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Abstract: Practical methods for making electroacoustic laboratory measurements of analog and
digital speech communications terminals and connected audio devices are contained in this
standard. The methods are applicable to a wide variety of wired, wireless, cordless, and mobile
communication terminals. Examples include Voice over Internet Protocol (VolP), Wi-Fi®, and
softphone devices. Tests applicable to connected audio devices such as wired, Bluetooth®, and
universal serial bus (USB) handsets, headsets, and wearables are included. The standard
contains objective metrics, subjective metrics, and subjective metric predictors. Application is in
the frequency range from 20 Hz to 20 kHz.

Keywords: analog terminals, Bluetooth® cordless, digital terminals, electroacoustic
measurements, handsets, headsets, IEEE 269™, mean opinion score (MOS), mobile, MOS
predictors, softphones, speech communication, subjective metrics, telephone, universal serial bus
(USB), Voice over Internet Protocol (VolP) terminals, voice transmission performance, wearables,
Wi-Fi® terminals
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Important Notices and Disclaimers Concerning IEEE Standards Documents

IEEE documents are made available for use subject to important notices and legal disclaimers. These
notices and disclaimers, or a reference to this page, appear in all standards and may be found under the
heading “Important Notices and Disclaimers Concerning IEEE Standards Documents.” They can also be
obtained on request from IEEE or viewed at http://standards.ieee.org/ipr/disclaimers.html.

Notice and Disclaimer of Liability Concerning the Use of IEEE Standards
Documents

IEEE Standards documents (standards, recommended practices, and guides), both full-use and trial-use, are
developed within IEEE Societies and the Standards Coordinating Committees of the IEEE Standards
Association (“IEEE SA”) Standards Board. IEEE (“the Institute”) develops its standards through a
consensus development process, approved by the American National Standards Institute (“ANSI”), which
brings together volunteers representing varied viewpoints and interests to achieve the final product. IEEE
Standards are documents developed through scientific, academic, and industry-based technical working
groups. Volunteers in IEEE working groups are not necessarily members of the Institute and participate
without compensation from IEEE. While IEEE administers the process and establishes rules to promote
fairness in the consensus development process, IEEE does not independently evaluate, test, or verify the
accuracy of any of the information or the soundness of any judgments contained in its standards.

IEEE Standards do not guarantee or ensure safety, security, health, or environmental protection, or ensure
against interference with or from other devices or networks. Implementers and users of IEEE Standards
documents are responsible for determining and complying with all appropriate safety, security,
environmental, health, and interference protection practices and all applicable laws and regulations.

IEEE does not warrant or represent the accuracy or content of the material contained in its standards, and
expressly disclaims all warranties (express, implied and statutory) not included in this or any other
document relating to the standard, including, but not limited to, the warranties of: merchantability; fitness
for a particular purpose; non-infringement; and quality, accuracy, effectiveness, currency, or completeness
of material. In addition, IEEE disclaims any and all conditions relating to: results; and workmanlike effort.
IEEE standards documents are supplied “AS IS and “WITH ALL FAULTS.”

Use of an IEEE standard is wholly voluntary. The existence of an IEEE standard does not imply that there
are no other ways to produce, test, measure, purchase, market, or provide other goods and services related
to the scope of the IEEE standard. Furthermore, the viewpoint expressed at the time a standard is approved
and issued is subject to change brought about through developments in the state of the art and comments
received from users of the standard.

In publishing and making its standards available, IEEE is not suggesting or rendering professional or other
services for, or on behalf of, any person or entity nor is IEEE undertaking to perform any duty owed by any
other person or entity to another. Any person utilizing any IEEE Standards document, should rely upon his
or her own independent judgment in the exercise of reasonable care in any given circumstances or, as
appropriate, seek the advice of a competent professional in determining the appropriateness of a given
IEEE standard.

IN NO EVENT SHALL IEEE BE LIABLE FOR ANY DIRECT, INDIRECT, INCIDENTAL, SPECIAL,
EXEMPLARY, OR CONSEQUENTIAL DAMAGES (INCLUDING, BUT NOT LIMITED TO:
PROCUREMENT OF SUBSTITUTE GOODS OR SERVICES; LOSS OF USE, DATA, OR PROFITS;
OR BUSINESS INTERRUPTION) HOWEVER CAUSED AND ON ANY THEORY OF LIABILITY,
WHETHER IN CONTRACT, STRICT LIABILITY, OR TORT (INCLUDING NEGLIGENCE OR
OTHERWISE) ARISING IN ANY WAY OUT OF THE PUBLICATION, USE OF, OR RELIANCE
UPON ANY STANDARD, EVEN IF ADVISED OF THE POSSIBILITY OF SUCH DAMAGE AND
REGARDLESS OF WHETHER SUCH DAMAGE WAS FORESEEABLE.
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Translations

The IEEE consensus development process involves the review of documents in English only. In the event
that an IEEE standard is translated, only the English version published by IEEE should be considered the
approved IEEE standard.

Official statements

A statement, written or oral, that is not processed in accordance with the IEEE SA Standards Board
Operations Manual shall not be considered or inferred to be the official position of IEEE or any of its
committees and shall not be considered to be, or be relied upon as, a formal position of IEEE. At lectures,
symposia, seminars, or educational courses, an individual presenting information on IEEE standards shall
make it clear that his or her views should be considered the personal views of that individual rather than the
formal position of IEEE.

Comments on standards

Comments for revision of IEEE Standards documents are welcome from any interested party, regardless of
membership affiliation with IEEE. However, IEEE does not provide consulting information or advice
pertaining to IEEE Standards documents. Suggestions for changes in documents should be in the form of a
proposed change of text, together with appropriate supporting comments. Since IEEE standards represent a
consensus of concerned interests, it is important that any responses to comments and questions also receive
the concurrence of a balance of interests. For this reason, IEEE and the members of its societies and
Standards Coordinating Committees are not able to provide an instant response to comments or questions
except in those cases where the matter has previously been addressed. For the same reason, IEEE does not
respond to interpretation requests. Any person who would like to participate in revisions to an IEEE
standard is welcome to join the relevant [IEEE working group.

