” on page 800 for an explanation.

Show Indicators (some XY Graphs)
Some XY Graphs (see Stepped Frequency Sweep, for 
example) can show indicators at data points on the 
trace. This feature is most useful with graphs with rel-
atively few data points.

In graphs with many data points, the markers and 
labels will overlap and obscure each other. Check 
Show Indicators to add markers.

Select

•Never

•Top Axis

•On Traces (the default)

•Bottom Axis

Show Markers (PESQ Averaged and POLQA 
Averaged only)
PESQ Averaged and POLQA Averaged graphs can show 
markers with X and Y values for each point plotted.

Select

•X Labels
File number is shown on marker

•Y Labels
MOS for file is shown on marker

X-Axis tab

Title
When Auto is not checked, you can enter a title for the 
X-Axis in the Title field.

Auto
When Auto is checked, the X-Axis label shows the 
parameter and the units, such as Generator Level 
(dBV).

Visible
When Visible is checked the X-Axis title is applied to 
the Graph.

Range
Range sets the values at the left and right edge of the 
Graph. Enter values in the Left and Right range fields. 
You can also select units from the range field drop-
down menus.

Auto
Auto sets the range around the current signal charac-
teristics.

Logarithmic
When Logarithmic is checked, the X-Axis scale follows 
a logarithmic rule. When unchecked, the X-Axis scale 
follows a linear rule. The logarithmic scale is not avail-
able for certain units. 

Left Axis tab

Dual axis graphs will have a Left Axis and a
Right Axis tab.

Title
When Auto is not checked, you can enter a title for the 
Y-Axis in the Title field.

Auto
When Auto is checked, the Y-Axis label shows the 
parameter and the units (Level [dBV], for example).

Visible
When Visible is checked the Y-Axis title is applied to 
the Graph.
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Range
Range sets the values at the top and bottom edges of 
the Graph. Enter values in the Upper and Lower range 
fields. You can also select units from the range field 
drop-down menus.

Auto
Auto sets the Y-Axis range around the current signal 
characteristics.

Logarithmic
When Logarithmic is checked, the Y-Axis scale follows 
a logarithmic rule. When unchecked, the Y-Axis scale 
follows a linear rule.

Right Axis tab

Dual axis graphs will have a Left Axis and a
Right Axis tab.

Title
When Auto is not checked, you can enter a title for the 
Y-Axis in the Title field.

Auto
When Auto is checked, the Y-Axis label shows the 
parameter and the units (Level [dBV], for example).

Visible
When Visible is checked the Y-Axis title is applied to 
the Graph.

Range
Range sets the values at the top and bottom edges of 
the Graph. Enter values in the Upper and Lower range 
fields. You can also select units from the range field 
drop-down menus.

Auto
Auto sets the Y-Axis range around the current signal 
characteristics.

Logarithmic
When Logarithmic is checked, the Y-Axis scale follows 
a logarithmic rule. When unchecked, the Y-Axis scale 
follows a linear rule.

Traces tab

Open the Graph Properties dialog and go to the Traces 
tab. By default, the settings are derived from the 
global setting made in the Labels dialog, accessed 
from Signal Path Setup, or from the global settings 
made in the Colors tab, accessed from the Project/
Sequence Properties dialog. In the Traces tab you can 
edit the local settings for each trace, overriding the 
global settings.

Label
Enter a new Label for the channel in this field. This 
setting is local and will only affect this result.

Color
Click on the button to open a color picker. Choose a 
new Color for this channel. This setting is local and will 
only affect this result.

Style
Select a trace Style from the drop down menu. This 
setting is local and will only affect this result. This set-
ting is local and will only affect this result.

Width
Select a trace Width from the drop down menu.

Alternatively, you can right click in a Legend entry to 
open a context menu to edit the Label, Color, Line 
Style or Line Width for that channel.

For more information about setting global labels, see 
page 91. For information about global colors and line 
styles, see page 62.
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The Result Details dialog

To view result details, select the result and click 
Details in the Selector toolbar. This is particularly use-
ful when working with Derived Results, as it reveals 
the relationships between source and derived results. 
Read more about Derived Results in Chapter 105.

The Result Details dialog is informational only. It pro-
vides a display of a result’s key characteristics, includ-
ing:

•Measurement Name
This field displays the name of the measurement 
providing the data for the result(s). The measure-
ment name can be in the Navigator or Selector 
panes. 

•Measurement Type
This field displays the type of measurement, which 
cannot be changed.

•Result Name
This field displays the name of the current result. 
The result name can be edited in the Navigator or 
Selector panes.

•Result Type
This field displays the type of result, which cannot 
be changed.

•Source
This field only appears if the current result is a 
derived result. It shows the source result for the 
current result.

•Derived Results
If there are other results derived from the current 
result, they are shown here.

Data tab (Defined Results only)

This tab only appears for a Defined result.

File
Enter the path and filename for the data file to be ref-
erenced by the Defined result, or use the Browser but-
ton to browse to the file. Read more about Defined 
Results on page 771.

Managing Data Sets
A Data Set is the set of results measured from an 
acquisition, or imported from a data file.

Data Sets are managed in the Data Sets panel, 
located below the Selector in the APx workspace. Click 
the Hide button  to hide the Data Sets panel. When 
hidden, click the Show button to restore the panel.  

Data Sets panel

The Data Sets panel displays all the Measured and 
Imported data sets in a grid format.The  first column 
provides data set selection checkboxes; the second 
column displays the name of the data set; the third 
column displays the date and time of the acquisition 
or importation; the fourth column is available for 
notes. The notes are saved with the project.

The data set selection checkboxes can be used to set 
the visibility of the data sets and to select multiple 
data sets for deletion from the data grid. When one or 
more visibility checkboxes are unchecked and the 
Clear Data menu is opened, options in the pull down 
menu are presented to clear Checked Data Sets or 
clear Unchecked Data Sets.
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Clear Data menu options

XY Graph data

The Graph data window shows the values for each 
data point in the Graph. There are X and Y values for 
each channel.

For measurements that have more than one result, 
tabs at the bottom of the data grid give you access to 
Graph data pages for the other results.

Import 
You can import Graph data from a file on disk to be 
displayed in the current Graph. The imported data is 
managed as a new data set, and is designated by the 
next available Imported Data Set number (n+1).

Data can be imported from a Microsoft Excel spread-
sheet, a CSV (comma separated value) text file, or 
from Audio Precision *.adx or *.atsx legacy data files. 
If your data comes from some other source, data 
within the file must be arranged in the same format as 
a data file exported from APx500. Go to page 767 for 
detailed information about importing data.

Export 
Click the Export button to save the data as a WAV file 
(*.wav), as a Microsoft Excel spreadsheet file (*.xlsx) 
or as a comma-separated-value (*.csv) text file. 

Only Acquired Waveforms, Reference Wave-
forms, and Impulse Response results can
be saved in WAV format. 

For Excel sheets, each tabbed page is saved as a new 
worksheet page within the file. For CSV files, tabbed 
pages are listed in sequential order within the file. Go 
to page 769 for detailed information about importing 
data.

Copy to clipboard 
Click the Copy button to copy the data to the Windows 
clipboard as tab-delimited text. This data can be 
pasted into other applications such as Microsoft Word 
or MS Excel.

X Units / Y Units
For each page, you can select units that differ from 
the initial Graph units.

Points
The default number of data points is Same as Graph, 
the same as the number of Graph data points. This 
number can be large for continuous sweeps. You can 
reduce the number of points shown in the data grid by 
choosing a smaller number from the Points dropdown 
list, but you will lose resolution in the data shown or 
exported. The Points control is not available in the 
stepped sweep data grid dialogs, because Stepped 
Sweeps normally have a manageable number of 
points.

Note that Same as Graph reports only the
points shown in the current Graph view.
Zooming or panning the graph will affect
the number of points reported.

Data
For appended or imported data, you can select the 
data set you would like to view or export.

Clear Data
Clear Data allows you to remove the data from one 
Data Set, or to remove all data from the graph.

Page Tabs
For measurements that have more than one result, 
tabs at the bottom of the Data Grid give you access to 
Graph data pages for the other results.

Import Graph (result) Data
Result data can be imported from other measure-
ments, from other applications or from arbitrary lists 
of values. An imported result is not a primary result; it 
is not associated with a current measurement acquisi-
tion, and therefore does not produce the set of related 
primary results typically associated with a measure-
ment. Importing Level data, for example, does not 
automatically provide related Gain data. Imported 
data results from each importation are gathered into a 
new data set, assigned default names such as Import-
ed1, Imported2, and so on.

Data can be imported from a Microsoft Excel spread-
sheet, a CSV (comma separated value) text file, or 
from Audio Precision *.adx or *.atsx legacy data files.
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Result data cannot be imported into a derived result.

Data compatibility
Imported result data must meet certain criteria to be 
compatible for importation and display.

1. If the data comes from a source other than an 
APx500 export, data within the file must be 
arranged in the same format as a data file 
exported from APx500 (see Export Graph Data, 
next).

2. Measurement results represented in the data file 
must be compatible with the current measure-
ment. Compatibility is determined by unit family. 
For example, imported result data in Vrms units 
are compatible with measurement results in Vrms.

Import Graph Data dialog
The Import Graph Data dialog is available from the 
Graph Data panel, the Data Sets panel, or the graph 
right-click context menu.

Compatible Results
Measurement results represented in the data file that 
are compatible with the current measurement are 
shown in the upper grid in the dialog. If more than one 
result is available for a measurement, you can select 
the result(s) to import.

Incompatible Results
Measurement results in the data file that are not com-
patible with any result in the current measurement are 
shown in the Warnings grid, and will not be imported.

Export Waveform (result) Data
When data can be saved to a WAV file for later analy-
sis or playback, clicking on the Export button in the 
Data Sets panel or the Save icon in the result graph 
toolbar displays a drop-down menu with the option to 
export to Data files or WAV files. 

When data cannot be saved to a WAV file,
only the Data option is displayed.

Exporting a Result to a WAV File
Select .WAV Files(s) to display the Export Result to 
.WAV dialog. 

Result
All results from the current measurement that can be 
saved as a WAV file are listed in the drop-down menu. 
Select a result to export.

Data Sets
For measurements that have more than one data set, 
you can select a specific data set from this menu. If 
no data set is available, the selection is None and the 
WAV file cannot be created.

Location
Enter or browse to the destination here. Variables can 
be used.

Name
Name the output file here. Variables can be used. 
Choose from one of these selections:

•If file exists, replace it

•If file exists, append a timestamp to the file name

Format
Choose the file format in the Format field. There are 
three linear file formats available:

Multiple Mono PCM (.wav)
If Multiple Mono PCM (.wav) (the default) is selected, 
each audio channel of the acquisition is saved as an 
individual monaural WAV file, using the Microsoft 
WAVE_FORMAT_PCM (Type 1, 24 bit) file format. For 
multichannel audio of channel count n, n mono WAV 
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files are created, with the numeral n appended to the 
file name.

Multi-channel PCM (.wav)
If Multi-channel PCM (.wav) is selected, all the audio 
channels of the acquisition are saved in one multi-
channel file, using the WAVE_FORMAT_PCM format. 
For 1 channel and 2 channel acquisitions, this selec-
tion records a standard WAVE_FORMAT_PCM (Type 1, 
24 bit). For multichannel acquisitions, this selection 
records a multichannel WAVE_FORMAT_PCM file in a 
proprietary 24-bit format, compatible with Sony Sound 
Forge and other audio editing applications. 

Extensible Multi-channel PCM (.wav)
If Save as Extensible Multi-channel PCM (.wav) is 
selected, all the audio channels of the acquisition are 
saved in one multichannel file, using the Microsoft 
standard WAVE_FORMAT_EXTENSIBLE format, at 24 
bits.

Bit Depth
Bit Depth can be set to 16, 24 or Auto. When Auto is 
selected, Bit Depth is set to the configured input value 
if it is 24 bits or less. Configured input values greater 
than 24 bits are clipped to 24 bits. 

Export Graph (result) Data
You can export the underlying graph result data as an 
Excel spreadsheet (*.xlsx), a comma separated value 
text file (*.csv) or a Matlab file (*.mat).

The default settings are 

•Result: all checked

•Specification: Same as Graph 

Export Graph Data dialog
The Export Graph Data dialog is available from the 
Graph Data panel, the Data Sets panel, or the graph 
right-click context menu.

For measurements with more than one result, you can 
select which result(s) you would like to export. For 
graphs with more than one data set, you can select 

which data set to export. You can also specify the 
number of points to be exported, which can be greater 
or fewer than the points currently displayed.

The data specifications here are shared with the data 
specifications for Graph Data Settings.

For Excel sheets, each result (shown as a tabbed page 
in the Graph Data Grid) is saved as a new worksheet 
page within the file. For CSV files, measurement 
results are listed in sequential order within the file.

When you have made your export choices, click OK. A 
file browser will open where you can choose a name 
and location for the exported file.

Check All / Uncheck All
Select or deselect all result checkboxes for export.

Result
All results from the current measurement are listed in 
the grid. To include result data in the exported data 
file, check the checkbox for desired results.

Data Type
This column shows the data type for each result. Since 
the results can be renamed, the Data field can be 
helpful by revealing the underlying data type.

Specification
For continuous-sweep based measurements, there 
may be thousands of data points. You can reduce the 
number of data points exported with the Specification 
control. For results that have exportable data, this col-
umn provides menus to specify the range, distribution 
and number of data points to export. Choose

•Same as Graph (the default)
The number of data points used to create the cur-
rent graph; this is always fewer than All Points.

•All Points
Every measured point in the result.

You can also specify a custom set of data points to be 
exported. Choose 

•Create New...
Create New opens the Edit Data Specification dia-
log (see below). You can define and save a Data 
Specification as an *.xyspec file.

•Browse to File...
Browse to File allows you to find and import an 
existing *.xyspec Data Specification file.

Data Set
For measurements that have more than one data set, 
you can select All Data Sets or a specific data set from 
this menu.
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Channels
Channels displays the measurement channels for 
which data will be exported. Click the ellipses  but-
ton to open the Choose Channels dialog.

Edit Data Specification dialog
You can specify in detail the data you would like to 
export from an XY graph result.

A Data Specification is saved with the project as an 
Attached Project Item, and is available to other mea-
surements in the project. You can also save the data 
specification in an independent file.

The Data Specification dialog is accessed from the 
Export Graph Data dialog (see page 769). To create a 
custom specification, select the Create New... option 
from the drop-down menu for a result in the Specifica-
tions column of the Export Graph Data dialog. 

To edit a previously created specification, select a cus-
tom specification from the drop-down menu in the 
Specifications column, and then click the Edit button 
to the right of the selected specification.

The Edit button is only active when a cus-
tom specification is selected. 

All Points in Range
This choice will select all points within a reduced X-
axis range. Set the extent of the X-axis range using the 
From and To entry fields.

From/To
Set the X-axis range here.

Custom
Custom allows you to specify the X-axis range, the 
number of points and the distribution of points across 
the range.

From/To
Set the X-axis range here.

Step Type
Choose the distribution (step size) of the X-axis points 
in the Points table.

•Logarithmic

•Linear

•Custom

If you change a point’s X-value in the data Points 
table, the Step Type will change type from Logarithmic 
or Linear to Custom. If you change the Step Type from 
Custom to either Logarithmic or Linear, the points will 
be redistributed and any custom point settings will be 
lost.

Points
Set the number of Points desired here.

Edit
This button opens a data Points table, where you can 
enter and reorganize points, and import or export data 
point table files.
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Save to File
A Data Specification is saved with the project as an 
Attached Project Item (see page 59), and is available 
to other measurements in the project. You can also 
save the data specification in an independent file, 
with the filetype “.xyspec”. Click Save to File to open a 
Save Data Specification dialog.

Creating a Result from a File
Overview
You can create a new result and add it to a measure-
ment. The data for the result is read from a file on disk 
at measurement run time, or when the  
(Refresh) button is clicked. 

A File-based Result can be of the XY Graph type, or of 
the Bar Graph (Meter) type. It can contain any data, 
related or unrelated to the measurement to which it is 
attached.

Any units for the data can be arbitrarily assigned, and 
do not need to correspond to units used in APx500.

Creating and Using a File-based Result
You can attach a File-based Result to most measure-
ments. Use one of these three methods to create the 
Result.

3. Right-click on a measurement node in the Naviga-
tor, and select Add From File. Choose (X, Y) or Bar.

4. Or, select a measurement and from the Project 
menu, choose Add From File. Choose (X, Y) or Bar.

5. Or, click Add in the Selector menu bar. Choose 
From File, then choose (X, Y) or Bar.

The File-based Result will be added to the measure-
ment, and the Graph will be displayed in the measure-
ment results panel. Click on the Data button 
( ) in the Result Settings bar to open the 
Graph Properties Data tab. In the File field, enter the 
path and filename for the data file to be referenced by 
the File-based Result, or use the Browser button to 
browse to the file.

The Graph Title, X and Y legend and units used in the 
File-based Result are imported from the file. Graph 
Properties (scale, alignment, title, trace color, etc.) are 
set in APx500 in the Graph Properties dialog.

See Data File Formats for File-based Results on the 
next page.

Application
You may create any result you find useful and add it to 
a measurement. You may assign any unit names to 
the data, including unit names not used in APx500.

Use Case 1
Goal: You wish to make an acquisition in Measure-
ment Recorder, and to measure the audio with a fast 

RMS measurement, evaluating the waveform at a 
reading rate of 1000 times per second.

1. Save the acquisition from Measurement Recorder

2. Make a fast RMS measurement with an external 
utility program that outputs its results in a CSV file. 

3. Create a New Result (Add > From File) attached to 
Measurement Recorder.

4. Reference that file-based Result to the CSV file.

Use Case 2
Goal: You wish to aggregate results from 3 different 
APx500 2-channel measurements into one Graph.

1. Run each measurement.

2. Export the data from the desired result from each 
measurement to CSV files.

3. Aggregate the data in an external program, such as 
Microsoft Excel.

4. Format the 3 sets of stereo data into a 6-channel 
format.

5. Create a New Result (Add > From File) attached to a 
measurement of your choice.

6. Reference that File-based Result to the CSV file.

Data File Formats for File-based 
Results
File types

•Microsoft Excel spreadsheet (*.xlsx). Only the first 
sheet in a workbook will be read.

or

•Comma-separated value (CSV) text file (*.txt).
 

          Excel Spreadsheet                               CSV

See a guide for proper arrangement of data in the file 
below.
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Data arrangement in the file
The data arrangement is discussed in terms of a spreadsheet grid. A CSV file, if used, should correspond to this 
arrangement. See the illustration on the previous page.

•In APx500, NaN (Not a Number) represents an undefined value resulting from an invalid operation. 

•As it is imported, the data is checked to verify that the values in column A monotonically increase. The data are 
sorted if necessary.

•Cells in rows 1-4 can be empty

•When an empty row ≥ 5 occurs, it is interpreted as the end of the data.