Comments on standards should be submitted to the following address:

Secretary, IEEE SA Standards Board
445 Hoes Lane
Piscataway, NJ 08854 USA

Laws and regulations

Users of IEEE Standards documents should consult all applicable laws and regulations. Compliance with
the provisions of any IEEE Standards document does not imply compliance to any applicable regulatory
requirements. Implementers of the standard are responsible for observing or referring to the applicable
regulatory requirements. I[EEE does not, by the publication of its standards, intend to urge action that is not
in compliance with applicable laws, and these documents may not be construed as doing so.

Copyrights

IEEE draft and approved standards are copyrighted by IEEE under US and international copyright laws.
They are made available by IEEE and are adopted for a wide variety of both public and private uses. These
include both use, by reference, in laws and regulations, and use in private self-regulation, standardization,
and the promotion of engineering practices and methods. By making these documents available for use and
adoption by public authorities and private users, IEEE does not waive any rights in copyright to the
documents.
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Photocopies

Subject to payment of the appropriate fee, IEEE will grant users a limited, non-exclusive license to
photocopy portions of any individual standard for company or organizational internal use or individual,
non-commercial use only. To arrange for payment of licensing fees, please contact Copyright Clearance
Center, Customer Service, 222 Rosewood Drive, Danvers, MA 01923 USA; +1 978 750 8400. Permission
to photocopy portions of any individual standard for educational classroom use can also be obtained
through the Copyright Clearance Center.

Updating of IEEE Standards documents

Users of IEEE Standards documents should be aware that these documents may be superseded at any time
by the issuance of new editions or may be amended from time to time through the issuance of amendments,
corrigenda, or errata. An official IEEE document at any point in time consists of the current edition of the
document together with any amendments, corrigenda, or errata then in effect.

Every IEEE standard is subjected to review at least every 10 years. When a document is more than 10 years
old and has not undergone a revision process, it is reasonable to conclude that its contents, although still of
some value, do not wholly reflect the present state of the art. Users are cautioned to check to determine that
they have the latest edition of any IEEE standard.

In order to determine whether a given document is the current edition and whether it has been amended
through the issuance of amendments, corrigenda, or errata, visit IEEE Xplore at https://ieeexplore.ieee.or or
contact IEEE at the address listed previously. For more information about the IEEE SA or IEEE’s standards
development process, visit the IEEE SA Website at http://standards.ieee.org.

Errata

Errata, if any, for IEEE standards can be accessed via https://standards.ieee.org/standard/index.html. Search
for standard number and year of approval to access the web page of the published standard. Errata links are
located under the Additional Resources Details section. Errata are also available in IEEE Xplore:
https://ieeexplore.ieee.org/browse/standards/collection/ieee/. Users are encouraged to periodically check for
errata.

Patents

Attention is called to the possibility that implementation of this standard may require use of subject matter
covered by patent rights. By publication of this standard, no position is taken by the IEEE with respect to
the existence or validity of any patent rights in connection therewith. If a patent holder or patent applicant
has filed a statement of assurance via an Accepted Letter of Assurance, then the statement is listed on the
IEEE SA Website at https://standards.ieee.org/about/sasb/patcom/patents.html. Letters of Assurance may
indicate whether the Submitter is willing or unwilling to grant licenses under patent rights without
compensation or under reasonable rates, with reasonable terms and conditions that are demonstrably free of
any unfair discrimination to applicants desiring to obtain such licenses.

Essential Patent Claims may exist for which a Letter of Assurance has not been received. The IEEE is not
responsible for identifying Essential Patent Claims for which a license may be required, for conducting
inquiries into the legal validity or scope of Patents Claims, or determining whether any licensing terms or
conditions provided in connection with submission of a Letter of Assurance, if any, or in any licensing
agreements are reasonable or non-discriminatory. Users of this standard are expressly advised that
determination of the validity of any patent rights, and the risk of infringement of such rights, is entirely
their own responsibility. Further information may be obtained from the IEEE Standards Association.
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Introduction

This introduction is not part of IEEE Std 269-2019, IEEE Standard for Measuring Electroacoustic
Performance of Communication Devices.

This standard has been prepared in response to a widely expressed need by the telecommunications
industry for a standard, comprehensive method for testing the transmission performance of communication
terminals, handset, and headsets. The present standard is a revision of IEEE Std 269™-2010.

The IEEE will maintain this standard current with the state of the technology. Comments on this standard
and suggestions for the additional material that should be included are invited. Comments should be
addressed to Secretary, IEEE Standards Board, The Institute of Electrical and Electronics Engineers, Inc.,
345 East 47th Street, New York, NY 10017.

This revision, begun in 2012, was prepared by the Working Group on Communication Electroacoustics of
the IEEE Communications Society Standards Development Board (COM/SDB).

IEEE Standards downloads and executable files

Files are available in 269-2019 downloads.zip in the IEEE 269-2019 directory located at:
https://standards.ieee.org/downloads.
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IEEE Standard for Measuring
Electroacoustic Performance of
Communication Devices

1. Overview

Both objective and subjective methods are used to evaluate electroacoustic performance of communication
devices. This standard contains objective measurement methods that use test instruments. The results of
these objective measurements are intended to generally agree with the results of subjective testing. Many
objective measurements are required to evaluate a device.

This standard also contains subjective metric predictors that are based on objective measurements. They are
algorithms that use dynamic physical measurements to predict some aspect of subjective perception. Each
predictor is presented as a mean opinion score (MOS). Many aspects of the performance of a
communication device are combined to generate a MOS. To properly interpret a MOS, it is necessary to
consider the objective measurements.

Evaluation of a device should include both objective measurements and subjective metric predictors.

Although outside the scope of this standard, there are references to other standards that contain procedures
for conducting subjective tests with real human subjects.

1.1 Scope

This standard provides techniques for objective measurement of electroacoustic devices used for speech
communications, including communication devices also used for multimedia applications. Application is
for devices that are primarily used closely coupled to the ear. Aspects of devices with speakerphone or
speaker listening features are covered by IEEE Std 1329™.!

This standard is applicable to devices that include communication terminals that connect to a network, as
well as to subsystems that connect to a terminal. The methods in this standard specifically apply to devices

! Information on references can be found in Clause 2.
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that connect to analog, digital, Voice over Internet Protocol (VoIP), and other local area network (LAN)
networks. They may also apply to devices that connect to mobile and other wireless networks.