•When an XY result has one empty X or Y cell in a row ≥ 5, it is interpreted as an error.

•For more Traces 2-16, if required, repeat this pattern in columns C-D, E-F, and so on.

A B [Note]

1 Title {empty} [This can be any text string, or empty]

2 Trace Name {empty} [This can be any text string, or empty. It can be centered in merged cells A-B]

3 X-axis legend Y-axis legend [This can be any text string, or empty]

4 X-axis unit name Y-axis unit name [This can be any text string, or empty]

5 {X-data1} {Y-data1} [This can be any value, or NaN]

6 {X-data2} {Y-data2 [This can be any value, or NaN]

7 {X-data3} {Y-data3} [This can be any value, or NaN]

8 {X-data4} {Y-data4} [This can be any value, or NaN]

9 {X-data5} {Y-data5} [This can be any value, or NaN]
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Derived Results

Introduction
Derived results accomplish many of the
same functions as Computes in other Audio
Precision software.

Most measurement results, whether primary, 
imported, or derived, can have a derived result 
attached. A result that has a derived result attached is 
called a source result. The derived result is computed 
from the source result, using one of a set of mathe-
matical functions such as arithmetic mean (average), 
normalize, invert, etc. See page 751 and Chapter 104 
for more information about primary or imported 
results.

The availability of derived result functions depends 
upon the type of source result the derived result is 
attached to. A meter result such as Level and Gain: 
RMS Level, for example, does not support Normalize 
or Invert, but an XY result such as Frequency 
Response: Level does.

Not all results support a derived result.
Additionally, derived results do not support
importation of graph (result) data (see page
767).

Working with Derived Results
Navigating, adding, deleting and renaming derived 
results is the same as working with primary results. 
See more information about working with results on 
page 752.

Of particular interest when working with derived 
results is the Result Details dialog, which reveals the 
relationships between the primary (source) result and 
the derived result. See page 766.

Go to page 787 for several illustrated examples that 
show the software user interface for attaching and 
configuring derived results.

Adding a Derived Result
A derived result can be added using any of the follow-
ing methods. Some methods allow deleting or renam-
ing the derived result as well.

•Navigator
Right-click on a measurement or result and 
choose Add Derived Result... to open the Add 
Derived Result dialog and select options. 

•Selector toolbar
Click the Add button and choose Derived Result... 
to open the Add Derived Result dialog and select 
result options. 

•Selector filmstrip
Right-click on a result and choose Add Derived 
Result... to open the Add Derived Result dialog and 
select result options.

•Project menu
Select a measurement or result in the Navigator or 
the Selector, and from the main Menu bar choose 
Project > Add Primary Result, Project > Add 
Derived Result... to open the Add Derived Result 
dialog and select result options.

•Graph display
Right click in the large Graph result display and 
choose Add Derived Result, or click the Add 
Derived Result button in the Graph toolbar. 

Derived Result settings
Each derived result has settings to define the compu-
tations that are applied to the source result. These 
can be very simple and straightforward, requiring the 
entry of just one value in a setting field. Or, the set-
tings can involve multiple sets of specifications, each 
of which define different computations across a range 
of source data.
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Single parameter settings

Derived results such as Offset, Smooth, Normalize, 
Invert and Compare (when attached to a meter result) 
have only a single parameter to set, which is available 
as an entry field or a menu in the Result Settings bar. 
Smooth is shown above.

Other derived results require Result Specifications, 
accessed through a Result Settings dialog.

The Result Settings dialog
Compare (when attached to an XY result), Sensitivity 
and Statistics group derived results require a more 
detailed result specification, defining the channels 
and/or data sets to be considered.The Result Set-
tings dialog for such derived results opens when you 
first add the result; you can return to the settings dia-
log using one of the following methods:

•Selector toolbar
With a derived result selected, click the Derived 
Result Settings... button.

•Selector filmstrip
Right-click on a derived result and choose Derived 
Result Settings...

•Graph display
Right click in the large Graph result display and 
choose Derived Result Settings...

Single value (meter) derived result settings dialog.

Single value (meter) source results only support sin-
gle value derived results. XY source results can have 
derived results attached that may have an XY output, 
or a single value output, depending upon the derived 
result function and the intention of the user.

XY graph derived result settings dialog.

Source
This field displays is the source result (or results) upon 
which the current derived result is acting.

Function
For Statistics group derived results, this field displays 
the currently applied Statistics group function. This 
function can be changed at any time, without redefin-
ing result specifications.

Result Specifications
Add

Initially, each derived result has one result specifica-
tion. Double-click or select Properties to open the 
Result Specification dialog for editing.

The default specification is named Bar1 (for meter 
results) or Trace1 (for XY results), and occupies the 
first line of the grid. Click Add to add more result spec-
ifications, which will take the default names Bar2, 
Bar3 or Trace2, Trace3 and so on. You can rename 
each specification.

You can also add a result specification from the con-
text menu available by right-clicking in the grid area 
and selecting Add Result Specification...

Delete
When there is more than one result specification in 
the grid, you can remove a result specification by high-
lighting it in the grid and clicking Delete, or by right-
clicking and selecting Delete Result Specification from 
the context menu.

Move Up / Move Down
When there is more than one result specification in 
the grid, you can move a result specification by high-
lighting it in the grid and clicking Move Up or Move 
Down, or by right-clicking and selecting Move Up or 
Move Down from the context menu.

Properties
You can view and edit the result specification proper-
ties by double-clicking the specification line in the 
grid, or by highlighting the line and clicking the Proper-
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ties button, or by right-clicking and selecting Proper-
ties from the context menu.

Sensitivity Result Settings dialog
The dialog for Sensitivity is similar to the Compare and 
Statistics group results, but instead of the source and 
function fields, it has a field that displays the source 
result and a field to select the result to use the com-
parison. Sensitivity can be attached to x/y results and 
single value results. See Sensitivity on page 779 for 
more information.

Reference Data
This field displays the source result used as the basis 
for the Sensitivity derived result. If no source result is 
selected in the filmstrip or navigator when the derived 
result is added, you can select a source result from 
the menu. If a source result was selected before add-
ing the derived result, the selected source is dis-
played and no menu is available. 

Comparison Data
This field is used to select the target result used in the 
Sensitivity derived result. The sensitivity is derived 
from a comparison between two cross-domain results.

Result Specifications
Add

Initially, each derived result has one result specifica-
tion. Double-click or select Properties to open the 
Result Specification dialog for editing.

The default specification is named Bar1 (for meter 
results) or Trace1 (for XY results), and occupies the 
first line of the grid. Click Add to add more result spec-
ifications, which will take the default names Bar2, 
Bar3 or Trace2, Trace3 and so on. You can rename 
each specification.

You can also add a result specification from the con-
text menu available by right-clicking in the grid area 
and selecting Add Result Specification...

Delete
When there is more than one result specification in 
the grid, you can remove a result specification by high-
lighting it in the grid and clicking Delete, or by right-
clicking and selecting Delete Result Specification from 
the context menu.

Move Up / Move Down
When there is more than one result specification in 
the grid, you can move a result specification by high-
lighting it in the grid and clicking Move Up or Move 
Down, or by right-clicking and selecting Move Up or 
Move Down from the context menu.

Properties
You can view and edit the result specification proper-
ties by double-clicking the specification line in the 
grid, or by highlighting the line and clicking the Proper-
ties button, or by right-clicking and selecting Proper-
ties from the context menu.

Functions available for derived 
results

•Offset (page 775)

•Compare (page 776)

•Harmonic Sum (page 777)

•Data Distribution (page 777)

•EQ (page 777)

•Normalize (page 778)

•Invert (page 778)

•Sensitivity (page 779)

•Smooth (page 780)

•Specify Data Points (page 781)

•ANSI S3.22 Fit Limit to Data (Page 782)

Min/Max/Statistics group:
•Minimum (page 785)

•Maximum (page 785)

•Geometric Mean (page 785)

•Arithmetic Mean (page 785)

•RMS (root mean square) (page 785)

•Standard Deviation (page 785)

•Max Difference from Geometric Mean (page 786)

•Max Difference from Arithmetic Mean (page 786)

•Power Average (page 786)

Offset
Offset is a derived results function that shifts the 
value(s) of the result data by a specified amount. Off-
set can be attached to either single value (meter) 
results or XY source results.
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One of two algorithms is used, depending upon the 
unit domain.

Offset applied to audio level unit domains
For audio levels and ratios of audio levels, Offset is 
accomplished by application of a Gain Value, multiply-
ing or dividing the source result value. The Gain Value 
is specified in the Result Settings bar.

For example, specify a +10 dB offset for an existing 
result of 1 Vrms by entering 10 dB in the Gain Value 
field. 1 Vrms = 0 dBV, and derived result will be 
+10 dBV, which is equal to 3.162 Vrms.

Offset applied to other unit domains
For any DC level, Frequency or Phase result, for 
Acquired Waveform results, or for the Signal Analyzer 
Scope result, offset is accomplished by adding or sub-
tracting an offset value to the source result. The Off-
set Value is specified in the Result Settings bar.

...when attached to meter results
When attached to a meter source result, Offset 
returns the current value for each channel, shifted by 
the Offset value and displayed as single value (meter) 
bar graphs.

...when attached to XY results
When attached to an XY source result, Offset returns 
the value for each data point, shifted by the Offset 
value and displayed as XY graph traces.

The first trace shown below has been normalized at 
1 kHz.

The second trace below is the normalized result, off-
set by +5 dB.

Compare (Ratio or Level)
Compare is a derived results function that compares 
data to a constant or to the data in another channel or 
data set. Compare can be attached to either single 
value (meter) results or XY source results.

For source results in absolute units, such as volts or 
watts, Compare computes the difference between the 
values. For source results in relative units, such a 
decibels (dB), Compare computes the ratio between 
the values.

attached to a meter result

When attached to a meter source result, Compare 
finds the current value for each channel, compared to 
the value of the reference. The reference can be set to 
a constant value, or to the current value in any chan-
nel. The comparison values are single value (meter) 
results, displayed as bar graphs.

attached to an XY result
When attached to an XY source result, Compare finds 
the current Y value for each data point, compared to 
the Y value of the reference data point. The compari-
son data points can be selected from any channel and 
from any data set; similarly, the reference data points 
can be selected from any channel and from any data 
set. The comparisons are displayed as XY graph 
traces.

These selections are made in the Result Specification.

Typical Result Specification dialog for Compare when 
attached to an XY source.

In this application, Compare supports up to 16 specifi-
cations, managed in a Derived Result Settings dialog 
(page 773).

A note about channel count in derived results...
In a derived result setting you can select channel 
numbers beyond the channel count available via the 
physical interface connectors on your APx analyzer.

This is because all APx500 systems support up to 16 
input channels of audio data, when the input configu-
ration is set to File.

Be sure to select channel numbers that are relevant to 
your test setup.
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A note about specifying non-existent data sets 
in derived results... 
You can specify data sets that have not yet been 
acquired or imported. This supports use in automated 
sequences, where the derived result can be defined 
before the sequence has completed all of its append 
activities.

Special Compare Specifications for 
Acoustic Response
When Compare is attached to an Acoustic Response 
Level and Distortion result, both Channels and Har-
monics can be selected.

Harmonic Sum (Ratio or Level)
Harmonic Sum Ratio

The Harmonic Sum Ratio derived result can only be 
attached to the THD+N Distortion Product Ratio result.

The derived result provides the sum of the levels of 
any combination of harmonic products H2 through 
H10, divided by the signal level. The result is 
expressed as a ratio.

Harmonic Sum Level

The Harmonic Sum Level derived result can be 
attached to the THD+N Distortion Product Level result.

The derived result provides the sum of the levels of 
any combination of harmonic products H2 through 
H10.

These derived results are available for
THD+N Distortion Product Ratio or Distor-
tion Product Level results only.

Data Distribution

This result displays the confidence interval, a mea-
sure of the reliability of an estimate, such as a mean. 
When computing a MOS average, the ITU P.862.1 
requires, among other results, a 95% confidence inter-
val result.

Assuming the data distribution is Gaussian, the 95% 
point corresponds to 1.96 standard deviations from 
the mean, and the result displayed is 1.96 times the 
standard deviation of the input data.

The result is expressed as a mean value followed by a 
+/- value for the deviation.

EQ
EQ (equalization) can only be attached to XY
results of the following types: Level vs. Fre-
quency, Gain vs. Frequency, or Relative
Level vs. Frequency.

EQ is a derived results function that applies an equal-
ization curve to a data set. The Result Specification 
allows you to chose a Data Set, and to apply an EQ 
curve to a specific channel in the data set. To apply EQ 
to another channel, add another Result Specification 
in the Derived Result Settings dialog.
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Typical Result Specification dialog for EQ.

Result Specification EQ
Typical Result Specification dialog for the EQ derived 
result.

Result Name
The Result Name cannot be edited from this dialog.

Source
The Source Name cannot be edited from this dialog.

Spec Name
You can edit the Specification Name here.

Measured/Imported Data Set
Most Recent

EQ the most recent Data Set.

Specific Data Set
EQ a specific measured or imported Data Set.

•Measured
Choose the numbered measured Data Set to EQ.

•Imported
Choose the numbered imported Data Set to EQ.

See specifying non-existent data sets in
derived results on page 777.

Channel/EQ
Choose a channel in the Data Set here.

See channel count in derived results on
page 776.

EQ
Select an EQ curve. You can choose a curve embed-
ded in the project, or import a curve from a file, or cre-
ate a curve.

Click the Edit EQ Table  button to modify an exist-
ing EQ table. See page 736.

Normalize
Normalize can only be attached to an XY
result.

Normalize is a derived results function that shifts an 
XY trace so that the data point at the X-axis reference 
is normalized (set to the unit value of the base unit of 
the unit domain). The X-axis for XY graphs is usually 
frequency, but for some results is time.

Normalization is accomplished by first converting the 
result units to the base unit for the unit domain, then 
dividing the value of each data point by the value of 
the data point at the selected X-axis reference.

For Vrms, the unit value (normalization value) is

•1 Vrms.

For Vrms, the unit value (normalization value) is

•1 W.

For decibel unit, the unit value (normalization value) is

•0 dB.

Enter the X-axis reference point in the X Reference 
field.

The first trace shown below is the Level result, before 
normalization.

The second trace below has been normalized at 
1 kHz.

Invert
Invert can only be attached to an XY result.

Invert is a derived results function that “flips” an XY 
trace around a user-defined pivot point. Set the pivot 
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point by choosing an X-axis reference, entered in the X 
Reference field on the Result Settings bar.

The first trace shown below has been normalized at 
1 kHz.

The second trace below is the normalized result 
above, inverted with an X Reference (pivot point) of 
1 kHz.

Sensitivity
Sensitivity can only be applied to results
which produce an RMS level result.

Sensitivity is a derived results function that is similar 
to Compare, but it can compare between simultane-
ously acquired data of different input types. You can 
get the sensitivity result between a PDM microphone, 
for example, and an analog reference microphone that 
have been configured on different inputs of a signal 
path. The Sensitivity derived result can be added to 
any result that produces an RMS level (XY source 
result or single value meter result), and can be 
applied to live meters. 

When a Sensitivity derived result is initially added, the 
Derived Result Settings dialog opens so the required 
comparison result can be selected from the Compari-
sion Data menu item. If the desired target result is not 
listed in the menu, it may need to be added as a pri-
mary result for the measurement. By default, channel 
1 of each primary result is used for the Sensitivity 
derived result. Additional traces or bars can be added 
with other channel mappings. The comparison result 
can be changed by reopening the Result Settings dia-
log (see page 774). The results selected for compari-
son can be in different units or input type.

When the units of both measurements are the same, 
the results can be displayed in any of the following 
units: x/y, %, ppm or dB.

When results use different units, results are displayed 
as FS/Vrms, or Vrms/FS (in normal I/O mode), and as 
FS/Pa or Pa/FS (in Acoustic I/O mode). See Units of 
Measurement on page 807 for more information. If 
either the reference or the comparison measurement 
is deleted, the derived result is also deleted. 

attached to a meter result
When attached to a meter result, Sensitivity finds its 
value by comparing selected channels from two 
results. By default, the result compares channel 1 of 
each result, but different channels can be selected for 
the sensitivity comparison. The title of the result on 
the graph can also be customized. These selections 
are made from the Result Specification dialog.

attached to a XY result
When attached to an XY result, Sensitivity data points 
can be selected for comparison from any channel and 
from any data set for both reference and comparison 
results. The Sensitivity data is displayed as XY graph 
traces. Titles of the traces can also be customized for 
the graph. 
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These selections are made from the Result Specifica-
tion dialog.

Smooth (frequency domain)
Smooth is a derived results function that is primarily 
used to smooth frequency-domain XY results. Fre-
quency-domain smoothing is a common technique in 
loudspeaker response measurement, useful in reveal-
ing trends by reducing anomalies in the response 
curve for viewing. We recommend using smoothing in 
the Acoustic Response measurement.

The smoothing algorithm for frequency-domain XY 
results effectively passes the data through a constant-
Q bandpass filter. The bandwidth of this filter is 
selected in the Smoothing field. The APx500 imple-
mentation uses a hybrid FFT bin averaging and inter-
polation technique to achieve smooth results even at 
very low bin densities.

When a Smooth derived result is selected, the 
Smoothing field will be available in the Results Set-
ting Bar. Note that the Deviation result, which does not 
support derived results, has a dedicated smoothing 
function in the Acoustic Response measurement.

Select the desired value from the dropdown list.

The first trace displays the unsmoothed level results.

The trace below has had 1/3 octave smoothing 
applied.

Smooth (time domain)
As mentioned above, Smooth is a derived results func-
tion that is primarily used to smooth frequency-
domain XY results. However, it can also be attached to 
time-domain XY results.

The smoothing algorithm for time-domain XY results 
effectively passes the data through a single-pole low-
pass filter. The time constant and bandwidth of this fil-
ter is selected in the Smoothing field.

When a Smooth derived result attached to a time-
domain result is selected, the Smoothing field will be 
available in the Results Setting Bar. 

Select the desired value from the dropdown list.
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The first trace displays an unsmoothed level result 
from the Measurement Recorder, showing a DUT 
whose gain varies over time.

The trace below has had smoothing applied.

Note that the Measurement Recorder has a maxi-
mum reading rate of 20 points per second, which pro-
vides only 200 data points in a 10 second acquisition. 
With so few points, the traces do not appear as 
smooth as a typical frequency domain trace, which 
may have thousands of data points in an acquisition.

Specify Data Points Single Value

Specify Data Points can be attached to any
result (including derived results) where the
X axis has units of either frequency (Hz) or
time (s).

Specify Data Points Single Value is a derived results 
function that allows you to select a specific frequency 
for reporting results in a continuous-sweep based 
measurement. Specify Data Points can be applied to 
measured results or imported results.

After attaching Specify Data Points Single Value to a 
result, enter the frequency of choice to select the data 
point to report.

Specify Data Points Single Values finds the desired 
data point for each channel for the data sets selected 
in the Result Specification, and displays the value of 
that data point on a bar graph.

Explanation
Measurements based on continuous sweep technol-
ogy (Acoustic Response, Continuous Sweep, and Fre-
quency Response) gather data points at thousands of 
frequencies. The exact frequencies used are deter-
mined at the time of measurement, and depend upon 

the sweep settings. The exact frequencies of sweeps 
appended with identical settings will also vary slightly 
from one another.

If you are seeking measurements at one specific fre-
quency (at 1.00000 kHz, for example), you will find 
that continuous-sweep based measurements will pro-
vide values at frequencies very close to, but not 
exactly at, your specified frequency. A typical 20 Hz to 
20 kHz logarithmic sweep, for example, might return 
data near 1 kHz at exactly 0.99750 kHz and 
1.00125 kHz.

Specify Data Points Single Value allows you to select a 
specific frequency for reporting results. The value of 
the nearest neighbor in the source data is reported at 
the chosen frequency.

Use cases
If you are required to report measurements that spec-
ify data at an exact frequency, use Specify Data Points 
Single Value to select the required frequency.

If you are programmatically gathering results across 
appended sweeps, for example, slight variances in 
reported frequencies can complicate programming. 
Use Specify Data Points Single Value to ensure that 
every sweep has a valid result at the selected fre-
quency.

Specify Data Points (X, Y)
Specify Data Points can be attached to any
result (including derived results) where the
X axis has units of either frequency (Hz) or
time (s).

Specify Data Points is a derived results function that 
allows you to select specific frequencies for reporting 
results for a measurement.

After attaching Specify Data Points to a result, use the 
Specify Data Points dialog controls to select the data 
points to report. Choose Logarithmic or Linear for reg-
ularly-spaced frequencies, and set the number of 
desired points. After initial setup, the Specify Data 
Points dialog can be opened by clicking Derived Result 
Settings in the Result Settings bar.
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For exact control, click Edit to open the Data Points 
dialog and create, import or export a custom sweep 
points table.

Explanation
Measurements based on continuous sweep technol-
ogy (Acoustic Response, Continuous Sweep, and Fre-
quency Response) gather data points at thousands of 
frequencies. The exact frequencies used are deter-
mined at the time of measurement, and depend upon 
the sweep settings. The exact frequencies of sweeps 
appended with identical settings will also vary slightly 
from one another.

If you are seeking measurements at one or more spe-
cific frequencies (at 1.00000 kHz, for example, or at 
the series of conventional frequencies used in a 1/3-
octave sweep), you will find that continuous-sweep 
based measurements will provide values at frequen-
cies very close to, but not exactly at, your specified fre-
quencies. A typical 20 Hz to 20 kHz logarithmic 

sweep, for example, might return data near 1 kHz at 
exactly 0.99750 kHz and 1.00125 kHz.

Specify Data Points allows you to select specific fre-
quencies for reporting results. The value of the near-
est neighbor in the source data is reported at the 
chosen frequency.

Use cases
If you are required to report measurements require-
ments specify data at exact frequencies, use Specify 
Data Points to select the required frequencies.

If you are programmatically gathering results across 
appended sweeps, for example, slight variances in 
reported frequencies can complicate programming. 
Use Specify Data Points to ensure that every sweep 
has valid results at the selected frequencies.

ANSI S3.22 Fit Limit to Data
ANSI S3.22 Fit Limit to Data is a derived results func-
tion designed to evaluate hearing aid measurement 
results according to the ANSI S3.22 standard. The 
result, available in both Bench Mode and Sequence 
Mode, creates upper and lower limits based on a ref-
erence curve and attempts to fit the limits to the mea-
sured device response. If the results do not fit within 
the limits defined by the reference data curve, mark-
ers are placed on the graph to show where the cross-
ing points occur. If the results fit, the trace is shown 
within the limits on the graph. 

The derived result can be attached to XY results of the 
following graph types:

•RMS Level vs. Frequency

•Relative Level vs. Frequency

•Gain vs. Frequency

•FRF Magnitude (in the transfer function measure-
ment)

These graph types are available for measurements 
that produce the results listed above and include the 
following measurements: Frequency Response, Acous-
tic Response, Continuous Sweep, Stepped Frequency 
Sweep, Bandpass Frequency Sweep, Transfer Func-
tion, and Bench Mode Sweep (when the Primary 
Source control is Gen Freq). Additionally, the ANSI 
S3.22 Fit Limit to Data derived result can be attached 
to other derived results of a supported graph type.

Reference Data Curve Requirements
The reference data curve must have the same XY 
units of the result to which the derived result is 
attached. It also must have a minimum frequency less 
than or equal to 200 Hz and a maximum frequency 
greater than or equal to 4000 Hz in order for the 
graph to display results. Limits are created 4 dB above 
and 4 dB below the reference curve values between 
200 Hz and 2000 Hz, and 6 dB above and 6 dB below 
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the reference curve values between 2000 Hz and 
4000 Hz, as defined in the ANSI S3.22 specification. 
Because the limits are derived from the reference 
curve, they are not editable.

The file used as the reference data curve can be cre-
ated during a sequence, so the file specified in the 
Reference File Path does not have to exist when the 
derived result is set up. However, a sequence step 
would need to be set up to create the file with the 
specified name and desired data before the measure-
ment containing the derived result is run in the 
sequence. 

Configuring the Derived Result
After attaching ANSI S3.22 Fit Limit to Data to a result 
and editing any fields as needed in the Define Trace 
dialog, use the Reference File Path control in the 
Result Settings bar to select a reference data curve. 
The Derived Result Settings button in the Result Set-
tings Bar will open the Define Trace dialog to make 
any update settings. 

The Define Trace dialog displays the result name and 
source result, and contains the controls to edit the 
name of the trace that is displayed on the graph, 
which data set to use for the graph and which chan-
nel to evaluate if more than one channel is active in 
the sequence.

The ANSI S3.22 Fit Limit to Data graph shows the lim-
its generated from the supplied reference data curve 
and the trace of the result data in relation to the lim-
its. 

Min/Max Statistics group:
The Statistics group is a set of derived results that 
apply statistical computations to APx500 source 
results. For a given source result type (single value or 
XY) and a given derived result output type (single 
value or XY), functions in the Statistics group share 
common settings and specifications.

Once you have attached a Statistics group derived 
result, you can select and view other statistical func-
tions without needing to define a new result. Simply 
select a different function from the drop-down menu 
on the Results Settings bar or in the Result Specifica-
tion dialog.

Statistics group functions
•Minimum (page 785)

•Maximum (page 785)

•Geometric Mean (page 785)

•Arithmetic Mean (page 785)

•RMS (root mean square) (page 785)

•Standard Deviation (page 785)

•Max Difference from Geometric Mean (page 786)

•Max Difference from Arithmetic Mean (page 786)

Statistics Group (single value output) attached 
to single value (meter) results
When attached to a meter result, a statistics (single 
value output) derived result gathers information 
across specified channels, and displays a single value 
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result as a meter bar. Channels are selected in the 
Result Specification dialog, shown here. 

Up to 16 result specifications are supported, man-
aged in the Derived Result Settings dialog shown here.

Statistics Group (single value output) attached 
to XY results
When attached to an XY result, a statistics (single 
value output) derived result gathers information for 
each channel for a specified data set, and displays a 
single value result as a meter bar for each channel. 

Data sets are selected in the Result Specification dia-
log.

Statistics Group (XY output)
A Statistics group (XY output) derived result can only 
be attached to an XY source result. Information is 
gathered across selected channels for selected data 
sets. The derived result is displayed as an XY graph, 
with a trace for each result specification. Channels 
and data sets are selected in the Result Specification 
dialog, shown here.
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Up to 16 result specifications are supported, man-
aged in the Derived Result Settings dialog, shown 
here.

Special Statistics Specifications for 
Acoustic Response
When a Statistics Group derived result is attached to 
an Acoustic Response Level and Distortion result, both 
Channels and Harmonics can be selected.

Statistics Group functions 
descriptions
Minimum
Minimum is a Statistics group function that finds the 
lowest value in the result data it acts upon. 

Maximum
Maximum is a Statistics group function that finds the 
highest value in the result data it acts upon. 

Geometric Mean
Geometric Mean is a Statistics group function that 
finds the value of the geometric mean of the result 
data it acts upon. The geometric mean is defined as 
nth root of the product of the squares of the values of 
n data points.

Formula:

Arithmetic Mean
Arithmetic Mean is a Statistics group function that 
finds the arithmetic mean (average) of the result data 
it acts upon. The arithmetic mean is defined as the 
sum the values of all data points divided by the num-
ber of all data points.

Formulae:

(x1+x2+x3...xn)/n.

or, in summation notation, 

RMS (root mean square)
RMS is a Statistics group function that finds the root 
mean square of the result data it acts upon. The root 
mean square (also called the quadratic mean) is 
defined as the square root of the sum of the squares 
of the values of all data points.

Standard Deviation
Standard deviation is a Statistics group function that 
finds the standard deviation (the degree of variation 
from the mean) of the result data it acts upon.

Definition of standard deviation
The standard deviation function shows the degree of 
variation from the arithmetic mean (average).

Standard deviation is the square root of the arithme-
tic mean of the variance of each point. The variance is 
the squared deviation (the difference between the 
point value and the arithmetic mean of all point val-
ues, squared). To compute this, first find the arithme-
tic mean of all points. Then find the difference of each 
point from the mean, and square each of these 
results. This is the variance for each point. Then find 
the arithmetic mean of all the variances. Lastly, find 
the square root of this mean.

For example, for 9 points (2, 4, 6, 4, 3, 5, 7, 3, 2), 
the average (arithmetic mean) is the sum of all the 
values divided by the number of values, or 
36/9 = 4.
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The deviation of each point from the average (4) is 
(–2, 0, 2, 0, –1, 1, 3, –1, –2).

The squared deviation, or variance, of each point 
is (4, 0, 4, 0, 1, 1, 9, 1, 4).

The average of these variances is 24/9 = 2.67.

The square root of this average is the standard 
deviation = 1.633

Formulae:
Where the standard deviation is represented by σ 
(sigma), the arithmetic mean is represented by µ (mu), 
x is the value of each point, and N is the number of 
points:

or, in summation notation,

Max Difference from Geometric Mean
Max Difference from Geometric Mean is a Statistics 
group function that finds the difference between the 
value of the data point(s) with the maximum differ-
ence from the geometric mean and the value of the 
geometric mean, in the result data it acts upon.

Max Difference from Arithmetic Mean
Max Difference from Arithmetic Mean is a Statistics 
group function that finds the difference between the 
value of the data point(s) with the maximum differ-
ence from the arithmetic mean and the value of that 
mean, in the result data it acts upon.

Power Average
Power Average (spectrum averaging) is a Statistics 
group function, with primary applications in acoustics, 
as listed below.

Power Averaging (single value output)
When attached to an XY frequency domain level result 
in Vrms, Power Averaging (single value output) 
squares each data point in a selected acquisition, 
divides the result by the number of data points and 
takes the square root of the result. The power aver-
age for each channel is displayed as a meter bar. To 
constrain the result to a frequency range, first apply 
the Specify Data Points derived result to the data, and 
apply Power Averaging (single value output) to the 
Specify Data Points result.

Power Averaging (XY output)
When attached to an XY frequency domain level result 
in Vrms, for each X value Power Averaging (XY output) 

squares the Y value for all selected channels and 
acquisitions, divides the result by the product of the 
number of channels and acquisitions, and displays the 
square root as a resulting Y value for that X. This pro-
vides a single frequency domain level trace. Select 
channels and acquisitions in the Result Specification. 
Power Averaging (XY output) supports up to 16 specifi-
cations, managed in the Derived Result Settings dia-
log.

Applications
Applications in acoustics include:

•Averaging acoustic response curves over an area 
to produce a “listening window” averaged 
response curve. This is also known as a spatial 
average. 

•In tuning automotive sound systems, a few micro-
phones are positioned at distributed locations 
near each seat location and the responses of sets 
pertaining to each seat are averaged to find the 
response representative of each seat.

•Averaging the frequency response curves of multi-
ple microphones in an array.

•Averaging the response of multiple headphone 
measurements after refitting, to account for varia-
tions in fit. (IEC 60268-7)

Channel count in a derived result
In a derived result setting you can select channel 
numbers beyond the channel count available via the 
physical interface connectors on your APx analyzer.

This is because all APx500 systems support up to 16 
input channels of audio data, when the input configu-
ration is set to File.

Be sure to select channel numbers that are relevant to 
your test setup.

Non-existent data sets in a derived 
result
You can specify data sets that have not yet been 
acquired or imported. This supports use in automated 
sequences, where the derived result can be defined 
before the sequence has completed all of its append 
activities.
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Example 1. Attach Offset to THD+N Ratio
Attaching a Derived Result Offset Function to a THD+N Ratio result.

Attaching the Derived Result to the source result places a Gain field on the Result Settings bar, where you can spec-
ify the offset gain. We have entered 10.00 %. The Derived Result is of the single value type, with meter bars show-
ing the offset for each channel.

Example 2. Attach Maximum (single value) to RMS Level
Attaching a Derived Result Maximum Function to an RMS Level result.
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Attaching the Derived Result to the source result opens a Result Settings dialog, where you can specify one or more 
Result Specifications. We have made two specifications: one that returns the maximum across the even channels, 
and one that returns the maximum across the odd channels. The Derived Result is of the single value type, with 
one meter bar for each specification.

Example 3. Attach Minimum (single value) to Frequency Response Level
Attaching a Derived Result Minimum Function to a Frequency Response Level result.

Attaching the Derived Result to the source result opens a Result Settings dialog, where you can specify the Data Set 
to be considered. We have kept the default, “Most Recent”. The Derived Result is of the single value type, with one 
meter bar for each channel.
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Example 4. Attach Geometric Mean (XY) to Frequency Response Level
Attaching a Derived Result Geometric Mean (XY) Function to a Frequency Response Level result.

Attaching the Derived Result to the source result opens a Result Settings dialog, where you can specify one or more 
Result Specifications. We have made three specifications: one that returns the geometric mean across channels 1 
and 2, for Data Set 1; one that returns the geometric mean across channels 1 and 2, for Data Set 2, and that 
returns the geometric mean across all channels for all Data Sets. The Derived Result is of the XY type, with one 
graph trace for each specification.
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Example 5. Attach Compare (XY) to Frequency Response Level
Attaching a Derived Result Compare (XY) Function to a Frequency Response Level result.

Attaching the Derived Result to the source result opens a Result Settings dialog, where you can specify one or more 
Result Specifications. We have only one specification, the default, which compares the data in channel 1 with the 
data in channel 2, for the most recent data set. The Derived Result is of the XY type, with one graph trace for each 
specification.

Example 6. Attach Specify Data Points (XY) to Frequency Response Gain
Attaching a Derived Result Specify Data Points Function to a Frequency Response Gain result.
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Attaching the Derived Result to the source result places Type and Points fields on the Result Settings bar, where 
you can specify Linear or Logarithmic and the number of points, or you can open a Data Points dialog to add or 
delete specific points. We have kept the defaults. The Derived Result is of the XY type, with all traces redrawn with 
the new data points.
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106

Limits

Overview
Limits are preset values to which measurement val-
ues are compared during testing. In APx500, limit 
values or limit curves can be attached to a measure-
ment. As you make the measurement, you can see 
whether or not the measurement values exceed your 
limits.

You can apply both upper and lower limits to an APx 
measurement. These are used as Pass / Fail criteria 
when comparing a device to specifications or to a 
“golden unit.”

When a measurement or sequence is run, measure-
ments that fall entirely between limits are marked as 
Passed . Measurements that exceed limits are 
marked as Failed .

Depending upon settings in a measurement’s Mea-
surement Sequence Settings (see page 640), the 
sequence behavior may be affected by result pass or 
fail status. The sequence may cancel, continue, 
prompt for a retry, or automatically retry.

Go to page 668 for more information about using 
pass/fail limits in a sequence.

Limits for meter graph results
You create limits for meter (single value) results by 
specifying a single point on the result scale as an 
upper or lower limit. Meter limits can be marked on a 
meter graph with the Draw Limits  tool, or entered 
in a table in the Edit Limits  dialog.

Limit Markers
In a meter measurement, limits are displayed as 
arrows overlaid on the meter bar graph. A measure-
ment that exceeds a limit changes the color of the 
meter bar to dark red. 

Limits can be moved by grabbing a limit arrow using 
the mouse pointer and dragging it to a new position.

Limit arrow markers on a meter graph.

Drawing limits for meter results
Select Draw Limits  from the Draw/Edit Limits 
menu  on the meter graph toolbar, or right-click on 
the graph and select the Draw Limits item from the 
menu.

Drawing a limit point

By default, Draw Limits is set to Limits Track Ch1 and 
Active Limit to Upper. When no limit has yet been cre-
ated, only the Add Points  tool is available.

•With the Add Points  tool selected, click in the 
graph to create a limit point.
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•Use the Move Points  tool to drag an existing 
point to a new location.

•Use the Erase Points  tool to remove a point.

•Click Delete Limit  to entirely remove a limit.

•Click the Edit Limits button  to go to the Edit 
Limits dialog box, where you can enter and edit 
limits by keyboard entry.

Limits Track Ch1
With Limits Track Ch1 set, all channels will have these 
limit points attached. To set different limits (or have no 
limits) for other channels, deselect Limits Track Ch1 
and move the points on the graph independently.

Active Limit
Select the Upper or Lower Active Limit (the limit that 
the tools in this dialog are currently affecting) using 
the selections here.

Apply Limit
Limit data that is not applied remains attached to a 
result but is not visible on the graph. In Sequence 
Mode, a limit must be applied to be active in a 
sequence and to display Pass/Fail markers in the Nav-
igator.

To apply a limit to a graph and sequence, check the 
Apply Limit checkbox.

Edit limits for meter results
Select Edit Limits  from the Draw/Edit Limits menu 
on the graph toolbar, or right-click on the graph and 
select the Edit Limits item from the menu.

The Edit Limits for meters (single-value measure-
ments) dialog allows you to enter or edit limits by key-
board entry into a limit grid. If you have used the Draw 
Limits tool before opening Edit Limits, the values for 

the limit points you have drawn will be shown in the 
limits grid.

Apply Upper/Apply Lower Limit
Limit data that is not applied remains attached to a 
result but is not visible on the graph. In Sequence 
Mode, a limit must be applied to be active in a 
sequence and to display Pass/Fail markers in the Nav-
igator.

To apply limits to a graph and sequence, check either 
or both Apply Upper Limit or Apply Lower Limit check-
boxes.

Track First Channel
If Track First Channel is checked, the limit values for 
channel 1 are copied to the other channels, and the 
limit values for channels greater than 1 cannot be 
edited. Any changes made to channel 1 are repro-
duced in the other channels. Uncheck Track First 
Channel to enable different limit settings for each 
channel.

Clear Limits
To remove all limit points, click Clear Limits. .

Draw Limits
Click Draw Limits  to open the Draw Limits dialog. 