This standard applies to terminals independently of the internal audio architecture. Examples include
cordless phones, VoIP phones, and softphone clients. It also applies to subsystems such as universal serial
bus (USB) audio devices, Bluetooth® headsets, and four-wire analog handsets.

Due to the various characteristics of these devices and the environments in which they operate, not all of
the test procedures in this standard are applicable to all types of terminals and subsystems. Guidance for the
applicability of specific tests is given within this standard.

1.2 Purpose

The purpose of this standard is to provide laboratory test methods for evaluating the electroacoustic
performance of communication devices.

1.3 How to use this standard

In this standard, the word “device” refers to the object to be tested (DUT). Examples include terminals and
subsystems such as digital and VoIP telephones, analog telephone sets, USB headsets, analog handsets, and
headsets.

Proceed with the following steps:

a)  Select the required test equipment, fixtures, and environment according to Clause 5.
b)  Setup codecs, interfaces, and test circuits according to Clause 6.

¢) Select appropriate test signals according to Clause 7.

d) Calibrate measurement equipment and signal sources according to Clause 8.

e) Position the device according to Clause 9.

f)  Adjust the control settings of the device according to Clause 10. Depending on the location of
the control settings, they may need to be adjusted before positioning the device. It may be
necessary to perform one or more preliminary measurements to verify the controls have been set

properly.
g) Arrange the test setup according to Clause 11.

h) Perform the measurement(s) according to Clause 12.

i)  Translate measurements made at the ear simulator from drum reference point (DRP) to listener
reference point (LRP) according to Clause 13. Translation shall be performed prior to any
format conversion.

j)  Perform any desired data format conversion according to Clause 13.
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Table 1—Index of measurements and device types

Signal Digital Digital Analog Analog
Measurement L2, . .
direction terminal subsystem terminal subsystem
Receive 12.2.2 12.2.2 12.2.2 12.2.2
Frequency Send 12.2.3 12.2.3 12.2.3 12.2.3
response Sidetone 12.2.4 12.2.4
End-to-End 12.2.5 12.2.5
Receive 12.3.2 12.3.2 12.3.2 12.3.2
Output Send 1233 12.3.3 12.3.3 1233
level Sidetone 12.34 12.34
End-to-End 12.3.5 12.3.5
Conversational Receive 12.4 12.4 12.4 12.4
gain
Tonal balance Receive 12.5 12.5 12.5 12.5
Send 12.5 12.5 12.5 12.5
Balance and polarity Receive 12.6 12.6 12.6 12.6
Echo Electrical 12.7 12.7
Self-noise Receive 12.8.1 12.8.1 12.8.1 12.8.1
Send 12.8.2 12.8.2 12.8.2 12.8.2
Receive 12.9.4 12.9.4 12.9.4 12.9.4
Level-dependent Send 12.9.5 12.9.5 12.9.5 12.9.5
dynamics Sidetone 12.9.5 12.9.5
End-to-End 12.9.5 12.9.5
Receive 12.10.2 12.10.2 12.10.2 12.10.2
Distortion and induced Send 12.10.3 12.10.3 12.10.3 12.10.3
artifacts Sidetone 12.10.4 12.10.4
End-to-End 12.10.5 12.10.5
Speech quality in quiet Receive 12.11 12.11 12.11 12.11
environment Send 12.11 12.11 12.11 12.11
Speech quality in noisy Receive 12.12 12.12 12.12 12.12
environment Send 12.12 12.12 12.12 12.12
Receive 12.13.1 12.13.1
Mute leakage Send 12.132 12.13.2
Receive 12.14.1 12.14.1 12.14.1 12.14.1
Device delay .Send 12.14.2 12.14.2 12.14.2 12.14.2
Sidetone 12.14.3 12.14.3 12.14.3 12.14.3
End-to-End 12.14.4 12.14.4
Stability loss 12.15 12.15 12.15 12.15
Howling 12.16 12.16 12.16 12.16
Max acoustic output Maximum 12.17.1 12.17.1 12.17.1 12.17.1
Peak 12.17.2 12.17.2 12.17.2 12.17.2
Impedance Receive 12.18.1
Send 12.18.2
NOTE—The subclause numbers in this table are dynamic links to the specific subclauses in the document.?

Details of some procedures are found in the normative annexes referred to from within the relevant clause.
Consult the informative annexes for additional information and alternative procedures.

% Notes in text, tables, and figures of a standard are given for information only and do not contain requirements needed to implement
this standard.
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1.4 Changes since last edition of this standard
The major changes in this revision are as follows:

a) Restructuring of document

b) Device classification: terminals, subsystems

c) Applies to devices of any bandwidth between 20 Hz and 20 kHz

d) Use of speech for most measurements except distortion

e) Use of output level and conversational gain to supersede loudness ratings
f) Addition of a new echo burst test method

g) Expansion of coverage of speech quality

h) New information about wind noise

i)  New information about Hoth and other noises

j)  New stimulus .wav files

1.5 Word usage

The word shall indicates mandatory requirements strictly to be followed in order to conform to the standard
and from which no deviation is permitted (shall equals is required to).**

The word should indicates that among several possibilities one is recommended as particularly suitable,
without mentioning or excluding others; or that a certain course of action is preferred but not necessarily
required (should equals is recommended that).

The word may is used to indicate a course of action permissible within the limits of the standard (may
equals is permitted to).

The word can is used for statements of possibility and capability, whether material, physical, or causal (can
equals is able to).

2. Normative references

The following referenced documents are indispensable for the application of this document (i.e., they must
be understood and used, so each referenced document is cited in text and its relationship to this document is
explained). For dated references, only the edition cited applies. For undated references, the latest edition of
the referenced document (including any amendments or corrigenda) applies.

AES 17-2015, AES standard method for digital audio engineering—Measurement of digital audio
equipment.’

ANSI S1.4:1983/IEC 61672-1, American National Standard Electroacoustics— Sound Level Meters—Part
1: Specifications.®’

3 The use of the word must is deprecated and cannot be used when stating mandatory requirements, must is used only to describe
unavoidable situations.

* The use of will is deprecated and cannot be used when stating mandatory requirements, will is only used in statements of fact.

° AES publications are available from the Audio Engineering Society (http://www.aes.org/).
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ANSI S1.6, American National Standard Preferred Frequencies, Frequency Levels, and Band Numbers for
Acoustical Measurements.

ANSI S1.11/IEC 61260-1, American National Standard Electroacoustics—Octave-band and Fractional-
octave-band Filters—Part 1: Specifications.

Bellcore SR-TSV-002476-1992, CPE compatibility considerations for the voiceband data transmission
interface.®

ETSI EG 202 396-1, Speech and multimedia Transmission Quality (STQ); Speech Quality performance in
the presence of background noise; Part 1: Background noise simulation technique and background noise
database.’

ETSI EG 202 396-3, Speech and multimedia Transmission Quality (STQ); Speech Quality performance in
the presence of background noise Part 3: Background noise transmission—Objective test methods.

ETSI TS 103 106, Speech quality performance in the presence of background noise: Background noise
transmission for mobile terminals-objective test methods.

ETSI TS 103 281 V1.1.1, Speech and multimedia Transmission Quality (STQ); Speech quality in the
presence of background noise: Objective test methods for super-wideband and fullband terminals.

IEC 60268-4, Sound system equipment—Part 4: Microphones.
IEC 61094-4, Measurement microphones—Part 4: Specifications for working standard microphones.

IEEE Std 743-1995™ (withdrawn), IEEE Standard Equipment Requirements and Measurement Techniques
for Analog Transmission Parameters for telecommunications. ' 1! 12

IEEE Std 802.11%, IEEE Standard for Information technology—Telecommunications and information
exchange between systems Local and metropolitan area networks—Specific requirements—Part 11:
Wireless LAN Medium Access Control (MAC) and Physical Layer (PHY) Specifications.

IEEE Std 1329™, IEEE Standard Method for Measuring Transmission Performance of Handsfree
Telephone Sets.

IEEE Std 1652™, [EEE Standard for the Application of Free Field Acoustic Reference to Telephony
Measurements.

IETF RFC 3551 (2003), RTP Profile for Audio and Video Conferences with Minimal Control. '3
ISO 3, Preferred Numbers-Series of preferred Numbers. 4

ITU-T Recommendation G.100.1, The use of the decibel and of relative levels in speechband
telecommunications. !*

ITU-T Recommendation G.115, Mean Active Speech Level for Announcements and Speech Synthesis
Systems.

ITU-T Recommendation G.122, Influence of National Systems on Stability and Talker Echo in
International Connections.

¢ ANSI publications are available from the American National Standards Institute (http://www.ansi.org/).

" IEC publications are available from the International Electrotechnical Commission (http://www.iec.ch) and the American National
Standards Institute (http://www.ansi.org/).

8 Bellcore publications are available from iconnectiv (https://iconectiv.com/).

% ETSI publications are available from the European Telecommunications Standards Institute (http://www.etsi.org/).

! The IEEE standards or products referred to in Clause 2 are trademarks owned by The Institute of Electrical and Electronics
Engineers, Incorporated.

" TEEE publications are available from The Institute of Electrical and Electronics Engineers (http:/standards.ieee.org/).

2 TEEE Std 743-1995 has been withdrawn; however, copies can be obtained from the Institute of Electrical and Electronics Engineers
(http://standards.ieee.org/).

13 IETF publications are available from the Internet Engineering Task Force (https://www.ietf.org/).

4 ISO publications are available from the International Organization for Standardization (http://www.iso.org/) and the American
National Standards Institute (http://www.ansi.org/).

'S ITU-T publications are available from the International Telecommunications Union (http://www.itu.int/).
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ITU-T Recommendation G.160, Voice Enhancement Devices, Appendix I1.
ITU-T Recommendation G.167, Acoustic Echo Controllers.
ITU-T Recommendation G.169, Automatic Level Control Devices.

ITU-T Recommendation G.223, Assumptions for the Calculation of Noise on Hypothetical Reference
Circuits for Telephony.

ITU-T Recommendation G.711, Pulse Code Modulation (PCM) of Voice Frequencies.

ITU-T Recommendation G.712, Transmission performance characteristics of pulse code modulation
channels.

ITU-T Recommendation G.722, 7 kHz Audio-coding Within 64 kbit/s.

ITU-T Recommendation G.723, Extensions of Recommendation G.721 Adaptive Differential Pulse Code
Modulation to 24 and 40 kbit/s for Digital Circuit Multiplication Equipment Application.

ITU-T Recommendation G.729, Coding of Speech at 8 kbit/s Using Conjugate-structure Algebraic-code-
excited Linear-prediction (CS-ACELP).

ITU-T Recommendation O.41 (1994), Psophometer for Use on Telephone-type Circuits.

ITU-T Recommendation O.133, Equipment for Measuring the Performance of PCM Encoders and
Decoders.

ITU-T Recommendation P.50, Artificial Voices.

ITU-T Recommendation P.51, Artificial Mouths.

ITU-T Recommendation P.56, Objective Measurement of Active Speech Level.
ITU-T Recommendation P.57, Artificial Ears.

ITU-T Recommendation P.58, Head and Torso Simulator for Telephonometry.
ITU-T Recommendation P.59, Artificial Conversational Speech.

ITU-T Recommendation P.64, Determination of Sensitivity/Frequency Characteristics of Local Telephone
Systems.

ITU-T Recommendation P.380, Electro-acoustic Measurements on Headsets.

ITU-T Recommendation P.501, Test Signals for Use in Telephonometry.

ITU-T Recommendation P.570, Artificial noise-fields under laboratory conditions.

ITU-T Recommendation P.800, Methods for subjective determination of transmission quality.
ITU-T Recommendation P.800.1, Mean opinion score (MOS) terminology.

ITU-T Recommendation P.835, Subjective test methodology for evaluating speech communication systems
that include noise suppression algorithm.

ITU-T Recommendation P.862, Perceptual Evaluation of Speech Quality (PESQ).

ITU-T Recommendation P.863, Perceptual objective listening quality assessment.

. Documents
Copyright © 2020 IEEE. All rights reserved. Document Sharing Hub

Authorized licensed use limited to: Tsinghua University. Downloaded on February 25,2026 at 06:44:58 UTC from IEEE Xplore. Restrictions apply.