Creating New Limits
New limits can be created in the Edit Limit dialog by 
entering limit values directly into the grid.

Limits for XY graph results
You can apply upper and lower limits to APx500 
XY graphs. These can be used as Pass / Fail criteria 
when comparing a device to specifications or to a 
“golden unit.”

Limits for XY graph results are themselves XY curves, 
although a limit might be scalar, a flat curve with only 
one Y value across all X values.

Single- and dual-axis XY graphs
APx graphs can plot two results on the same display, 
using a left and right Y-axis. The following topics point 
out the differences in drawing, editing and applying 
limits when working with one and two Y-axis displays.

Right Axis Limit settings are only available
for graph results that use two Y-axes.

Limit Display
In an XY measurement, limits are displayed as red 
traces overlaid on the XY graph. A measurement that 
crosses a limit is marked with a red triangle at the 
intersection.
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XY limit curves can be drawn directly on a graph dis-
play with the Draw Limits tool, entered from the key-
board in the Edit Limits dialog, copied from the current 
graph data, or imported from a data file.

Offsetting limits
Once created, an XY limit can be offset (its Y values 
can be shifted up or down in a defined way). 

Drawing limits for XY graphs
Select Draw Limits  from the Edit Limits  menu 
on the graph toolbar, or right-click on the graph and 
select the Draw Limits item from the menu.

Draw Limits toolbar
•When no limit has yet been created, the Draw 

Limit  tool is selected. Drag the mouse pointer 
across the graph to create an upper limit curve. 
After this first entry, the Add Points tool is 
selected.

•Use the Add Points  tool to extend the curve. 
Click the mouse pointer on the graph to add a 
point.

•Use the Move Points  tool to drag an existing 
point to a new location.

•Use the Erase Points  tool to remove a point.

•Click Delete Limit  to entirely remove a limit 
curve.

•Click the Edit Limits button  to go to the Edit 
Limits dialog box, where you can import, export, 
offset and edit limits by keyboard entry.

Failure Condition (for 2-axis graphs only)
You can specify whether a limit failure is flagged when 
a point on either the left or right axis exceeds a limit, 
or when points on both left and right axes exceed a 
limit, for the same X value.

Left Axis Limit / Right Axis Limit 
Right Axis Limit settings are only available
for graph results that use two Y-axes.

Apply Upper/Apply Lower
Limits remain attached to a result until deleted. How-
ever, for a limit to be visible and active, it must be 
applied. Check the appropriate checkboxes.  In 
Sequence mode, a limit must be applied to be active 
in a sequence and to display Pass/Fail markers in the 
Navigator.

By default, Draw Limits is set to Track First Channel 
and Active Limit: Upper or Left Axis, Upper.

Track First Channel
With Track First Channel set, all channels will have 
these limit curves attached. To draw different limit 
curves (or have no limit curves) for other channels, 
deselect Track First Channel.

Active Limit
Select the Active Limit (the limit that the tools in this 
dialog are currently affecting) using the menu selec-
tions here.

Editing Limits for XY graphs
Select Edit Limits  from the Edit Limits menu on the 
graph toolbar, or right-click on the graph and select 
the Edit Limits item from the menu.

The Edit Limits dialog provides tools to create, edit, 
import, export and offset limits. You can also copy cur-
rent graph data to create new limits. If you have used 
the Draw Limits tool before opening Edit Limits, the 
values for the limit points you have drawn will be 
shown in the limits grid.
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Failure Condition  (for 2-Y axis graphs only)
You can specify whether a limit failure is flagged when 
a point on either the left or right axis exceeds a limit, 
or when points on both left and right axes exceed a 
limit, for the same X value.

Left Axis Limit / Right Axis Limit 
Right Axis Limit settings are only available
for graph results that use two Y-axes.

Apply Upper / Apply Lower
Limits remain attached to a result until deleted. How-
ever, for a limit to be visible and active, it must be 
applied. Check the appropriate checkboxes. In 
Sequence mode, a limit must be applied to be active 
in a sequence and to display Pass/Fail markers in the 
Navigator.

To apply limits to a graph and sequence, in Left Axis 
Limit (or Right Axis Limit, when available) check either 
Apply Upper or Apply Lower (or both) checkboxes.

Track First Channel
If Track First Channel is checked, the X and Y limit val-
ues for channel 1 are copied to the other channels, 
and the limit values for channels greater than 1 can-
not be edited. Any changes made to channel 1 are 
reproduced in the other channels. Uncheck Track First 
Channel to enable different limit settings for each 
channel.

The Limits Grid; Selecting Upper or Lower Lim-
its
Most of the Edit Limits dialog is taken up by the limits 
grid. The limits grid displays the X and Y values for 
each current limit point for all channels. 

Tabs
Upper and lower limits for left and right axes are avail-
able on tabbed grid pages, with the tabs located at 
the bottom of the grid.

Creating New Limits
New limits for XY graphs can be created in four ways:

•Drawing limits from the Draw Limits dialog.

•Adding a limit point into the limit grid and entering 
a value into the grid. See Add Point, below.

•Importing a limit curve from an external limits file. 
See Import/Copy Data, below.

•Importing a limit curve by copying the current 
graph data into the limits grid. See Import/Copy 
Data, below.

You can add or delete limit points using the Add Point 
or Delete Points tools. You can edit the existing X or Y 
values of any point by entering a new value in the cor-
responding cell.

Add Point
Each horizontal line in the Limit Grid represents one 
limit point. Select a point by placing the cursor on a 
line of data on the grid. Click Add Point to add a new 
point below the selected point.

Delete Points
To remove selected limit points from the grid, click 
Delete Points.

Delete Limit
To remove all limit points from this tab of the grid, 
click Delete Limit. This deletes this limit, but other lim-
its (Upper or Lower, for example) are retained.

Import/Copy Data
This button opens the Import Limit Data dialog, dis-
cussed on page 797.

Export
Limit data can be exported to external files such as an 
Excel file or CSV file.  Each set of data (Upper Left, 
Lower Left, Upper Right, Lower Right) is exported 
saved to a separate file; select the appropriate limit 
source page for export, using the tabs at the bottom of 
the grid.

These files can be edited in Microsoft Excel or a text 
editor and imported back into APx500 if desired.

Offset Limits
An XY limit can be offset, having its Y values shifted up 
or down in a defined way to create related limit curves.

Offset Limits opens the Offset Limit Data dialog (see 
below), which allows you to offset measured or 
imported data.

Want more Points?
Here's a tip if you want very high-resolution limits. 
Export the Graph Data to an Excel or CSV text file, then 
import that file into the Limit Editor, using All Points in 
the data specification. Now use Offset Limits to cre-
ate upper and lower limits
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Import Limit Data dialog
From the Edit Limits dialog, click Import/Copy Data to 
open the Import Limit Data dialog.

Rather than drawing limit data or creating data in the 
limit grid, you can import limits from external data 
files, or you can copy convert data from the current 
measurement and convert it into a limit curve.

Supported file formats include Microsoft Excel spread-
sheets (*.xlsx or *.xls) and comma-delimited text files 
(*.csv), as well as the AP2700 and ATS-2 formats 
(*.adx) and (*.atsx). Each set of data (Upper Left, 
Lower Left, Upper Right, Lower Right) is imported from 
separate files; use the tabs at the bottom of the Limit 
grid to select the corresponding target page. When 
limit data are imported, all current limit data are first 
cleared from memory.

Excel spreadsheets with the .xls extension
can be imported into APx500, but spread-
sheets are saved in the .xlsx format when
exported from APx500.

When importing data from a file exported from an APx 
graph Data Grid, only data corresponding to the cur-
rent measurement (THD Level, for example) will be 
imported. If there are no such data in the file, no limit 
data will be imported.

Select Limit Data
From File
Select From File to import limits from a data file. Enter 
the path and file name here, or browse to the file 
using the Browse button. Supported formats are Excel 
spreadsheets, CSV, or legacy Audio Precision data 
files.

From Graph
Select From Graph to create limits from data in the 
current measurement.

Data Set:
If the measurement has more than one data set, 
select the desired data set here. 

Number of Points:
For continuous-sweep based measurements, there 
may be thousands of data points. A reduced set of 
data points can be imported from the graph data to 
define a limit. Choose

•Same as Graph (the default)
This is the number of data points used to create 
the current graph. For continuous-sweep based 
measurements, Same as Graph is always fewer 
points than the number of points acquired.

•Or, choose a specific number of points
(from 10 points to 500 points).

Apply Limit
To Upper / To Lower 
Choose whether to apply the imported data to an 
upper limit, to a lower limit, or both.

Invert Data
If the limit is being applied to a relative result (such as 
Relative Level), an Invert Data checkbox will be avail-
able. Check the Invert Data checkbox to invert the 
limit data.

Offset:
When imported from a file, the data have arbitrary Y 
values, according to the values in the data file. When 
imported from the graph, the data have the same Y 
values as the current data in the selected data set. 
Depending upon data set choice, these values may be 
identical to the current result points and the limit 
curve may be drawn directly on the current result 
trace. 

In either case, you will typically want to offset the limit 
curve above or below the result curve by scaling the 
limit Y values, using a constant offset value, or by 
using an offset curve. 

•“Filename.csv”
You can select a file already attached to the proj-
ect (if any).

•Create New...
This item opens the Edit Limit Offset Curve dialog 
(page 798).

•Browse for file...
This opens a file browser where you can select an 
offset curve file to attach to the project.

Properties 
For an existing offset curve, the Properties  button 
opens the Edit Limit Offset Curve dialog.

Invert Offset Curve
Check the Invert checkbox to invert the limit offset 
curve. 
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Offset Limits dialog

The Offset Limits dialog provides an easy way to raise 
or lower an entire limit curve (changing all the Y val-
ues) by a specific amount. This is useful if your cur-
rent limit curve is of the correct shape, but requires a 
shift to either tighten or loosen your pass / fail criteria.

Scalar offsets
In most cases XY limits are offset up or down by a 
fixed amount; the Y values of an entire limit curve may 
be raised by 1 dB, for example. In APx, this is called a 
scalar offset. The Offset Limit dialog (see page 798) 
provides a table in which scalar offsets can be applied 
to existing limits on a per-channel basis.

Offset curves
You can also offset XY limits by a Y-value amount that 
varies with the X-value by applying an offset curve.

Using Offset Limits with copied graph data
When used with Copy Graph Data, Offset Limits is also 
a quick way to create limits that mimic measured 
data, such as that from a “golden unit.” 

•In the Edit Limits dialog, select the upper limit grid 
page with the Selected Limit Upper button. Click 
Copy Graph Data. From the drop-down list, choose 
the number of points of data to be copied.

•Choose Offset Limit.

•Enter a value (perhaps +3 Vrms) in the Offset field 
for Channel 1. Click OK.

•Select the lower limit page. Repeat the previous 
steps for the lower limit, but enter –3 Vrms. Click 
OK.

Upper limits are typically offset by positive voltage val-
ues; lower limits by negative voltage values. By follow-
ing the steps in this example, you will have created a 
pair of limits about 6 Vrms apart surrounding the 
existing Channel 1 data.

Track First Channel
If the Track First Channel checkbox in the Offset Lim-
its dialog is checked, all channels will be offset by the 
value entered in the Channel 1 offset field.

Note: When a limit offset is applied, the val-
ues in the Limits Grid are permanently

changed to incorporate the offset. You may
continue to edit the Limit values by chang-
ing values in the Limits Grid, by using the
Draw Limits tool or by applying new limit off-
sets.

Edit Limit Offset Curve dialog

This dialog allows you to import, edit and export a limit 
offset curve/table. The points in the table are repre-
sented graphically by the trace in the graph.

You can make a scalar offset by setting the entire X-
axis range to the same value, or design an offset 
curve by setting different Y values across the X range.

Clear Table  
Clear Table removes all points (rows) from the table.

Order Values  
Order Values sorts the table by X-axis value, ascend-
ing toward the bottom of the table.

Import  
Import opens a file browser window to select and open 
compatible limit offset table files from disk. Excel, CSV 
and Audio Precision legacy *.adx and *.atsx are sup-
ported.

Export  
Export opens a file browser window to save the cur-
rent limit offset table as an Excel or CSV file.

Add Point  
Add Point inserts a blank X-axis point (row) below the 
current selection in the table. Enter a level value for 
each new point. You can edit the X-axis frequency or 
level value arbitrarily.

For frequency X values:

•Minimum Frequency: 1 Hz

•Maximum Frequency: 1.04858 MHz

For level X values:

•Minimum Level: –100 dB

•Maximum Level: 100 dB
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X-axis values must be unique, and ordered from low to 
high. See Order Values, above.

Delete Selected Points  
Delete Selected Points removes the selected points 
(rows) from the table.

Invert  
Use this control to invert the offset curve.

Zoom  
Click on this button and then drag a marquee in the 
graph to zoom.

Revert Zoom/Pan  
Click on this button to revert to the original zoom and 
pan views.

Graph Properties  
This button opens a Graph Properties dialog, where 
you can select ranges, names and log/lin characteris-
tics for the offset curve graph.

Examples
Centering new data within limits
In some applications, the general conformance of a 
trace to the shape of a set of limits is of importance, 
with absolute level less important or irrelevant.

You can automatically center new data within existing 
limits for the Relative Level results of these measure-
ments: 

•Acoustic Response (Chapter 26)

•Bandpass Frequency Sweep (Chapter 28)

•Continuous Sweep (Chapter 34)

•Frequency Response (Chapter 50)

•Multitone Analyzer (Chapter 68)

•Stepped Frequency Sweep (Chapter 85)

You can automatically center new data within existing 
limits for the Linearity results of these measurements: 

•Bandpass Level Sweep (Chapter 30)

•Stepped Level Sweep (Chapter 86)

Refer to the measurement chapters for operational 
details.

Setting XY limits directly
You can draw limits or enter limit values directly in a 
limit table. For example, perhaps it is important that 
your DUT perform to an industry standard that 
requires that frequency response be ±3 dB below 
100 Hz and above 15 kHz, and ±1 dB at points 
between.

You can simply draw or enter these limits in an 
APx500 measurement that provides frequency 
response results, and run the test or sequence. For 
the example here, values were entered in the Edit Lim-
its dialog for the Frequency Response measurement. 
The limits grid showed these entries:

The limits might appear on your graph like this:

Creating limits from measurement data
You may have a “golden unit,” a DUT that performs 
very well, that you would like to use as a standard for 
your Pass / Fail testing. For an X/Y graph, you can cre-
ate limits from the measured response of this unit.

The example given below is for a curve derived from a 
measurement, with scalar limits applied. See Edit Lim-
its > Import Limits on page 797 and Offset Limit on 
page 798 for other options.

For example, let’s use the frequency response of a 
golden unit.

•Measure the response.

•In the Edit Limits dialog, select Import/Copy Data.

•In the Import Limit Data dialog, choose From 
Graph. Set Number of Points to 50.

•In the Apply Limit section, choose To Upper, and 
choose Offset > 

•With the Upper tab selected, choose Offset Limits, 
select Use Scalar Offset, and enter 1.5.

•With the Lower tab selected, choose Offset Limits, 
select Use Scalar Offset, and enter –1.5.



Chapter 106: Limits

800 APx500 User’s Manual

These limits appear on your graph as shown (the red 
lines are the upper and lower limits; the blue line in 
the middle is the golden unit data):

Creating offset limits from graph data is discussed in 
detail on page 798.

Interpolation and limit failure 
markers interaction
Limit failure markers (small red triangles) are placed 
at the first data point that exceeds a limit. When inter-
polation is on and the graph is zoomed in to high mag-
nification, the limit failure markers may appear to be 
“floating” in the graph, not at the intersection of the 
limit line and the interpolated data trace. Although this 
appears to be an error, it is actually correct behavior. 
Turn interpolation OFF, and you will see that the 
marker is at the center of the first (real) data point 
that exceeds the limit. There is no data at the intersec-
tion, although interpolation suggests that there is. 

Limit failure marker appearing to “float” above limit line 
when interpolation is ON.

Limit failure marker shown to be centered on data point 
when interpolation is OFF.
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AUX Control

Overview
Aux Control (sometimes referred to as GPIO or Gen-
eral Purpose Input/Output) provides the capability to 
communicate with external devices, transmitting and 
receiving control commands via general-purpose 8-bit 
digital ports, available on 9-pin D-Sub connectors on 
the APx500 series instrument rear panel.

Aux Control Out
Aux Control Out commands can be set manually in the 
APx500 software, or can be set automatically in 
response to a specified condition in an APx500 
sequence. Applications include control of mechanical 
devices such as turntables, mains power, indicator 
lights, annunciators, and so on.

Aux Control In
Aux Control In commands can be read visually in the 
APx500 software, or can be used to trigger actions in 
an APx500 sequence. Applications include input of 
operator controls (such as a foot switch) and reading 
of device states.

Reading and Setting Aux Control
Viewing and manually setting Aux Control has been 
placed in a Monitor view, which allows you to work 
with Aux Control without leaving the current Measure-
ment view.

Go to the monitors and click the Aux Control button.

The Aux Control Monitor displays the current state of 
the Aux Control Out and Aux Control In bits. Bit states 
are shown both in a binary display and as the hex 
equivalent.

Additionally, Aux Control Out bits can be set from this 
monitor window, either by clicking on the binary dis-

play to toggle the state of a bit, or by entering the hex 
equivalent in the Hex: field.

Using Aux Control with 
Sequences
You can read or set Aux Control states from within a 
sequence step. See pages 645 and 650.

You can start a sequence with an Aux Control In com-
mand, and set the Aux Control out state at the begin-
ning of the sequence. See page 669. You can also set 
the Aux Control out state at the end of a sequence, in 
response to pass, fail or sequence cancellation condi-
tions. See page 670.

You can also cause sequence dialogs, such as Pass or 
Fail, to be closed with an Aux Control In command. 
See page Dialog Button Aux Control on page 639.

The Aux Control interface used in the Sequence has 
three states for each bit: 1, 0, and “X”. X is an “ignore” 
or “don’t care” setting. 

For an Aux Control In interface, X means that for that 
bit, either a 1 or a 0 will satisfy the pattern. 

For an Aux Control Out interface, X means that the cur-
rent state of the bit will be left unchanged.
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Aux Control Physical Layer
Aux Control Out
Aux Control Out uses open-drain relay drivers, capable 
of sinking 250 mA per pin. The On resistance is nomi-
nally 1.5 . The open drain is pulled high to a nomi-
nal 4.75 V with a 3.57 k resistor and a schottky 
diode. 

The Aux Control Out design has been
updated periodically and the open drain
nominal voltage varies between 4.5 V and
5 V. The current implementation is dia-
grammed below.

Aux Control Out DE-9F connector

Pin 9 is the common (ground) connection; pins 1–8 
are numbered to correspond with the Aux Control bits 
1–8.

LEDs are typically connected using TTL driver circuits, 
but can be connected directly as shown above. V and 
R depend upon the LED selected and other circuit con-
siderations.