Full document details: IEEE 269-2019


http://www.avadocuments.com/doc/ieee-269-2019
http://www.avadocuments.com/doc/ieee-269-2019

IEEE Std 269-2019
IEEE Standard for Measuring Electroacoustic Performance of Communication Devices

3. Definitions, acronyms, and abbreviations

3.1 Definitions

For the purposes of this document, the following terms and definitions apply. The [EEE Standards
Dictionary Online should be consulted for terms not defined in this clause.'®

A-weighted: A measurement made wusing the “A” frequency weighting specified in
ANSI S1.4-1983. It approximates the frequency response of the ear at 40 dBSPL, so it is frequently used
for measurements at low sound levels. For completely different reasons, it is also used for many acoustic
safety measurements. It is generally not appropriate for use at typical terminal conversation levels.

acoustic echo canceller (AEC): A circuit or algorithm designed to eliminate acoustic echoes and prevent
acoustic feedback from loudspeaker to microphone.

acoustic echo path: The acoustic coupling from the handset or headset receiver to the handset or headset
microphone.

acoustic input: The free field sound pressure level developed by a mouth simulator at the mouth reference
point. See: sound pressure level.

acoustic output: The sound pressure level developed in an ear simulator or at the measuring microphone.
See: sound pressure level.

active level: Level of a signal with pauses and/or silences removed. Active level (decibels) is equivalent to
the level of the original signal plus 10 x1log(100/A). “A” is the nonspeech activity factor in percent.

active spectrum: Spectrum of a signal with pauses and/or silences removed. The active spectrum
(decibels) is equivalent to the spectrum of the original signal plus 10 x log(100/A). “A” is the nonspeech
activity factor in percent.

active speech level (ASL): Speech level measured according to Method B of
ITU-T Recommendation P.56, which accounts for pauses or silences. The method involves the use of
smoothing, hangover time, and thresholds. ASL (decibels) is equivalent to the level of the entire signal,
including pauses and/or silences, plus 10 x log(100/A). “A” is the speech activity factor in percent.

active speech spectrum: Speech spectrum that accounts for pauses or silences. The active speech spectrum
(dB) is equivalent to the spectrum of the entire signal, including pauses and/or silences, plus

10 x1og(100/A). “A” is the speech activity factor in percent.

activity factor (nonspeech): Percentage of time during which a nonspeech signal is present, excluding
pauses or silence.

activity factor (speech): Percentage of time during which speech is present, as measured according to
Method B of ITU-T Recommendation P.56.

analog subsystem: A device that connects to a two-way voice communication terminal in analog format,
regardless of internal architecture. Analog handsets and headsets are examples.

NOTE—See Figure 1.

1 JEEE Standards Dictionary Online is available at: http:/dictionary.ieee.org. An IEEE Account is required for access to the
dictionary, and one can be created at no charge on the dictionary sign-in page.
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Figure 1—Analog subsystem
analog terminal: A device that connects to the network in analog format, regardless of internal
architecture, which provides two-way voice communication. Wired and cordless analog telephone sets are

examples.

NOTE—See Figure 2 and Figure 3.
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Figure 3—Analog cordless terminal

attenuation range (an): The difference in level in decibels between maximum inserted switched loss and
the full removal of that switched loss. If the send to receive is not the same as receive to send, then the
larger of the two is the attenuation range.

attribute: An aspect or feature regarded as a characteristic or an inherent part of perceived quality, such as
loudness.

automatic gain control (AGC): A circuit or algorithm that varies gain as a function of the input signal
amplitude.

automatic level control: A circuit or algorithm that attempts to hold the output level of the device constant
regardless of changes to the input level.

binaural: Listening with two ears.

build-up time (Tr): Time from the input signal going above the threshold level until the time at which the
output level reaches 3 dB below the complete removal of the insertion loss. Also known as “attack” or
“rise” time.

Cso: In room acoustics, the ratio of energy before and after 50 ms, expressed as a difference in decibels.
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codec: A combination of an analog-to-digital encoder and a digital-to-analog decoder operating in opposite
directions of transmission within the same equipment.

conditioning: The application of a signal prior to the measurement to place the device in an active and
stable state. Speech is typically used as a conditioning signal.

constant percentage bandwidth (CPB) analysis: A measurement in fractional octaves, typically
implemented as a digital filter bank, without time gaps, suitable for computing the spectrum of stationary or
nonstationary signals. Fulfills ANSI S1.11/IEC 61260-1 and ANSI S1.4/IEC 61672-1. Sometimes called
“real time analysis.”

NOTE—See Annex A for additional information.

convergence time (Tc): The time required for echo to reach within 3 dB of maximum echo return loss, or
25 dB loss, whichever occurs first.

conversational gain: The difference in level between a face-to-face conversation at 1 m and a conversation
using a communication device.

crest factor: Absolute peak amplitude divided by root-mean-square amplitude, expressed as a ratio or in
decibels.

critical distance: In a room, the distance from the source at which the level of the direct sound is equal to
the level of the diffuse sound.

dBA: Sound pressure level in decibels, relative to 20 micropascals, A-weighted. The proper term is
dBSPL(A).

NOTE—To match common usage, we use dBA herein. You may see dB(A) in other documents.

dBFS: Decibels relative to full-scale digital saturation. 0dBFS is the level of a square-wave signal whose
amplitude is at the maximum digital value.

NOTE—See H.4.3.

dBm: Power level in decibels, relative to a power of | mW (milliwatt).

dBm0: Power level in dBm, relative to a reference point called the “zero transmission level point” or
“0 TLP.” A signal level of X dBm at the 0 TLP is designated X dBm0. In a codec, the 0 TLP is specified in
relationship to the full-scale digital level or saturation. However, digital saturation is generally not 0 dBm0.
For p-law codecs, 0 dBmO is 3.17 dB below digital full scale. For A-law codecs, 0 dBm0 is 3.14 dB below
digital full scale. For the L16-256 wideband codec (IETF RFC 3551), 0 dBmO is 3.17 dB below digital full
scale. See: zero transmission level point (0 TLP).

dBm(A): Power level in decibels, relative to a power of 1 mW (milliwatt), A-weighted. See: A-weighted.

dBmp: Power level in decibels, relative to a power of 1 mW (milliwatt), measured with psophometric
weighting defined in ITU-T Recommendation O.41.

dBPa: Sound pressure level in decibels, relative to a sound pressure of 1 Pa (pascal).
dBSPL: Sound pressure level in decibels, relative to a sound pressure of 20 micropascals.

dBV: Voltage level in decibels, relative to 1 V AC root mean square.
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dBV(A): Voltage level in decibels, relative to 1 V root mean square, measured with A-weighting.
See: A-weighted.

dBV(p): Voltage level in decibels, relative to 1 V root mean square, measured with psophometric
weighting defined in ITU-T Recommendation O.41.

delay: The time interval between the application or detection of a signal at one point and the detection of
the same signal at another point. Sometimes called “latency.”

derived recommended test position (DRTP): A test position that reflects intended use, derived from the
user’s guide.

diffuse field (DF): Sound field in which the time average of the mean-square sound pressure is the same
everywhere and the flow of acoustic energy in all directions is equally probable.

digital subsystem: A device that connects to a two-way voice communication terminal in digital format,
regardless of transmission medium or internal architecture. Universal serial bus (USB) or Bluetooth®

headsets and Wi-Fi® wearables are examples.

NOTE—See Figure 4 through Figure 6.
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Figure 6—Wi-Fi subsystem

digital terminal: A device that connects to the network in digital format, regardless of transmission
medium or internal architecture, which provides two-way voice communication. Voice over Internet
Protocol (VoIP) or mobile phones, and Wi-Fi® communication devices are examples.

NOTE—See Figure 7 through Figure 9.
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distractor: A sound coming from a specific direction that could disturb the intended speech transmission.
Examples are a nearby talker or a localized transient noise.

double-talk (DT): Two talkers speaking simultaneously in opposite transmission directions.

drum reference point (DRP): A point located at the end of the ear canal, corresponding to the eardrum
position.

ear cap reference point (ECRP): The intersection of the external ear-cap reference plane with a normal
axis through the effective acoustic center of the sound outlet ports. Generally, the acoustic center of the
sound outlet ports is at the center of their distribution.

ear drum reference point: See: drum reference point (DRP).

ear reference point (ERP): A virtual point for acoustic and geometric reference located outside the
entrance to the ear canal. The exact location is specified for each type of ear simulator.

ear simulator: Device for measuring the output sound pressure of an earphone under well-defined loading
conditions in a specified frequency range. It usually consists of a principal cavity, acoustic load networks,
and a calibrated microphone. The location of the microphone is chosen so that the sound pressure at the
microphone corresponds approximately to the sound pressure existing at the human eardrum.

early decay time (EDT): Reverberation time based on the first 10 dB of sound decay in a room.
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echo path delay (EPD): The total delay of the echo path from the receive electrical test point to the send
electrical test point, excluding any delay in the test equipment.

echo path response: The output at the send electrical test point due to an input at the receive electrical test
point. It is a measure of acoustic, vibration, and electrical coupling from the receive circuit to the send
circuit.

end-to-end: Speech transmission path from the mouth of the near-end talker to the ear of the far-end
listener. Also called “end-to-end signal path.”

feed circuit: An electrical circuit for supplying dc power to a terminal and an ac path between the terminal
and a terminating circuit.

four-wire transmission: A transmission method, circuit, or system that provides separate paths (one pair
each) for signals in the send and receive directions.

free field (FF): A sound field free of reflections. Specifically, a sound field in a homogenous, isotropic
medium free from boundaries. In practice, the effects of boundaries on a free field are negligible over the
region of interest.

frequency response: Electrical, acoustic, or electroacoustic sensitivity (output/input), or gain, as a function
of frequency.

fullband (FB): Bandwidth consistent with 44.1 kHz or 48 kHz sampling rate, typically 20 Hz to
20 000 Hz. Usually refers to a device or transmission channel.

head and torso simulator (HATS) for telephonometry: A manikin incorporating a mouth simulator and
ear simulator(s), extending downward from the top of the head to the waist, designed to simulate the sound
pick-up characteristics and acoustic diffraction produced by a median human adult and to reproduce the
acoustic field generated by the human mouth.

NOTE—See ITU-T Recommendation P.58.

howling: Audible squealing sound in a terminal, handset, or headset. Acoustic feedback, or oscillation,
typically caused by too much acoustic coupling between the receiver and the microphone.

ideal codec: A codec that has theoretically optimum characteristics.

impairment: A signal or condition that may be introduced into the test environment or network that could
disturb the intended speech transmission. Examples are acoustical noise, electrical noise, distractors, wind,
and analog and digital network conditions.

latency: See: delay.

listener reference point (LRP): A generic term representing drum reference point (DRP), ear reference
point (ERP), free field (FF), difuse field (DF), natural field (NF), or any other specified point or sound
field. It applies to receive, sidetone, and end-to-end speech transmission paths.

listener sidetone: The signal present at the receiver of the device under test due to sound in the local
environment where the device is used.

jitter: The time variation of a clock signal from nominal. It can cause unstable delay.

loudness rating guard-ring position (LRGP): The test position a handset assumes when it is placed on an
artificial test head as described in Annex A to ITU-T Recommendation P.76.
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loudspeaker: An electroacoustic transducer that converts an electrical signal to sound and delivers it to the
ear from a distance of several centimeters or greater.

method: A formal, well-documented approach for accomplishing a task.

metric: A quantitative measure of the degree to which a system, component, or process possesses a given
attribute, such as signal-to-noise ratio.

microphone: An electroacoustic transducer that converts sound to an electrical signal.

mouth reference point (MRP): A point on the axis of the mouth simulator, 25 mm in front of the center of
the external lip plane.

mouth simulator: A device consisting of a loudspeaker mounted in an enclosure and having a directivity
and radiation pattern similar to those of the average human mouth.

narrowband (NB): Bandwidth consistent with 8 kHz sampling rate, typically 100 Hz to 3400 Hz or
300 Hz to 3400 Hz. Usually refers to a device or transmission channel.

natural field (NF): Sound field consisting of both free field and diffuse field components, such as found in
a typical room.

noise discriminator/noise guard/noise monitor: A circuit or algorithm intended to discriminate between
speech and noise. It can affect switching, transmission, and/or noise performance.

pinna: The flexible part of the outer ear at the side of the head.
receive: Speech transmission path from the network to the ear of the terminal user.

receive electrical test point (RETP): The point in reference codec, wireless reference base station, or a
battery feed circuit at which signals are applied to the terminal in the receive direction. For further
discussions on wireless interfaces, see appropriate wireless standards.

receiver: An electroacoustic transducer that converts an electrical signal to sound and delivers it directly to
the ear, sealed or unsealed.