Relays are typically connected using TTL driver cir-
cuits, but can be connected directly as shown above. 
If the relay package does not provide an internal sup-
pression diode, be sure to protect the circuit by con-
necting one across the relay coil. V and R depend 
upon the relay selected and other circuit consider-
ations. Maximum current per Aux Control Out pin is 
250 mA.

Aux Control In
The input port is a TTL-compatible interface with 5 V 
tolerant inputs. Vinh (high) is 2.0 V and Vinl (low) is 
0.8 V. The inputs are pulled high with a 100 k resis-

tor to 3.3 V. Maximum continuous input voltage is 
5.2 V.

Aux Control In DE-9M connector

Pin 9 is the common (ground) connection; pins 1–8 
are numbered to correspond with the Aux Control bits 
1–8.

Input switches and sensors are often connected using 
TTL driver circuits, but can be connected directly as 
shown above.
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Switchers

Introduction
Audio Precision manufactures optional switchers that 
can be used to connect or disconnect many signal 
channels (up to 192 input and 192 output channels) 
to the instrument inputs or outputs, under software 
control.

This chapter discusses the APx500 switcher control 
interface and provide an overview of switcher fea-
tures and applications. 

Switchers can also be configured from within a 
sequence by adding a Switcher Configuration step. 
See page 656.

See the SWR-2755 User’s Manual (provided with the 
switcher and available on the Audio Precision Web 
site) for more information.

Balanced output switcher SWR-2755M

Block diagram of SWR-2755M switcher

Connecting the switcher to the 
control computer
Audio Precision switchers use the Audio Precision 
Interface Bus (APIB) for switcher control. To use a 
switcher with APx500, you must have at least 2 USB 
2.0 ports on the control computer. One of the ports 
must be connected to the APx500 instrument; the 
other port must be connected to an Audio Precision 
USB-APIB adapter, which can then be connected to 

one or more switchers using APIB. The USB-APIB is an 
accessory interface available from Audio Precision.

Switcher control interface bus diagram

Audio Precision USB-APIB adapter

Setting switcher addresses
APx500 can control up to 16 input and 16 output 
switchers, for a total of 192 switched input channels 
and 192 switched output channels. Each switcher is 
identified by setting a DIP switch on the SWR-2755 
hardware to a binary address, and entering the match-
ing binary address in the software.

Switcher address settings
Each switcher must be assigned a unique binary 
address. On the switcher rear panel is a DIP switch 
with 6 switches; the four switches to the left set the 
binary address for that unit. To address a switcher 
from the APx500 software, the binary address must 
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match on the switcher hardware and the switcher 
address controls in the software.

Note that the DIP switch orientation on the
hardware is reversed from the digit order in
ordinary binary notation, and that 0=UP
and 1=DOWN: binary number 0111 corre-
sponds to switch settings of DOWN-DOWN-
DOWN-UP. For clarity, both DIP switch posi-
tion and binary number are shown in the
control panel.

From Signal Path Setup, click Switcher Settings. 
Choose the Output Switchers Settings tab or the Input 
Switchers Settings tab to view a Switcher panel.

Switcher Address
This is the binary address for each switcher hardware 
unit. On the switcher rear panel is a DIP switch with 6 
switches; the four switches to the left set the binary 
address for that unit. To address a switcher from the 
APx500 software, the binary address must match on 
the switcher hardware and the switcher address con-
trols in the software.

Switcher Channels A and B
Each switcher has 2 channels called Channel A and 
Channel B, that are used to connect to 2 APx 500 
series outputs (for an output switcher) or inputs (for 
an input switcher). These are connected to the 
switcher ports by internal relays, under the APx500 
software control.

Switcher Ports
Each switcher has 12 ports that are used to connect 
to DUT channels according to your test requirements. 
An input switcher’s ports are designed to connect to a 
DUT’s output channels, and an output switcher’s ports 
are designed to connect to a DUT’s input channels. 
For each APx500 signal path, you can make a port 
selection for Channel A and Channel B for each 
addressed switcher.

All But ChA
The Channel B port selection list includes All But ChA 
as a choice. This selection connects switcher Channel 
B to all ports except the current port connected to 
Channel A.

Saving switcher settings
APx500 switcher settings are always saved with the 
project file, and are included in the project when the 
file is re-opened.

Additionally, output and input switcher settings can be 
saved as individual files from the Signal Path Switch-
ers panels. Output switcher settings files have the file-
type *.swo, and input switcher settings files have the 
filetype *.swi.

Click the Save button to save the current switcher set-
tings as a separate file. Click the Open button to open 
previously saved switcher files.

Creating a signal path for each step
Each Navigator signal path sets one state for each of 
the switchers connected, set in the Advanced Set-
tings panel for that signal path. For example, the input 
switcher at address 0000 could have its ChA connec-
tor switched to Port 1, and its ChB connector switched 
to Port 2.

To switch to two different DUT channels, create a sec-
ond Navigator signal path using the same 0000 
switcher address, but set ChA to Port 3 and ChB to 
Port 4. Make the necessary audio connections to 
match. When you move from Signal Path 1 to Signal 
Path 2, the switcher will change to Ports 3 and 4.

Switcher example
The block diagram on the next page shows an APx585 
testing a 32x8 mixer using four output switchers. Gen-
erator pairs 1–2 are connected to Channels A and B 
on switcher 0000, 3–4 to A and B on switcher 0001 
and so on.

The switcher ports are connected to various mixer 
inputs. Ports 1–2, 3–4, 5–6 and 7–8 from 0000, for 
example, carry Generator signal from 1–2, and are 
wired to mixer inputs 1–2, 9–10, 17–18, and 25–26.

The eight outputs from the mixer are connected 
directly to the analyzer inputs. If there were more out-
puts to be tested, input switchers could be added to 
the setup.

The four Navigator signal paths shown here shift the 
switchers through the four states necessary to test all 
the mixer channels. The four switcher address config-
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urations show the switcher states specified in each of 
the four signal paths.

Four Signal Paths in the Navigator

When this sequence is run, each signal path performs 
its measurements on eight channels at a time, and 
then switches to the next signal path and the next 
eight channels.

All results are shown in the sequence report.

Four sets of switcher settings

Block Diagram
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Units of Measurement

Unit Domains
Many different units of measurement are used to 
describe audio signals and audio system components 
and characteristics. Values can be expressed in abso-
lute terms such as the volt, the watt, the ohm, the 
hertz and the second. Values can also be displayed as 
the ratio of one value to another using units like the 
decibel or percent. In addition, APx500 provides rela-
tive units which express the relationship of a value to 
a user-supplied reference, or to another APx500 set-
ting.

Measurements using Audio Precision analyzers fall 
into one of eight unit domains. Each unit domain has 
a base unit, from which the equivalent units are calcu-
lated.

Depending on the current APx500 view and the 
parameter you are setting or measuring, different 
units choices in different unit domains will be avail-
able. When you request a value in different units, 
APx500 recalculates the value.

Unit domains used in APx500:
•Analog Level

•Digital Level

•Ratio

•Ratio, cross-domain

•Relative

•Frequency

•Phase

•Time

•Sound Pressure

•No Unit (Impulse Response only)

Units: Analog Level
V—volts (instantaneous voltage)
This unit is used in the APx500 DC Level measure-
ment, and in the time domain views, including Signal 
Monitors: Scope, Signal Analyzer: Scope; in Acoustic 

Response: Impulse Response and Acquired Wave-
form, Continuous Sweep: Impulse Response and 
Acquired Waveform, Multitone: Acquired Waveform, 
Multitone: Noise Density and Multitone: DC Level mea-
surements.

Vrms—volts (rms)
This unit is used in APx500 generator settings and 
analyzer measurements. This setting accurately cali-
brates the generator output in Vrms when a sine wave 
is being generated. When using other waveforms 
(such IMD twin-tone stimulus signals) with Vrms, the 
signal has the same peak-to-peak voltage as a sine 
wave at that setting. For the analog outputs, Vrms is 
an open-circuit value and the actual output voltage 
will be less with a load. In analyzer measurements, 
Vrms readings are always made using an rms detec-
tor and are correct for any waveform.

Vp—volts (peak)
This unit is used in APx500 generator settings. This 
calibration is arithmetically scaled to the Vrms value 
by the square root of 2, approximately 1.414. Since 
non-sinusoidal waveforms are calibrated to have the 
same peak-to-peak value as a sine wave, the Vp unit 
should be correct for most non-sinusoidal waveforms. 
For the analog outputs, Vp is an open-circuit value and 
the actual output voltage will be less with a load.

Vpp—volts (peak-to-peak)
This unit is used in APx500 generator settings. This 
calibration is arithmetically scaled to the Vrms value 
by 2 times the square root of 2, approximately 2.828. 
Since non-sinusoidal waveforms are calibrated to have 
the same peak-to-peak value as a sine wave, the Vpp 
unit should be correct for most non-sinusoidal wave-
forms. For the analog outputs, Vpp is an open-circuit 
value and the actual output voltage will be less with a 
load.

dBV—decibels relative to 1.000 Vrms
This is usually the correct choice of units for audio lev-
els in consumer audio equipment and systems. The 
dBV is a voltage unit and, like the dBu, is independent 
of circuit impedance. For the analog outputs, dBV is 
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an open-circuit value and the actual output voltage 
will be less with a load. See More about decibels on 
page 811.

dBu—decibels relative to 0.7746 Vrms
This is usually the correct choice of units for audio lev-
els in professional audio equipment and systems. The 
dBu is a voltage unit and, unlike the dBm, is indepen-
dent of circuit impedance. For the analog outputs, dBu 
is an open-circuit value and the actual output voltage 
will be less with a load. See More about decibels on 
page 811 and More about dBm vs. dBu on page 812.

dBm—decibels relative to 1 mW
dBm is rarely the correct choice of units for
audio measurements. dBm units are often
Improperly chosen when dBu units should
be used. See dBm versus dBu on page 812.

Like watts, the dBm is a unit of power used in APx500 
generator settings and analyzer measurements.

dBm as generator output units
The APx generator outputs have a source impedance 
of 100  for the balanced connections and 50  for 
the unbalanced connections. When using dBm as a 
generator unit, the internal generator level is set to the 
value that produces the desired power in the load, cal-
culated for the balanced (100  source impedance) 
outputs. For a correct calculation, you must enter the 
value of the load resistance in the Reference Levels > 
Advanced Settings dialog. 600  is the most common 
circuit impedance for dBm measurements.

As mentioned, this calculation is made correctly for 
the balanced outputs. The unbalanced outputs pres-
ent a source impedance of 50 , which is not consid-
ered in the dBm units calculation. When using the 
unbalanced outputs with dBm generator units, the 
power in the load will not match the value specified in 
the generator Level field.

Note: units of power (dBm and watts) in
generator output settings are features
included in Audio Precision instruments as
a nod to tradition, but are rarely useful. We
do not recommend the use of dBm or watts
as generator units.

dBm as analyzer input units
For the analyzer inputs, dBm is accurately measured 
and calculated for both the balanced and unbalanced 
inputs. For a correct calculation, you must enter the 
load impedance at the output of your DUT in the Refer-
ence Levels > Advanced Settings dialog. 600  is the 
most common circuit impedance value for dBm mea-
surements.

W—watts
Like dBm, the watt is a unit of power used in APx500 
generator settings and analyzer measurements.

watts as generator output units
The APx generator outputs have a source impedance 
of 100  for the balanced connections and 50  for 
the unbalanced connections. When using watts as a 
generator unit, the internal generator level is set to the 
value that produces the desired power in the load, cal-
culated for the balanced (100  source impedance) 
outputs. For a correct calculation, you must enter the 
value of the load resistance in the Reference Levels > 
Advanced Settings dialog. 8  is the default load for 
watts measurements.

As mentioned, this calculation is made correctly for 
the balanced outputs. The unbalanced outputs pres-
ent a source impedance of 50 , which is not consid-
ered in the watts units calculation. When using the 
unbalanced outputs with watts generator units, the 
power in the load will not match the value specified in 
the generator Level field.

Note: units of power (dBm and watts) in
generator output settings are included fea-
tures in Audio Precision instruments as a
nod to tradition, but are rarely useful. We do
not recommend the use of dBm or watts as
generator units.

watts as analyzer input units
For the analyzer inputs, watts are accurately mea-
sured and calculated for both the balanced and unbal-
anced inputs. For a correct calculation, you must enter 
the load impedance at the output of your DUT in the 
Reference Levels > Advanced Settings dialog. 8  is 
the default load for watts measurements.

ohm ()
The ohm is the unit of electrical resistance (R). Its rela-
tionship to voltage (V) and current (I) in a circuit is 
stated by ohm’s law, V=IR.

Units: Digital Level
FS—digital full scale
Digital full scale is defined in terms of a sine wave 
whose peak just reaches the maximum positive code. 
The rms value of such a sine wave is 1 FS. See More 
about Digital Level units on page 812.

Other Audio Precision analyzers have used
the term FFS (Fraction of Full Scale) for this
unit of digital level. 1 FFS = 1 FS.

%FS—per cent of full scale
%FS is the ratio of the rms value of the signal to 1 FS, 
expressed as a decimal fraction and multiplied by 
100. A sine wave half the value of full scale would be 
indicated as 50 %FS.
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dBFS—decibels relative to full scale
This is a logarithmic measurement defined as 
20 log10(A/B), where A is the rms level of the signal to 
be expressed and B is level of a full scale sine wave 
(1 FS). For example, a signal at 0.1 FS equals –
20 dBFS. dBFS is probably the most common unit of 
measurement used for digital audio amplitudes. 
0 dBFS is the full-scale reference.

D—instantaneous digital level
D, the instantaneous digital level, is defined in terms 
of an instantaneous signal whose peaks just reach 
the maximum digital codes. The peak value of such a 
signal that reaches the maximum positive code is +1 
D; the peak value of such a signal that reaches the 
maximum negative code is –1 D.

This unit is used in the APx500 DC Level measure-
ment, and in the time domain views, including Signal 
Monitors: Scope, Signal Analyzer: Scope; in Acoustic 
Response: Impulse Response and Acquired Wave-
form, Continuous Sweep: Impulse Response and 
Acquired Waveform, Multitone: Acquired Waveform, 
Multitone: Noise Density and Multitone: DC Level mea-
surements.

hex—hexadecimal
The hex unit express the instantaneous numerical 
value of the embedded audio sample in base 16 
(hexadecimal) notation, and is used for Constant 
Value waveform levels, and in the APx500 DC Level 
measurement, and in the time domain views, includ-
ing Signal Monitors: Scope, Signal Analyzer: Scope; in 
Acoustic Response: Impulse Response and Acquired 
Waveform, Continuous Sweep: Impulse Response and 
Acquired Waveform, Multitone: Acquired Waveform, 
Multitone: Noise Density and Multitone: DC Level mea-
surements.

Units: Ratio
X/Y
The X/Y unit is the simple ratio between two numbers.

%—per cent
The per cent unit expresses the ratio of two numbers 
multiplied by 100. For example, a ratio of 0.7 is 
expressed as 70 %.

ppm—parts per million
Parts per million expresses the ratio of two numbers, 
multiplied by 1,000,000. For example, a ratio of 
0.00005 equals 50 ppm.

dB—decibel
The decibel is always a ratio of two amplitudes, 
expressed logarithmically. For voltage amplitudes, 
decibels are computed by dB=20 log10(V1/V2). See 
More about decibels on page 811.

Specific ratio units, such as dBu or %Hz,
are discussed in more detail in the relevant
sections on amplitude or frequency units.

Units: Ratio, cross-domain
FS/Vrms
For cross-domain measurements, the FS/Vrms unit is 
the ratio between output and input levels, for devices 
(such as an ADC) that have an analog input and a digi-
tal output.

Vrms/FS
For cross-domain measurements, the Vrms/FS unit is 
the ratio between output and input levels, for devices 
(such as a DAC) that have a digital input and an ana-
log output.

D/V
For cross-domain impulse response measurements, 
the D/V unit is the relationship between output and 
input for devices (such as an ADC) that have an ana-
log input and a digital output.

V/D
For cross-domain impulse response measurements, 
the V/D unit is the relationship between output and 
input for devices (such as a DAC) that have a digital 
input and an analog output.

See Analog Level units earlier in this chap-
ter for more information about V and Vrms.
See Digital Level units for more information
about FS and D.

Units: Relative
dBrG
dBrG is a user memory, storing decibels relative to a 
user-defined output (generator) reference level set-
ting. There are two independent dBrG memories: one 
for an analog output level and one for a digital output 
level. See More about decibels on page 811.

dBrA and dBrB
dBrA and dBrB are user memories, storing decibels 
relative to user-defined input (analyzer) references. 
See More about decibels on page 811.

You can manually enter dBrA and dBrB values in the 
fields in the Reference Levels view, or you can set 
them from measured input levels using the Set but-
tons in the same view. There are two independent 
pairs of dBr memories: one pair for analog input lev-
els and one pair for digital input levels.

dBSPL1 and dBSPL2
dBSPL1 and dBSPL2 are user memory references just 
like dBrA and dBrB, with nomenclature to support 
Sound Pressure Level work.
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Units: Frequency
Hz—hertz
This is the basic frequency unit, expressing the num-
ber of cycles of a signal in one second.

The other (following) frequency units used
in APx500 measurements are relative units,
expressing the relationship of the mea-
sured frequency to a reference frequency
you have entered into the References Lev-
els > Advanced Settings dialog.

dHz—delta hertz
dHz is the difference in frequency between the mea-
sured frequency and the reference frequency; dHz=F-
R.

F/R
This is a frequency ratio unit, obtained by dividing the 
measured frequency F by the reference frequency R.

%Hz—per cent hertz
%Hz is obtained by dividing the measured frequency 
by the reference frequency and multiplying the result 
by 100; %Hz=100(F/R). For example, a measured fre-
quency of 950 Hz would be expressed as 95.0 %Hz of 
a reference frequency of 1 kHz.

Units: Phase
deg—degree
The degree is the basic unit of phase measurement, 
representing 1/360 of a complete revolution of phase.

rad—radian
One radian (rad) is the angle subtended at the center 
of a circle by an arc of circumference equal in length 
to the radius of the circle.

2 rad = 360°

1 rad = 360° / 2 = 57.2958° (approx).

Units: Time
s—seconds
Seconds are the basic time unit, abbreviated s. At val-
ues common in audio, the display may be in ms (milli-
seconds), µs (microseconds) or ns (nanoseconds).

For Acoustic Response measurements, the measured 
time can be divided by the speed of sound in air, 
approximately 340 m/s or 1116 ft/s), resulting in dis-
tance units:

ft—feet
and

m—meters

UI—unit interval
The unit interval (UI) is a measure of time that scales 
with the interface data rate, and is often a convenient 
term for interface jitter discussions. The UI is defined 
as the shortest nominal time interval in the coding 
scheme. 

AES3, IEC60958, S/PDIF interface signals
For an AES3 or S/PDIF signal at a 48 kHz frame rate, 
there are 32 bits per subframe and 64 bits per frame, 
giving a nominal 128 pulses per frame in the channel 
after bi-phase mark encoding is applied. So, if the 
sample rate is 48 kHz: 

1 UI / (128x48000)=163 ns.

The UI is used for several of the jitter specifications in 
AES31 (the Audio Engineering Society’s standard for 
interfacing two-channel linear digital audio), with the 
result that the specifications scale appropriately with 
the data and frame rate. As an example, the dimen-
sions in UI for 96 kHz frame rates are exactly half the 
size, in seconds, as the dimensions in UI for frame 
rates of 48 kHz. This scaling matches the scaling of 
the capabilities and requirements of the receivers and 
transmitters on the interface. 

Sync, Digital Serial (DSIO) and PDM clock sig-
nals
These signals are simple square wave pulse trains, 
and do not have standards-defined frame lengths or 
bi-phase mark encoding like AES/SPDIF signals. The 
definition of UI above does not apply to these signals.

For these signals, APx uses the telecommunications 
industry definition of UI, in which 1 UI is the time to 
transmit 1 symbol. For Sync, DSIO and PDM clock sig-
nals, this is the bit clock period, so 

1 UI = 1/fb, where fb is the bit clock rate in hertz.

Although monaural PDM carries one symbol per bit 
clock period, and stereo PDM carries two symbols per 
bit clock period, the definition of UI for PDM signals in 
APx remains the same: 1 UI = 1/fb.

dBUI
The dBUI is a measure of time in Unit Intervals (UI) 
plotted logarithmically.

Units: Sound Pressure
Pa—pascal
The pascal (Pa) is a measure of force, defined as 1 
newton per square meter. Atmospheric pressure is 
measured in pascals.

dBSPL—decibels sound pressure level
Sound pressure level is often expressed in decibels 
relative to a pressure measured in pascals. 0 dBSPL is 
defined as 20 µPa, considered the threshold of 
human hearing. 
1 Pa = 94 dBSPL.
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phons
A logarithmic measure of loudness. The unit is based 
on the perceived loudness of a tone using a 1 kHz 
tone at a specific dBSPL for comparison. 

40 phons is the loudness of a tone perceived to be at 
the same intensity as a 1 KHz tone at 40 dBSPL. 

Units: Spectral Density
Overview
Audio Precision FFT graphs are typically RMS sine 
scaled. The result is that tonal components will dis-
play with a level equal to their true RMS level. For 
instance, a 2 Vrms sine wave will show as a peak in 
the FFT with height 2 V (or +6 dBV). Regardless of the 
FFT length, the peak’s height will stay constant.

When analyzing non-tonal signals such as wideband 
noise, a density plot is more appropriate. The power 
spectral density (PSD) plot shows how much noise 
power is contained in each 1 Hz-wide portion of the 
spectrum. This plot has units of power per Hertz; in 
analog, this is shown as V2/Hz, and in digital, FS2/Hz.

If the noise is white, that is, its power spectrum is flat, 
then the total noise power in the signal is equal to the 
noise density multiplied by the measurement band-
width.

Sometimes noise levels are quoted as amplitude (volt-
age) density. Voltage density is the square root of 
power density. Since power density units are power 
per Hz, voltage density units are volts per square root 
hertz. This reflects the fact that since the noise power 
doubles with a doubling of bandwidth, the noise volt-
age only goes up by a factor equal to the square root 
of 2.

Spectral density formats are useful for noise or other 
random signals, and are not appropriate for discrete 
frequency components.

Power Spectral Density
These units are only used in the Signal Analyzer: 
Power Spectral Density results.

Analog Units

Digital Units

Amplitude Spectral Density
These units are only used in the Signal Analyzer: 
Amplitude Spectral Density and Multitone Analyzer: 
Noise Density Spectrum results.

Analog Units

Digital Units

Units: Perceptual Audio
Perceptual audio measurements use unitless listener 
opinion scores to evaluate results.

PESQ
The PESQ measurement returns a PESQ score that 
ranges from 0.5 (worst) to 4.5 (best).

MOS
The PESQ results can be mapped to MOS-LQO (Mean 
Opinion Score, Listening Quality, Objective).

MOS scores represent these listener opinions of qual-
ity:

Wideband and Narrowband
When the APx sample rate is set to 8 kHz, the map-
ping uses the narrowband formula in ITU-T Recom-
mendation P.821.1, and the result is an MOS-LQON 
score.

When the APx sample rate is set to 16 kHz, the map-
ping uses the wideband formula in ITU-T Recommen-
dation P.821.2, and the result is an MOS-LQOW score.

Do not mix narrowband and wideband results.

Units: Unitless x/y (Impulse 
Response only)
When the input and output domains of a DUT are the 
same (analog to analog, for example), the impulse 
response is a unitless property of the device. We 
express this in APx500

as “x/y”.

See More about Impulse Response on page 313.

More about decibels
The decibel (dB), in one form or another, is arguably 
the most widely-used unit of measurement in the field 
of audio. The ear’s response to both sound amplitude 
and frequency is usually best examined in logarithmic 
terms, and the dB, being a logarithmic unit of mea-
surement, is often the right choice.

It is important to remember that the dB is always a 
ratio of two values, and for a meaningful expression 
both of the values must be known. While “8 dB” 
means nothing, “8 dB below the input signal” gives us 

•V2/Hz •dB(V2/Hz)

•dB(FS2/Hz) •FS2/Hz

•Vrms/√(Hz) •dBV/√(Hz)
•dBu/√(Hz)

•dBFS/√(Hz) •FS/√(Hz)

• 5 • Excellent
• 4 • Good
• 3 • Fair
• 2 • Poor
• 1 • Bad
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a reference and is meaningful. Whenever using the 
simple dB unit, the expression must identify the refer-
ence value.

A large collection of units of measurement (we’ve 
seen it referred to as “the dB zoo”) uses the decibel 
ratio with the reference stated as part of the defini-
tion of the unit. Examples include dBV (decibels in 
relation to 1 Vrms); dBu (decibels in relation to 0.7746 
Vrms); dBFS (decibels in relation to digital full scale); 
dBSPL (decibels of sound pressure in relation to 20 
micropascals of pressure) and so on.

The formula for decibels in voltage levels is

dB=20 log10(V1/V2)

where V1 and V2 are the two related voltages.

The formula for decibels in power levels is

dB=10 log10(P1/P2)

where P1 and P2 are the two related powers.

More about RMS Level
Rms (root mean square), is the preferred form of ac 
signal detection which measures amplitude in terms 
of its equivalent power content, regardless of signal 
wave shape.

The rms voltage level (Vrms) is the most common level 
measurement for audio signals, although this level is 
often stated in a variety of related units such as dBV 
or dBu. Rms values are typically lower than peak val-
ues for the same signal.

More about dBm versus dBu
Although still in use, the dBm unit of measurement is 
a legacy from earlier days of audio technology when 
measuring the audio power transferred in impedance-
matched circuits was important. The dBm is a unit of 
power (referenced to 1 mW), and the audio circuits of 
the day often had an impedance of 600 . The volt-
age drop across a 600  resistor dissipating 1 mW is 
0.7746 V, and this voltage (which reads 0 dBm on a 
dBm meter across 600  came to be regarded as 
“zero level” in professional audio circles.

However, most audio circuits do not have a 600  
impedance. Microphone circuits may be 150 , and 
headphone circuits may be 8 . This is even more the 
case in modern design, where circuit outputs often 
have very low impedances (from perhaps 10  to 
around 100 ) and input circuits often are “bridging,” 
with impedances of 10,000  or even 100,000 . A 
milliwatt dissipated in any of these circuits will not 
read 0.7746 V, and the dBm meter (which is simply a 
voltmeter calibrated for a 600  circuit) will be in 
error. The circuit impedance must always be taken into 
account in power measurements.

Because of this, the dBm can be misleading. It has 
fallen out of use (except for specific applications 
where power transfer is an important consideration 
and the circuit impedances are known) and its place 
in professional audio has largely been taken by the 
dBu, where the “u” can be taken to mean “unloaded.” 
The dBu is a valid level measurement in audio circuits 
of any impedance.

The value of 0 dBu, 0.7746 Vrms, is the same voltage 
as 0 dBm in a 600  circuit; in 600 , 0 dBu = 
0 dBm. However, at other levels the voltage divider 
formed by the source and termination impedances will 
cause the values of dBu and dBm to diverge. In other 
impedances, the values will not be equivalent even at 
the zero level. 

Unless you know the circuit impedance and have a 
clear reason to use the dBm reference, use dBu.

More about digital level units
All of the units for digital domain audio amplitudes 
refer to digital full scale. In pulse-code-modulation 
(PCM) audio, the amplitude of each audio sample is 
represented as a number. The maximum and mini-
mum values of these numbers vary with the digital 
word length, but they are precisely defined. A signal 
which attempts to exceed these values can drive a dig-
ital system into overload; in a popular expression, the 
signal “runs out of numbers.”

In AES17 the Audio Engineering Society defines digital 
full scale in terms of a sine wave whose positive peak 
just reaches the maximum positive digital code. The 
rms value of this sine wave is the full-scale reference, 
defined as 1 FS or 0 dBFS. Note that other waveforms 
(noise or music, for example) have different crest fac-
tors than a sine wave (crest factor is the ratio of a sig-
nal's peak amplitude to its rms amplitude) and will 
have different rms values at the amplitude at which 
their peaks just reach the maxima.

A consequence of defining full scale as an rms value 
is that high-level signals that have a lower crest factor 
than a sine wave can display rms values greater than 
1 FS or 0 dBFS, even though the digital maximum and 
minimum codes are not exceeded. For example, a 
square wave whose top is at the maximum positive 
digital code will have an rms value of 1.414 FS or 
+3.01 dBFS.

Word Length
Positive Full-Scale 
Value

Negative Full-
Scale Value

16 bit 7FFF Hex 8000 Hex

24 bit 7FFFFF Hex 800000 Hex

32 bit 7FFFFFFF Hex 80000000 Hex
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Glossary

A-weighting filter
A specific noise-weighting filter (ANSI S1.4, IEC 
Recommendation 179) used to produce noise 
measurements that correlate well with human 
observations.

ac mains
The utility-provided ac power source from which 
most electronics equipment is operated. Also 
power line, ac line and line voltage.

acceptance limit
In pass/fail testing, the poorest measured perfor-
mance specification which a manufacturer is will-
ing to accept and ship in a product.

ADC
Analog to digital converter, also A/D converter and 
A-to-D converter. A device for converting an analog 
input signal into a series of digital values repre-
senting the instantaneous amplitude of the signal 
at regular sampling intervals.

AES
Audio Engineering Society, with headquarters in 
New York City.

AES3, AES/EBU
See digital audio signal, bi-phase coded.

AES3, AES/EBU
A digital interface standard for professional audio 
equipment interconnection. Also AES/EBU, 
IEC60958. See digital audio signal, bi-phase 
coded.

alias
A nonlinear signal product falling within the audio 
band, caused by the presence of an out-of-band 
(above 1/2 the sampling rate) signal during the 
original A/D conversion. Alias signals fall at sum 
and difference frequencies of the original signal 
frequency (or its harmonics) and the sampling rate 
(or its harmonics).

analog recording, processing:
Analog techniques in which a signal is repre-
sented, recorded, processed, or transmitted as a 
continuously variable quantity.

ANSI
American National Standards Institute, a U.S.-
based standards organization.

anti-alias filter:
A low-pass filter preceding an A/D converter to pre-
vent signals at frequencies greater than one-half 
the sampling rate from reaching the converter. Sig-
nals above one-half the sampling rate cannot be 
unambiguously converted and would appear in the 
digital output as signals at incorrect frequencies.

arbitrary waveform
See generator waveform file.

average responding
A form of ac signal detection indicative of the aver-
age absolute value of a waveform, typical of ana-
log meter movements.

balanced line
An audio transmission line where the signal is 
applied differentially between two conductors, 
each of which has equal impedances to ground or 
common.

band-pass filter
A filter which passes a specific frequency band 
essentially without attenuation while attenuating 
frequencies both below and above the specified 
band.

band-reject filter
A filter which attenuates the frequencies within a 
specified frequency range while passing essen-
tially without attenuation the frequencies below 
and above that range. If the rejection range is nar-
row, a band reject filter is also often called a notch 
filter.
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bin, FFT
The basic frequency resolution-determining divi-
sion of an FFT-computed spectrum. The FFT pro-
cess cannot resolve signals of different frequency 
falling into the same bin. The bin width of an FFT 
can be computed from (sample rate)/(number of 
amplitude samples) in the digitized waveform used 
as input to the FFT process. Bin and line are used 
interchangeably.

bit
Binary digit, which may have only two possible 
states (ON/OFF, HIGH/LOW, 1/0, etc.)

bit depth
The number of bits in an audio coding system. In 
high-performance linear PCM, bit depth is typically 
16, 20 or 24. Telecom and compressed coded 
audio may use fewer bits, with depths of 14, 13, 
12 or 8. Also called “word length” or “word width.”

bits of resolution
The number of bits of the binary word by which sig-
nals are represented in a digital recording or trans-
mission system. Each bit adds approximately 6 dB 
to the theoretical dynamic range available. Thus, a 
16-bit digital system is capable of approximately 
96 dB dynamic range, etc.

bridging
A relatively high impedance input (usually bal-
anced) which may be connected across a lower 
impedance circuit without significantly affecting 
the levels in the lower impedance circuit.

byte
An 8-bit digital word.

CCIR
Comité Consultatif International des Radiocommu-
nications (International Radio Consultative Com-
mittee), an international standards-setting 
organization with headquarters in Geneva, Switzer-
land.

CCIR 468
A CCIR specification which includes, among other 
things, standards for weighted and unweighted 
noise measurements. The weighted standard spec-
ifies the CCIR weighting filter and a quasi-peak 
detector (see weighting filter). The unweighted 
standard specifies a 22 Hz to 22 kHz bandwidth 
limiting filter and an rms detector.

CCIR-2k
Also CCIR-ARM. A noise measurement technique 
developed by Dolby Laboratories, which uses the 
weighting filter shape specified in CCIR Recom-
mendation 468 but with the unity-gain frequency 
at 2 kHz rather than 1 kHz, and an average-
responding detector.

clipping
The action of a system in flattening and squaring 
off signal peaks when driven with a signal whose 
peak amplitude is beyond its linear signal-han-
dling capability.

CMRR
Common mode rejection ratio.

CMT
Common mode testing.

CMTST
Common mode test; also, the name of the APx out-
put mode for fixed common mode testing.

consumer
In audio, often used to designate digital audio for-
mat. See digital audio signal, bi-phase coded.

continuous sweep
APx500 term for log chirp measurement. In the 
continuous sweep measurement view a broad-
band stimulus is generated, acquired and pro-
cessed providing a family of measurement results.

crest factor
The ratio of a signal's peak amplitude to its rms 
amplitude.

crosstalk
Unwanted signal coupling from one channel of a 
multi-channel transmission or recording system to 
another.

DAC
Digital to analog converter, also D/A converter and 
D-to-A converter. A device which converts a stream 
of digital numbers, each representing the ampli-
tude of a signal at a particular sampling time, into 
a corresponding analog signal.

dB
Decibel.

dB/octave
dB per octave. A standard means of referring to 
the ultimate rejection slope (attenuation versus 
frequency) of a band-limiting filter. Each pole of a 
band-limiting filter produces an ultimate rejection 
slope of 6 dB/octave (20 dB/decade). Thus, a 3-
pole filter will have a rejection slope of 18 dB/
octave (60 dB/decade).

dBFS
Decibels with respect to digital full scale. The full 
scale amplitude (0 dBFS value) is the rms value of 
a sine wave whose positive peak just reaches posi-
tive full scale.

dBm
dB relative to a reference value of 1.000 milli-
watts. dBm is a power unit and requires knowl-
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edge of power levels (voltage and current, or 
voltage and impedance, or current and imped-
ance) rather than merely voltage.

dBr
Relative dB; dB relative to an arbitrary reference 
value. The reference value must be stated for this 
to be a meaningful unit.

dBu
dB relative to a reference of 0.7746 V.

dBV
dB relative to a reference value of 1.000 V.

decade
The interval between two frequencies with a ratio 
of exactly 10:1, such as the range from 20 Hz to 
200 Hz, or from 1 kHz to 10 kHz.

decibel
Decibel, a ratio unit for expressing signal ampli-
tudes. If the amplitudes are expressed in voltage, 
dB = 20 log10 (V1/V2). If the amplitudes are 
expressed in power, dB = 10 log10 (P1/P2).

detector
The precision ac to dc conversion section of a mea-
surement instrument, located following all ac sig-
nal processing and prior to the indicating portion. 
Detectors are classified according to which param-
eter of the input ac signal the output dc value lin-
early follows-true rms, average, peak, etc.

difference product
An intermodulation distortion signal at the fre-
quency which is the difference between two 
applied signal frequencies. Sometimes referred to 
as difference tone. For example, test signals of 
13 kHz and 14 kHz will produce a 1 kHz differ-
ence product when applied to a device which has 
asymmetrical nonlinearity.

digital audio signal, bi-phase coded
In the consumer and professional audio field, digi-
tal audio is typically carried from point to point as 
bi-phase coded signal, commonly referred to as 
AES3, AES/EBU or S/PDIF. There are electrical and 
bitstream protocol differences among the varia-
tions of bi-phase coded digital audio, but the vari-
ous signals are largely compatible.

a. protocols

The “professional” and “consumer” protocols are 
indicated in the digital signal’s status bits. With 
some exceptions, the protocols are compatible; 
even if status bit information is lost, the audio is 
usually passed. Although either protocol can be 
carried on any of the electrical or optical formats, 
systems using the professional formats typically 
use the professional protocol, and those using con-
sumer formats use the consumer protocol. In 

APx500 series instruments, by default the digital 
audio protocol is set to “consumer.” When you are 
using the electrical digital output, you can option-
ally set the Professional checkbox in the Signal 
Path Setup view. This sets the electrical signal to 
the professional level, and also sets the protocol 
and status bits to “professional.”

b. electrical formats

AES3, AES/EBU, IEC60958-4 all refer to an electri-
cally balanced professional format, with a 2–7 volt 
pp signal in a 110 ohm impedance.

AES-3id and SMPTE276M refer to an electrically 
unbalanced professional format, with a 1 volt pp 
signal in a 75 ohm impedance.

S/PDIF and IEC60958-3 refer to an electrically 
unbalanced consumer format, with a 0.5 volt pp 
signal in high impedance.

In APx500 series instruments, the digital audio 
output is unbalanced and is by default set to 0.5 
volts pp, a “consumer” setting compatible with 
S/PDIF and IEC60958-3. If the Professional check-
box is set in the Signal Path Setup view, the level is 
set to 1 volt, compatible with AES-3id and 
SMPTE276M. The digital input is unbalanced and 
by default set to high impedance, compatible with 
S/PDIF and IEC60958-3. If the 75 Ohm Termina-
tion checkbox is set in the Signal Path Setup view, 
the impedance is set to 75 ohms, compatible with 
AES-3id and SMPTE276M.

c. optical formats

Digital optical formats have been left to manufac-
turers to define. Ours is compatible with Toshiba’s 
Toslink format, as are most digital audio optical 
inputs and outputs.

digital recording or processing
A technique in which the original signal is periodi-
cally sampled and the amplitude value at each 
sampling instant is converted into a number repre-
sented by a binary word.

DIN
Deutsches Institute für Normung, a German stan-
dards organization.

dither
Dither is low amplitude noise added prior to a sig-
nal quantization in order to reduce distortion, 
improve linearity, and extend the available dynamic 
range downwards below that of an undithered sys-
tem of the same number of bits. Level is typically 
one-half to one LSB in amplitude.

DSP
Digital signal processor. A specialized microproces-
sor designed for highly efficient processing (filter-
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ing, FFT, etc.) of digitized analog waveforms. Also, 
digital signal processing, however implemented.

DUT
A common abbreviation in the test and measure-
ment field for “device under test.”

dynamic range
The difference, usually expressed in dB, between 
the highest and lowest amplitude portions of a sig-
nal, or between the highest amplitude signal which 
a device can linearly handle and the noise level of 
the device.

EDID
EDID (Extended Display Identification Data). Used 
in the HDMI interface, EDID is information stored 
in downstream display devices and communicated 
upstream to source devices.

EQ
Equalization, or an equalizer.

equalizer
Circuitry or equipment which produces a varying 
(usually adjustable) amplitude as a function of fre-
quency.

EUT
An abbreviation in the test and measurement field 
for “equipment under test.” Audio Precision uses 
the term DUT for “device under test.”

even order distortion
Even order distortion products are produced by 
nonlinearities mathematically described by even 
value exponents. These nonlinearities produce an 
asymmetrical shape in the output versus input 
transfer characteristic of the device. Examples 
include 2nd harmonic distortion and difference fre-
quency intermodulation distortion.

FFT
Fast Fourier Transform, a technique to compute 
the amplitude versus frequency and phase versus 
frequency information from a set of amplitude ver-
sus time samples of a signal.

flat
Constant gain or attenuation across a frequency 
band, unfiltered.

frequency domain
A means of representing a signal as a plot of 
amplitude (normally on the vertical axis) versus fre-
quency (normally on the horizontal axis). Spec-
trum analyzers represent signals in the frequency 
domain.

fundamental
The lowest frequency component (normally also 
the highest amplitude) of a periodic signal.

fundamental rejection
The amount, usually expressed in dB, by which a 
THD+N analyzer rejects the fundamental compo-
nent of the input signal. The lowest measurable 
distortion of a THD+N analyzer is limited by funda-
mental rejection, along with several other attri-
butes.

gain
Gain is the ratio of output signal level to input sig-
nal level.

generator waveform file
An audio file on disk that is loaded into the APx 
generator as the test signal; an arbitrary waveform.

graphic equalizer
An equalizer in which the gain at each portion of 
the spectrum is controlled by a separate fader. The 
faders are typically vertically-mounted slide con-
trols, so that the positions of the control knobs 
forms an approximation to the frequency response 
of the equalizer.

ground loop
An inadvertent signal path formed when intercon-
necting the chassis of two or more pieces of equip-
ment, each possessing a safety ground. Ground 
loops can cause hum-related interference.

group delay
The relative time delay between different spectral 
portions of a signal.

harmonic
A spectral component at an exact integer multiple 
of a fundamental frequency.

HDCP
HDCP (High-bandwidth Digital Content Protection) 
can be used to protect content transmitted on an 
HDMI interface.

HDMI
High Definition Multimedia Interface, designed to 
carry high-bandwidth digital streams providing an 
audio/video interface that includes content protec-
tion and a bi-directional channel for interaction 
with connected electronic devices.

high-pass filter
A filter which passes all frequencies above a speci-
fied value essentially without attenuation, while 
attenuating frequencies below that value.

hum
Interference at power mains-related frequencies. 
Hum directly at the mains frequency and odd har-
monics is characteristic of magnetic coupling into 
the affected system. Hum at the second harmonic 
of the mains frequency is typically caused by inad-
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equate filtering of power supplies with full-wave 
rectifiers.

IEC
International Electrotechnical Commission, a body 
responsible for preparing and publishing interna-
tional standards for the electrical and electronics 
fields. The IEC is based in Geneva, Switzerland.

IEC60958
See digital audio signal, bi-phase coded.

IMD
Intermodulation distortion.

jitter
The undesirable cycle-to-cycle variation in the 
period of a reference clock, such as are used in 
digital audio converters. Jitter can cause modula-
tion sidebands and noise if converters operate 
from a jittered clock. Excessive jitter in an inter-
face can cause digitally-interfaced equipment to 
malfunction.

jump discontinuity
For audio waveforms, a jump discontinuity is a 
near-instantaneous change in level, usually cre-
ated by a waveform edit.

level
The magnitude or amplitude of a signal, which may 
be expressed in a wide variety of units such as 
volts, dBm, dBu, watts, etc. 

limiting
The action of a limiter in preventing output levels 
above a specified value. Also, the action of a con-
ventional amplifier when driven beyond its linear 
range. In this latter context, “limiting” and “clip-
ping” are sometimes used interchangeably except 
that clipping may imply a more abrupt characteris-
tic than limiting.

limits testing
Testing in which measurements are compared to 
acceptable values so that a pass/fail decision may 
be made. Also called pass / fail testing.

line level
a relatively high amplitude range suitable for trans-
mission of audio signals. Line level is typically in 
the 0 dBu to +8 dBu range.

low-pass filter
A filter which passes all frequencies below a speci-
fied frequency essentially without attenuation, 
while attenuating frequencies above that value.

LSB
Least significant bit. The bit in a binary word repre-
senting the smallest possible value change.

matching impedances
Matching assuring that the impedances of sources 
and loads connected together in a system are 
equal, so as to assure maximum power transfer.

notch filter
A band reject filter with a narrow rejection band, 
often used to eliminate the fundamental fre-
quency for THD+N measurements or to reject a 
specific spectral component such as power mains 
hum or a feedback frequency in a public address 
system.

Nyquist rate (Nyquist frequency)
1/2 the sample rate in a digital system, the fre-
quency above which signals cannot be unambigu-
ously coded.

octave
The interval between a 2:1 range of frequencies, 
such as 400 Hz to 800 Hz or 5 kHz to 10 kHz.

odd order distortion
Distortion products produced by nonlinearities 
mathematically described with odd order expo-
nents. These nonlinearities cause a symmetrical 
shape of the output versus input transfer charac-
teristic of a device. An example would be third har-
monic distortion, or the 13 kHz product produced 
by 14 kHz and 15 kHz signals (2*F1 - F2).

pass/fail
Testing in which measurements are compared to 
acceptable values so that a pass/fail decision may 
be made. Also called limits testing.

passband
The frequency band of a filter in which signals are 
essentially unattenuated.

PCM
See Pulse code modulation.

PDM
See Pulse density modulation.

peak
The maximum instantaneous excursion of a signal.

peak level
Peak voltage (Vp) is the maximum instantaneous 
excursion of a signal. Peak-to-peak voltage (Vpp) is 
the maximum amplitude difference between posi-
tive-going and negative-going peaks of a signal. 
Peak voltage level is another common level mea-
surement for audio signals. Peak values are typi-
cally higher readings than rms values for the same 
signal.

peak to peak
The maximum amplitude difference between posi-
tive-going and negative-going peaks of a signal.
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perceptual coding
Low-bit-rate coding of a digital signal according to 
an understanding of human perception of sound, 
so that the most (perceptually) important data in 
the signal are coded with the greatest accuracy.

pink noise
Noise whose spectral power distribution is such 
that the power per octave, per decade, or in any 
other equal-percentage section is the same any-
where across the spectrum. For example, pink 
noise has the same power in the octave between 
50 Hz and 100 Hz as in the octave between 10 
kHz and 20 kHz.

power gain
The ratio of output signal power to input signal 
power of an amplifier.

PPM
(1) in test and measurement, parts per million 
(usually in lowercase, ppm). (2) in professional 
audio and, broadcasting, peak program level 
meter.

preamplifier
Amplifier stage or stages used to bring low-level 
signals, such as those from microphones and pho-
nograph pickup cartridges, up to a higher, stan-
dard level suitable for signal routing, mixing, 
monitoring, etc.

processor
An amplifier designed to modify characteristics of 
a signal such as frequency response or dynamic 
range. Processors in common use in broadcasting 
and professional audio include equalizers, com-
pressors, limiters, reverberation units, modulation 
processors, noise reduction units, noise gates, etc.

professional
In audio, often used to designate digital audio for-
mat. See digital audio signal, bi-phase coded.

psophometric filter
A filter whose response is based on the frequency 
response of the human hearing system. Most 
noise weighting filters are psophometric filters.

pulse code modulation
PCM. A form of data transmission in which ampli-
tude samples of an analog signal are represented 
by digital numbers.

pulse density modulation
PDM. A system for representing a sampled signal 
as a stream of single bits using delta sigma con-
version (sometimes called sigma delta conver-
sion). PDM is the technology used in many 
oversampling ADCs and DACs, and is the basis of 
the Sony/Philips commercial digital format and 
disc trade-named DSD and SACD, respectively.

pulse width modulation
PWM. A form of data transmission in which ampli-
tude samples of an analog signal are represented 
by the duty factor of a pulse train. Often used in 
switching (Class D) amplifiers.

PWM
See Pulse width modulation.

Q factor
A measurement of the selectivity or sharpness of a 
bandpass or bandreject filter. For a bandpass fil-
ter, the Q is equal to the ratio of the center fre-
quency to the bandwidth at the –3dB points. For 
example, a bandpass filter with a Q of 5, tuned to a 
center frequency of 1,000 Hz, will have a 3 dB 
bandwidth of 200 Hz.

random noise
Noise whose amplitude-vs.-time distribution is 
mathematically random and unpredictable, never 
repeating. The spectrum of a random noise signal 
is continuous with power at all frequencies, rather 
than power only at certain points as with pseudo-
random noise.

rectangular probability density function dither
RPDF or rectangular dither. Dither which has equal 
probability of occurrence at any amplitude value 
between plus one-half LSB and minus one-half LSB 
deviation from the nominal value. Thus, a graph of 
probability versus digital value is a rectangle.

residual distortion
The irreducible minimum distortion of an audio 
generator and analyzer. Residual distortion is thus 
the “floor” below which the instrument is not use-
ful; measurements above but approaching within 6 
to 10 dB of the residual distortion value are less 
accurate.

residual noise
The irreducible noise in a measurement instru-
ment which sets a floor for amplitude measure-
ments.

resolution
The smallest change in a measured parameter to 
which a measurement instrument can respond.

ripple
(1) undesired ac variations on a dc power supply 
output. (2) variations in frequency response in the 
passband of a filter.

RMS
Root mean square, the preferred form of ac signal 
detection which measures amplitude in terms of 
its equivalent power content, regardless of signal 
waveshape.
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rms level
Rms (root mean square), is the preferred form of 
ac signal detection which measures amplitude in 
terms of its equivalent power content, regardless 
of signal waveshape.The rms voltage level (Vrms) is 
the most common level measurement for audio 
signals, although this level is often stated in a vari-
ety of relative units such as dBV or dBu. Rms val-
ues are typically lower than peak values for the 
same signal.

rolloff frequency
The frequency considered the transition between 
the attenuated and non-attenuated portions of the 
frequency response of a high-pass or low-pass fil-
ter. The filter has a specified attenuation, usually 
either 3.01 dB or the magnitude of the ripple, at 
the rolloff frequency.

RPDF
See rectangular probability density function dither.

RSS
Root sum square; a method for combining the 
power of a number of signals by squaring each, 
summing (adding) these squared values, and 
finally extracting the square root of the sum.

S/N ratio, Signal-to-noise ratio
The difference in level between a reference output 
signal (typically at the normal or maximum operat-
ing level of the device) and the device output with 
no signal applied. Signal-to-noise ratio is normally 
stated in dB. The device input conditions for the 
noise measurement must be specified, such as 
“input short-circuited” or with a specific value of 
resistance connected at the device input instead 
of a signal.

S/PDIF
See digital audio signal, bi-phase coded.

sample rate, sample frequency
The frequency at which the signal is sampled in a 
digital system. The sample rate must exceed twice 
the highest analog frequency to be converted. 
Commonly-used sample rates are 48 kHz, 
44.1 kHz, and 32 kHz.

second order product
Distortion products produced by a term with the 
exponent “2” (i.e., a squaring function) in the 
device transfer function.

separation
The isolation (usually stated in dB) between chan-
nels of a stereo or multichannel device. Crosstalk.

shaped dither
Dither in which the power-versus-frequency distri-
bution has been modified to place most of the 

power at frequencies where the human hearing 
system is not as sensitive.

shielded cable
A construction technique for cables in which a 
metallic outer conductor completely surrounds one 
or more signal-carrying conductors. This outer 
shield is normally connected to ground (earth) at 
one or both ends.

short circuit
Zero-Ohm connection.

sigma-delta
An A/D converter technique characterized by a rel-
atively low-resolution quantizer operated at very 
high speeds, digitally low-pass filtered to obtain the 
final digital signal.

single value
APx500 single value measurement views return 
one value per channel, e.g. “1.1 Vrms.”

single-ended
Unbalanced.

skirt, filter
The portion of response curve of a bandpass, high-
pass, or low-pass filter where the attenuation 
increases at a rapid rate.

slew rate
The rate of change of a signal amplitude, typically 
expressed in Volts per microsecond.

slew rate limiting
The condition when an amplifier output is unable 
to follow the rate of change of the input signal.

SMPTE
Society of Motion Picture and Television Engi-
neers. A professional and standards-setting organi-
zation.

SMPTE276M
See digital audio signal, bi-phase coded.

S/PDIF
See digital audio signal, bi-phase coded.

SPDIF
Sony Philips Digital Interface; a digital interface for 
consumer audio equipment. Sometimes also 
referred to as the EIAJ interface. The SPDIF is simi-
lar to the professional AES/EBU interface, but is 
normally an unbalanced coaxial signal of lower 
amplitude. Most of the status byte definitions are 
different between SPDIF and AES/EBU.

spectrum analyzer
A measurement instrument which measures and 
displays a signal as a frequency domain represen-
tation of amplitude (usually vertical scale) versus 
frequency (horizontal scale). Spectrum analyzers 
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may be designed with a variety of technologies 
including real-time analyzers (bandpass filter 
bank), heterodyne or scanning analyzers with a 
local oscillator, mixer, and selectivity at a fixed 
intermediate frequency, scanning tunable filters, 
and FFT analyzers.

status bits
Metadata carried in professional and consumer 
digital audio bitstreams. See digital audio signal, 
bi-phase coded.

stepped frequency sweep
In APx500 a stepped frequency sweep generates a 
sine wave at a series of frequencies, and plots the 
results against the frequency steps.

stepped level sweep
In APx500 a stepped level sweep generates a sine 
wave at a series of levels, and plots the results 
against the level steps.

stopband
The frequency band across which a filter has at 
least some minimum specified value of attenua-
tion.

sum product
an intermodulation distortion product at a fre-
quency equal to the sum of two input frequencies.

sweep
A sweep shows one parameter as a function of a 
second parameter. The second parameter is 
moved (swept) across a range of values. Results 
are displayed as XY graphs or as a table of values. 
In audio measurement, many sweeps display level 
or distortion as a function of swept frequency. 
Amplifier testing often requires level sweeps, dis-
playing output level or distortion as a function of 
swept input level.

symmetrical
Balanced

terminating
Connecting the specified load resistance or imped-
ance to a device.

termination
A specific resistance or impedance value which 
must be connected to the output or input of a 
device under test for certain parameters to be 
measured.

THD
THD stands for Total Harmonic Distortion, a mea-
sure of all the harmonic distortion products in the 
DUT’s output, with the fundamental stimulus tone 
removed, and without consideration of noise. THD 
measurements are usually made with band-limit-
ing or weighting filters. True THD measurements 

can be valuable but are rare (although easily done 
in the Audio Precision APx analyzers), since with 
most techniques it is difficult to measure the dis-
tortion products without also measuring the noise. 
See THD+N.

THD+N
THD+N stands for Total Harmonic Distortion plus 
Noise, a measure of everything in the DUT’s out-
put, with the fundamental stimulus tone removed. 
Noise and other interfering signal such as hum, 
buzz and aliased high-frequencies are reported in 
the result. THD+N measurements are usually 
made with band-limiting or weighting filters. 
THD+N measurements are regarded as a key 
benchmark of a system’s performance; the mea-
surement is easy to perform and widely under-
stood, and it shows at a glance not only distortion 
performance but also indicates a system’s immu-
nity (or lack of it) to noise and other interfering sig-
nals.

third octave, 1/3 octave
A bandwidth of 1/3 octave, or a frequency ratio of 
1.2599:1. Three successive frequency changes by 
this ratio result in a total frequency change of 2:1 
(one octave).

third order
Distortion products produced by a cube (exponent 
of 3) term in a devices's nonlinear transfer func-
tion.

time domain
a means of representing a signal as a graph of 
amplitude (usually on the vertical axis) versus time 
(on the horizontal axis). An oscilloscope produces a 
time domain representation of a signal.

Toslink
See digital audio signal, bi-phase coded.

TPDF
See triangular probability density function dither.

transducer gain
The ratio of output power level that an amplifier 
will deliver to a load of specified resistance, to the 
power level that the amplifier’s driving source will 
deliver to a specified resistance equal to the nomi-
nal input resistance of the amplifier.

triangular probability density function dither
TPDF dither or triangular dither. Dither in which a 
graph of the probability of occurrence of an ampli-
tude rises linearly from zero at values plus-or-
minus one least significant bit above or below the 
nominal value, to unity at the nominal value. The 
graph thus forms a triangle of unity value at the 
horizontal center (nominal digital value on the hori-
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zontal digital value scale), falling to zero at one 
LSB to the left or right on the horizontal scale.

trigger
An event which causes another event or action, 
often initiating a signal generation or acquisition.

unbalanced
An audio connection in which the desired signal is 
present as a voltage with respect to ground or 
common, rather than as a differential signal across 
a pair of balanced conductors.

voltage gain
The ratio of output signal voltage to input signal 
voltage of an amplifier.

VU meter
A volume unit meter, used to indicate program lev-
els in broadcasting, recording, and similar applica-
tions.

weighting filter
A filter with varying attenuation as a function of fre-
quency so as to produce a measurement where 
the various spectral components affect the mea-
surement in a specified fashion. Most commonly-
used weighting filters are attempts to correspond 
to the varying response of the human hearing sys-
tem in order to produce measurements (usually of 
noise) which correlate well with human observa-
tions.

white noise
Noise whose spectral power distribution is such 
that there is equal power per Hz, anywhere in the 
spectrum. For example, white noise will have the 
same power in the 30 Hz bandwidth between 
70 Hz and 100 Hz as in the 30 Hz bandwidth 
between 10,000 Hz and 10,030 Hz.

window
An amplitude-vs.-time function used to multiply the 
corresponding samples of a digitized waveform 
before computing an FFT. Window functions go to 
zero at the two ends of the record. This provides 
better selectivity, reducing the signal spreading 
when non-windowed FFTs are computed on sig-
nals which are not exactly synchronous in the sig-
nal buffer length being transformed.

word length, word width
See bit depth.

XLR connector
AS high-quality balanced connector designed for 
audio applications. Sometimes also called a Can-
non connector.
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Index

Symbols
“----” (invalid) results 754

A
abs wrapped phase 264, 309, 441
absolute phase 264, 309, 408, 441
absolute wrapped phase 264, 309, 441
acoustic input configuration 89, 97, 244
acoustic output configuration 89, 244
Acoustic Output Level Set 97
acoustic response 251
acquired waveform 313, 315
acquisition controls 239
ADC Test 127, 131, 133
add points (when drawing limits) 795
add text annotation 756, 760
adding a measurement 50
adding a signal path 50
AES17 dynamic range measurement 363
AG52 option 35
air leak 271, 479
amplifier correction curve 398, 401, 438
analog sine generator 71
analysis controls 239
analysis of audio files 225
analyzer, bench mode 683
ANSI S3.22 IMD Frequency Sweep 273
AP-Equiripple (FFT window) 584
API 671
append data to csv file 637
application programming interface 671
APx KeyBox 29, 33
APx1701 43, 215
APx500 Flex 40
APx515 36, 41
APx517 36
APx525 34
APx526 35
APx555 33, 35
APx581 filter 43
APx582 analog input configuration 135
APx585 35
APx586 35
arbitrary waveforms 237
ARC

input settings 172
output settings 171

ARC (Audio Return Channel) 173
arithmetic mean (derived result function) 785
ASIO 222
audible signal monitor 71

audio files, analysis 225
Audio InfoFrame 474, 476
auto gen level 93
auto range, autoranging 741
auto set generator level in sequence 640
automation

using the API 671
using the Sequencer 635
with C# 671
with VB 671

aux control 801
monitor 66

AUX-0025 filter 43
AUX-0100 filter 43
average error rate 348
averaging acquisition data 584
averaging algorithm (settling) 745

B
band-limiting filter

curves 731
bandpass 283
bandpass filter 336, 379, 818, 819
bandwidth limiting 814
bench mode regulation 691
Big Six 231
bit depth 814
bit depth, 32-bit 157, 162, 727
Bit test 82
bittest random 82
Blackman-Harris 584
Bluetooth 178

A/V sync delay 185
absolute volume 186
actions 188
AT Command log 68
AVRCP Command log 68
AVRCP playback status 185
Bluetooth (legacy hardware) settings 198
Bluetooth Duo hardware option 39
Bluetooth Duo settings 180
commands change generator settings 187
firmware updates 180
glossary of terms 193
man in the middle 192
monitor 68
more about Bluetooth 190
more about supported Bluetooth profiles 191
scan for devices 182
send AT commands 190
SSP (Secure Simple Pairing) 192
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transmit power 181
BNC 36, 111, 121, 127, 135
BS EN 5033-1 noise 505, 507, 512
burst measurements 460
BW52 option 35

C
calibration, measurement microphone 252
calibration, microphone (acoustic) 99
calibration, microphone (TEDS, acoustic) 100
calibration, microphone (TEDS) 96
cancel button, sequencer 646
CCIF 377, 380
CCIR/ITU-R BS 468-4 505
CCIR-2k 814
CCP power 218
CCP self-test 218
CEC 67, 168, 174
CEC for ARC 173
CEC in a sequence 657
center data within limits 799
chirp with pilot tone 319
chirp-based measurements 315
choosing a measurement 231
clock availability 105
closed loop measurements 223
CMRR 293
CMRR IEC 295
CMTST configuration 113, 123, 129
colors 60
comma separated value 755, 758, 760, 767
comma-delimited 755, 758, 760, 767
common-mode testing 293, 295
compare (derived result function) 776
computes 773
configuration

input 113, 118, 124, 131, 137, 155, 166, 172, 178
output 88, 111, 117, 121, 127, 135, 141, 147, 155,

165, 171, 178, 207
transducer interface 215

connectors
input 113, 118, 124, 131, 137, 155, 166, 172, 178
output 88, 111, 117, 121, 127, 135, 141, 147, 155,

165, 171, 178, 207
continuous sweep 235, 301, 315, 408, 707, 743, 814
control codes, PDM 69, 214
copy

graph image 677, 755, 759
copy references in sequence 640
correction curve 438
correction curve, amplifier 398, 401
crosstalk 232, 314, 336, 814, 819
crosstalk all to one 313
crosstalk, custom 331
crosstalk, one channel driven 333
crosstalk, one channel undriven 335
CSV 755, 758, 760, 767

bar graph, save to disk 755
cumulative errors 349
cursors 760, 761
custom reports 674

D
D 809
D/V 809

DAC generator 75
DARS 103
data

X/Y graph, save to disk 759
data distribution (derived result function) 777
data output 637
data sets 57, 240, 766
data specification 770
data, graph 755, 758, 760, 767
dB 336, 809, 811, 814
DB-25 connector 42
dBFS 809, 812, 814
dBm 808, 812, 814
dBm versus dBu 812
dBr 815
dBrA and dBrB 92, 809
dBrG 92, 809
dBSPL1 and dBSPL2 92
dBu 808, 812, 815
dBV 807, 812, 815
dc level 338, 743
DC offset 233
DCX measurements 341, 571
DDC 168, 641
decibel 809, 811
delay cycles (settling) 744, 745
delay through device 263, 264, 309, 313, 441
delay time (settling) 744
delete

project items 59
delete limit 795
delete signal path 51
derived results 773
deviation 308, 372
device ID 644
DFD 377, 380
DFD vs frequency sweep 383
DFD vs level sweep 387
dHz 810
difference frequency distortion 380
digital connection indicator 56
digital electrical interface 141, 142, 147, 149
digital error rate 347
digital full scale 808, 812, 814
digital level 808, 812
digital level, instantaneous 809
digital optical interface 143, 151, 815
digital reference I/O 103
digital settings 141, 144, 147, 152
DIM 351, 355
DIM IMD 353
DIN 815
DIN IMD 379
distortion product 619
distortion product level 312, 618, 619
distortion product ratio 311, 379, 618, 619
Dolph-Chebyshev (FFT window) 584
draw limits 755, 760, 795, 796
drawing limits 795
DSP 815
DSP generator 75
D-Sub 136
DTS

X files 239
dual axis graphs 758, 763
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DUT delay
measure and set in a sequence 643
measurement 359
signal path setup entry field 90

dynamic intermodulation distortion 351, 355
dynamic range (AES17) 363

E
EDID 168
edit

graph properties 756, 760, 763
limits 755, 794, 795
report properties 675

Edit EQ Table 736
edit text annotation 756, 760
energy time curve 261, 270
ENOB 589
EQ (derived result function) 777
EQ table 245
EQ Table, edit 736
EQ, input 735
EQ, output 89, 246
equalization of PESQ reference file 520
equalization of POLQA reference file 533
equalization, generator 245
equalization, stimulus 244
Equiripple (FFT window) 578, 584, 624
erase points 795
error rate 348
errors 349
ETC 261, 270
export

graph data 755, 758, 760, 769
limits 795
report 674, 677

extend acquisition 256, 303, 709, 718
external source configuration, selecting 224
external source test signals 227
external sweep, track channel 279, 593

F
failure action 640
Fast Sweep 235
FFT

bandwidth 583
bin 814
bins 583
definition 583, 816
length 583
Signal Analyzer 580
window 821
windows 583

FFT spectrum monitor 65
file menu 54
file-based result 771
filter

curves 731
local 731
signal path 731

filters 736
flat algorithm (settling) 744, 745
Flat-Top window (FFT) 584
Flex analyzer 40
Flex Key 40
frequency domain 236, 583, 816

display 58, 65, 758
frequency measurements 66
frequency response 231, 369
frequency scaling 108
FS 808
FS/Vrms 809
full scale 808, 812, 814
functions for derived results 775

G
gain 231, 426

continuous sweep 307
definition 816
frequency response 371
ranging 741
stepped level sweep 605

gain, power
definition 818

gain, transducer
definition 820

gain, voltage
definition 821

generator
analog sine 71
analog sine (APx555) 83

Generator controls 237
generator EQ 245
generator waveform maximum length 238
generator waveforms 237

remove from project 59
geometric mean (derived result function) 785
Global VMax 60
GPIO 801

monitor 66
graph 65, 818, 820

cursors 760, 761
data 58, 755, 758, 760, 767
properties 756, 760, 763
toolbar 758

graph data, save with project 60
graph indicators 764
graph legend 760
graph markers 764
group delay 310, 816

H
Hann (FFT window) 578, 584, 624
harmonic distortion (THD and THD+N) 619
harmonic, definition 816
HD-15 connector 42
HDCP 167
HDMI

audio constraints by format chart 170
hardware option 38
output settings 165

HDMI Audio InfoFrame 474, 476
high performance analog sine generator (APx555) 83
high performance sine analyzer (HPSA) 34
high performance sine generator (HPSG) 34

I
IEC 60118-0 IMD Frequency Sweep 373
IEC60118 (IMD) 380
IEC60268 (IMD) 380
IEC60268 noise 505, 507, 512
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IEC60958 digital interface 813, 815
image

bar graph, save to disk 755
graph, copy to clipboard 677, 755, 759
X/Y graph, save to disk 759

image file
in report 676

image files
about 646
in sequencer prompts 646
remove from project 59

IMD 377
advanced settings 380
definition and discussion 379

IMD vs frequency sweep 383
IMD vs level sweep 387
impairments, digital interface 150
impedance curves 401
impedance, source

APx515 112, 122, 123, 128, 129
APx585 and 586 135

import
graph data 767
limit data 797

impulse response 312, 313, 447
indicators, graph 764
input

configuration 113, 118, 124, 131, 137, 155, 166,
172, 178

connectors 113, 118, 124, 131, 137, 155, 166, 172,
178

range 319, 339, 345, 381, 428, 582, 629
input bit clock on PDM monitor 69
input characteristics

2-channel analog 34, 35
8-channel analog 36
digital 37

input EQ 248, 735
input range

continuous sweep and frequency response 319
signal analyzer 582, 629
single value and stepped sweep 339, 345, 381, 428

input sample rate measurement 405
input sample rate meter 688
Input/Output 88
input-to-output phase 264, 309, 441
input-to-output phase, excess 264, 309, 441
input-to-output phase, wrapped 264, 309, 441
instantaneous digital level 809
instantaneous error rate 348
interchannel phase 232, 407
interface signal level meter 153, 688
interpolation 763
interpolation settings and limit markers 800
invalid ("----") results 754
invert (derived result function) 778

J
jitter generator 104
jitter, measure 152, 153
jitter, more about 106

K
KeyBox 29, 33
Known Mmd 395

L
leak 271, 479
legend 760
level measurement with bandpass filter 283
Level Ratio 429
level, RMS 812
leveled acoustic output 244
limit files 797
limit markers and interpolation setting 800
limits 793
limits, bench mode meters 689
limits, drawing 795
limits, in sequences 668
linearity measurement 290, 605
listening to the input signal 71
lock project 54
logo, in report 676
loopback

APx585 and 586 137, 155, 166
loudspeaker driver models 399
loudspeaker testing 251, 271, 479
low-pass filter 732

M
manage

project items 59
markers, graph 764
maximum (derived result function) 785
maximum difference from geometric mean (derived result
function) 786
maximum difference from mean (derived result function)
786
maximum operating level 567
mean (derived result function) 785
measurement panels 236
measurement recorder 461
measurement sequence settings 640
measurements menu 55
menu

file 54
measurements 55
project 55
view 55
window 56

menu bar 54
message, pass/fail 639
metadata

more about audio metadata 474
metadata recorder 473
meter bar displays 58, 754
meter data, Bench Mode 688
meters 58, 754
meters monitor 66
methods of measurement 232
microphone calibration (acoustic) 99
microphone calibration (TEDS, acoustic) 100
microphone calibration (TEDS) 96
microphone powering 218
microphone, measurement 251

calibration 252
Microsoft Word reports 674
min/max statistics group (derived result functions) 783
minimum (derived result function) 785
MOD 377
MOD IMD, about 379
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MOD vs frequency sweep 383
MOD vs level sweep 387
modulated noise 271, 479
MOL 567
monitors 53

aux control 66
Bluetooth 68
FFT spectrum 65
metadata--status bits/user bits 66
meters 66
scope 65

monitors/meters regulation, bench mode 691
MOS results (perceptual audio) 519, 524, 527, 531, 538
multitone analyzer 483
multitone implementation and theory 495
multitone signal definition

editing 498
using 484

N
navigator 47, 50
nested sweep 235
noise generation 505, 507, 512
noise signals 509
noise, measuring 507
noise-filter

curves 731
normalize (derived result function) 778
notes, data set 641, 766

O
offset (derived result function) 775
offset limits 798
open loop measurements 223
output

configuration 88, 111, 117, 121, 127, 135, 141, 147,
155, 165, 171, 178, 207

connectors 88, 111, 117, 121, 127, 135, 141, 147,
155, 165, 171, 178, 207

output characteristics
2-channel analog 35
2-channel high performance analog 34
8-channel analog 36
digital 37

Output EQ 89, 246

P
panels, measurement view 236
parasitic resistance 216
pass/fail limits 793
pass/fail message 639
pass/fail node 515
PDM

description 213
I/O 207
viewing bitstream 579

PDM 16 203
PDM control codes 69, 214
PESQ (perceptual audio) 519, 524, 527
phantom power 218
phase 232, 264, 309, 310, 408
pilot tone 319
pink noise 505, 507, 512
polarity test 447
POLQA (perceptual audio) 531, 537, 549

Power Amplifier 117
power average (derived result function) 786
powering, microphone 218
pre-sweep 316
primary results 696, 751
production testing 431, 635, 671
project file 59
project items, delete 59
project items, manage 59
project menu 55
project properties 60
project template 54
Prompt Step

adding images 646
Additional Settings 645
Operator Response 645
Reference Levels 646

prompt, user 645
PSR and PSRR (with PDM option only) 553, 559

Q
Q-peak 505

R
R on graph 764
ranging 741

See also input range
Reading Rate 234
reading rate 469
recording audio to a file 467
reference clock output 70
references 91
regulation 567
regulation, bench mode 691
repeat (sweep or batch measurement) 696, 699, 704
report

edit properties 675
reports 48
reports, custom 674
result details 766
result from a file 771
result, specified single data point 781
results, derived 773
results, invalid 754
results, primary 696, 751
rms (derived result function) 785
RMS level 812
rub and buzz 267, 271, 444
running a measurement 51
running a sequence 51

S
S3.22 IMD frequency sweep 273, 373
save meter data, Bench Mode 688
saving audio to a file 467
scope monitor 65
second analog sine generator in APx555 71
selector 57
sequence

failure 640
log file 670
overview 635
running 635
statistics 670
steps 641
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sequence step
Analyze Files 641
Appended Measurement 649
Calibrate from TEDS 659
Clear Variable Value 661
Delay 649
Device ID Prompt 644
Digital Sync Delay 649
Export Result Data 650
Generate 641
Import Amplifier Correction Curve 656
Import Limits Data 652
Import Output EQ Curve 654
Import Result Data 652
Input 647
Make Result Visible 658
Measure 641
Measure and Set DUT Delay 643
PDM Control Code(s) 654
Program 648
Prompt 645
Select Input EQ Curve 653
Send CEC Command step 657
Set Aux Control Out 650
Set DCX Aux Output 657
Set DCX DC Output 657
Set Switcher Configuration 656
Set Transducer Interface Input 658
Set Transducer Interface Output 659
Set Vdd Output 655
Start Analog Sine Generator 660
Stop Analog Sine Generator 661
Turn Generator On 641
User Evaluation of Result 658

sequence steps, Bluetooth
A2DP Source action 667
AT Command 667
AVRCP Command action 667
Connect Bluetooth Device 663, 665
Connect Bluetooth Device, run-time prompt 664
Disconnect Bluetooth Device 665
Enable Wideband Speech 665
HFP Audio Gateway action 666
HFP Hands Free action 666
HSP Audio Gateway action 667
HSP Headset action 666
Scan for Bluetooth Devices, run-time prompt 664
Set Absolute Volume 666
Set Transmit Power 665

Sequencer 635
sequencer properties 638
Set Acoustic Output Level 97
settings, project 60
settling 743
settling, bench mode 683
sidebands 379
Signal Path Setup I/O 88
signal paths 48
signal-to-noise ratio 588
SINAD 589
sine burst generation 84
sine, split 233
smooth (derived result function) 780
SMPTE 377
SMPTE IMD, about 379

SMPTE vs frequency sweep 383
SMPTE vs level sweep 387
SNR 588
software options 241
speaker on 71
SpeakON 118
special sine 233
specify a single data point (derived result function) 781
specify data points (derived result function) 781
spectrum monitor 65
split frequency generation, IMD 378, 384, 388
split sine 233
spreadsheet

bar graph, save to disk 755
standard deviation (derived result function) 785
statistics group (derived result functions) 783
statistics, sequence 670
status bits 474, 475, 477
status bits/user bits metadata monitor 66
stereo sine 233
stimulus equalization 244
sweep length 316
sweep point regulation, bench mode 691
sweep points table 564
sweep table 599
sweep, nested 235
switcher

addresses 803
changing states with multiple signal paths 804
control connections 803
example for 32x8 mixer 804

switching amplifier measurement filter 43
sync I/O 103
system references 92, 93

T
T on graph 749, 764
TEDS 215, 613, 614
template, project 54
templates, managing 54
text annotation 756, 760
THD 310
THD+N 619
Thiele-Small parameters 391, 449
time recorder 461
time stamp 60
time window 252
tone burst 460
toolbar 56
TOSLINK 143, 151, 815
total errors 349
trace colors 60
track channel 279, 593
Transducer Test Interface 43, 215
trigger 105

output 105

U
unbalanced (analog signals) 111, 112, 114, 121, 122,
125, 127, 129, 132, 135, 136, 138
unit domains 807
unitless property 811
unlock project 54
unwrapped phase 309
user bits 474, 475
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user prompt 645

V
V/D 809
variables 63, 670
VB 671
Vdd on PDM monitor 69
verify connections 109
view menu 55
Visual Basic 671
Visual C# 671
Vmax 60
Vrms/FS 809

W
WAV

X/Y graph, save to disk 759
WAV file, create from Sweep Table 600
weighting filter

curves 731
white noise 505, 507, 512
window menu 56
Word reports 674
wrapped phase 264, 309, 441

X
x/y unit 811

Z
zoom

graph 759
meter 755
report 674, 677
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