reference codec: A codec that approaches the performance of an ideal codec and has superior, well-
defined characteristics used for testing digital terminals.

reference receive volume control setting: The setting of one or more receive volume controls of a
terminal or subsystem that results in 6 dB of conversational gain, at nominal input level.

reference send level control setting: The setting of one or more send level controls of a terminal or
subsystem that results in a nominal output level, at nominal input level.

send: Speech transmission path from the mouth of the terminal user to the network.

send electrical test point (SETP): The point in a reference codec, wireless reference base station, or
battery feed circuit at which signals coming from the terminal in the send direction are accessed. For
further discussions on wireless interfaces, see appropriate wireless standards.

sidetone: Speech transmission path from the microphone to the receiver of the handset or headset.
See also: listener sidetone and talker sidetone.
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single frequency interference (SFI): An audible impairment that can be perceived as a tone relative to the
overall noise level.

single-talk (ST): One talker speaking while the opposite transmission direction is silent.

sound pressure level: The level, in decibels, of a sound is 20 times the logarithm to the base 10 of the ratio
of the pressure of the sound to the reference pressure.

NOTE 1—For this standard, the reference pressure is normally 1 pascal (Pa), and sound pressure levels are expressed
in decibels re 1 Pa (dBPa). When a reference pressure of 20 pPa is used, the sound pressure level will be expressed as
dBSPL. Unless otherwise indicated, root-mean-square values of pressure are used. Most telephony acoustic
measurements are referenced to 1 Pa (1 newton per square meter). However, measurements such as receive noise and
room noise are generally referenced to 20 pPa.

NOTE 2—0 dB Pa = 94 dBSPL, 0 dBSPL = 20 uPa, 1 Pa = 1 N/m?. A-weighted sound pressure level in decibels
(dBSPL, A-weighted) is often abbreviated as dBA. (See ANSI S1.4-1983.)

speakerphone: A device for connection directly or indirectly to an analog or digital telephone network
capable of two-way voice communication without close coupling to the user’s mouth or ear. A loudspeaker
is used as a terminal receiver. The microphone(s) may be embedded or external.

spectrum: A distribution of amplitude (or phase, or some other quantity) as a function of frequency. It is
often expressed in bands. Bands may be of constant percentage width, such as 1/3 or 1/12 octave bands
(~23% and ~6% of the center frequency, respectively). Bands may also be of fixed width, regardless of
center frequency (e.g., 50 Hz). Instead of bands, a spectrum may also be expressed as spectrum density,
which is equivalent to 1 Hz bands.

superwideband (SWB): Bandwidth consistent with 32 kHz sampling rate, typically 50 Hz to
14 000 Hz. Usually refers to a device or transmission channel.

switching time (Ts): Time taken to switch from one transmission direction to the other in alternating single
talk conversation.

talker sidetone: The direction of speech transmission from mouth to ear of the terminal user.

telephone: A device that, when connected to a telephone network, allows two-way voice communication.
terminal coupling loss (TCL): The loss in the echo path from the receive electrical test point to the send
electrical test point. It can be weighted in time, frequency, or both. Terminal coupling loss is also known as

“echo return loss” (ERL).

test head: A fixture containing a mouth simulator and an ear simulator located in a specified relationship
with each other. See: loudness rating guard-ring position.

threshold level (Ltn): The minimum signal level necessary for removing insertion loss.

two-wire transmission: A transmission method, circuit, or system that provides common paths (one pair)
for signals in the send and receive directions.

weighted terminal coupling loss (TCLw): Long-term, time-averaged terminal coupling loss, weighted in
the frequency domain per ITU-T Recommendations G.122 and G.167.

wideband (WB): Bandwidth consistent with 16 kHz sampling rate, typically 100 Hz to 6800 Hz. Usually
refers to a device or transmission channel.
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Wi-Fi®: A wireless local area network (LAN) as defined in IEEE Std 802.11®. It allows computers,
smartphones, or other devices to connect to the Internet or communicate with one another wirelessly within

a particular area.

zero transmission level point (0 TLP): An arbitrarily established point relative to which transmission
levels at all other points are specified.

3.2 Acronyms and abbreviations

AGC
ANTHD
ASL
CPB
DF
DFTP
DRP
DRTP
DSP
DUT
ECRP
EPD
ERP
ERUP
FF
FFT
HATS
LAN
LRGP
LRP
MECRP
MLS
MOS
MRP
PCM
PN
RETP
rms
RTP
RWP
SETP
SDNR
SFI
S/N
SNR
STP
TDS
THD
USB
VoIP
WB

automatic gain control

amplitude normalized total harmonic distortion
active speech level

constant percentage bandwidth
diffuse field

diffuse field test point

drum reference point

derived recommended test position
digital signal processor

device under test

ear cap reference point

echo path delay

ear reference point

estimated real use position

free field

fast Fourier transform

head and torso simulator

local area network

loudness rating guard-ring position
listener reference point
manufacturer-defined earcap reference point
maximum length sequence

mean opinion score

mouth reference point

pulse-code modulation

pulsed noise

receive electrical test point

root mean square

recommended test position
recommended wearing position
send electrical test point
signal-to-distortion-and-noise ratio
single frequency interference
signal/noise

signal-to-noise ratio

standard test position

time delay spectrometry

total harmonic distortion

universal serial bus

Voice over Internet Protocol
wideband
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4. Symbols

4.1 Letter symbols

The letter “G” is used for spectra. This corresponds to common usage, especially in two-channel FFT
analysis literature. The analysis bandwidth shall be specified as follows:

GLRP09

Gure(f)

Grere(f)

Gsere(f)

rms spectrum at listener reference point,
in pascals, or in dBPa or dBSPL

rms spectrum at mouth reference point,
in pascals, or in dBPa or dBSPL

rms spectrum at receive electrical test point,
in volts, digital full scale, or in dBV, dBm0, or dBFS

rms spectrum at send electrical test point,
in volts, digital full scale, or in dBV, dBm0, or dBFS

The letter “H” is used for frequency response:

H()
H'(f)
He(f)
His(f)
Here(f)
Hr()
Hs(f)
Hrs(f)

frequency response, in dB

response at the new preferred ISO R10 frequency

echo frequency response, in dBV/V or dBFS/FS

listener sidetone frequency response, in dBPa/Pa or dBSPL/SPL
end-to-end frequency response, in dBPa/Pa or dBSPL/SPL
receive frequency response, in dBPa/V or dBSPL/FS

send frequency response, in dBV/Pa or dB FS/SPL

talker sidetone frequency response, in dB Pa/Pa or dBSPL/SPL

The letter “L” is used for rms levels, with the bandwidth to be specified:

Lgp
Lepmax
Lso

Lgr
Lipe
Lirp
Lyip
Lyrp
Lrerp
Lroom
Lsgrp

Other letter symbols:

Ags
Ta
Tes
TCLw
ALgp

echo burst level, in dBV or dBFS

maximum echo burst level, in dBV or dBFS

level equivalent to the total sound energy in a defined time period,
in dBSPL or dBV

total echo level, in dBV or dBFS

log power echo level, in dBV or dBFS

level at listener reference point, in dBPa or dBSPL

level of stimulus to be determined for analog subsystem tests
level at mouth reference point, in dBPa or dBSPL

level at receive electrical test point, in dBV, dBm0, or dBFS

level of background noise in measurement environment, in dBSPL
level at send electrical test point, in dBV, dBm0, or dBFS

echo burst activity factor, in percentage
averaging time, in seconds

echo burst time, in seconds

frequency weighted terminal coupling loss, in dB
echo burst level difference, in dB
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4.2 Drawing symbols

The symbols presented in Figure 10 are used throughout the standard.

— analog signal path
I:> digital signal path
ooo E> IP (packetized) signal path

cable or RF link with 2 or more paths

receiver

microphone

W antenna
@ signal generator
analyzer

Figure 10—Drawing symbols

5. Test equipment, fixtures, and environment

The test equipment, fixtures, and environment generally required to test all the devices covered by this
standard are covered in this clause. The specific test equipment required to produce test signals and analyze
the resulting output is determined by the test signal and analysis method chosen. The test fixtures are
selected based on the type of device under test (i.e., handsets and headsets). The test environment is
determined by the type of measurement to be performed.

Calibration minimizes the effects of bias errors in the measurement. All equipment should be calibrated in
accordance with the recommendations of the manufacturer before performing the system calibration
procedures in Clause 8.

Sources of random error in the measurement will remain. These will affect the overall measurement
uncertainty. See Annex B.

5.1 Measurement microphones

The sizes and types of measurement microphones are specified in the clauses where their use is required.
All microphones used to implement this standard shall comply with the relevant specifications in
IEC 61094-4.
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5.2 Ear simulators

The fundamental purpose of ear simulators is to test a receiver under conditions that most closely
approximate actual use by real persons. Either the Type 3.3 ear simulator (5.2.1) or a fullband ear simulator
(5.2.2) shall be used for all measurements and devices, unless the applicable performance specification
requires or allows an alternative. A fullband ear simulator is not the same as the Type 3.3, so the
measurement results may not be the same.

Both the Type 3.3 and fullband ear simulators have a soft pinna that deforms when the receiver is pressed
against it. There will be some acoustic leakage since the ear simulator is almost never completely blocked.
Changes in force or position of the receiver against the ear simulator will cause the acoustic leak to vary.
Changes in the leak will generally introduce variations in the frequency response, especially at the lower
frequency range of the receiver, just as it does on a human ear. The relationship between position and force
will vary depending on the shape of the receiver. Note that the correlation between measurements on ear
simulators and on real ears is dependent on the device under test.

Translations from DRP to LRP should be provided by the manufacturer, and these should be used if
available. Otherwise, the translations in 13.1 should be used.

The type of ear simulator used shall be stated.

Modifications to the ear simulator shall not be made.

5.2.1 Type 3.3 ear simulator
The Type 3.3 ear simulator shall comply with the specifications given in ITU-T Recommendation P.57.

The Type 3.3 ear simulator comprises a Type 2 simulator with an anatomical pinna. It simulates the
characteristics of the median human ear. It is intended to give results comparable to the typical listening
experience for a wide variety of devices.

The Type 3.3 ear simulator is recommended for narrowband and wideband applications. It may also be
used for superwideband and fullband applications.

5.2.2 Fullband ear simulator

NOTE—As of this publication, there is no comprehensive standard for a fullband ear simulator. Standardization work
by ITU-T in this area is ongoing. In the absence of an applicable standard, this subclause is provisional.

A fullband ear simulator includes an anatomical pinna. It simulates the characteristics of the human ear
across the entire range of hearing. It should yield results comparable to the typical listening experience for
a wide variety of devices from 20 Hz to 20 kHz.

A fullband ear simulator is recommended for all applications from 20 Hz to 20 kHz. It is preferred for
superwideband and fullband devices.

If a fullband ear simulator is used for any tests, the manufacturer and model shall be stated.
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5.2.3 Alternative ear simulators

If any other alternative ear simulator is used, the requirements of Annex C shall be met. Once the choice of
ear simulator is made, it shall be used for all measurements on a particular device. The choice of ear
simulator and positioning method shall be clearly stated in all test reports.

5.3 Mouth simulators

The purpose of mouth simulators is to test terminals and subsystems with microphones under conditions
that most closely approximate typical use by real persons. The mouth simulator is generally installed in a
HATS. It shall comply with the specifications given in ITU-T Recommendation P.58, unless the applicable
performance specification requires or allows an alternative. See Annex C for more information about
alternative mouth simulators.

ITU-T Recommendation P.58 defines the sound field in front of the lip plane of the mouth simulator but
not behind it. However, formal studies (“Behind the Lip Plane Sound Field Study” [B4]'7) have shown that
at least one implementation of the mouth has a sound field distribution that closely approximates the sound
field behind the lip plane of a real human head. The investigated region extends from behind the lip plane
to the ear simulator and is equal to or greater than 5 mm above the surface of the HATS cheek. Therefore,
HATS is suitable for testing terminals and subsystems with microphones that are positioned in front of the
lip plane, as well as between the lip plane and the ear.

5.4 Test fixture

The purpose of the test fixture is to position a terminal or subsystem so that it may be tested under
conditions that closely approximate typical use by real persons.

The preferred test fixture is a HATS that complies with ITU-T Recommendation P.58 and
ITU-T Recommendation P.64, Annex E, unless the applicable performance specification requires or allows
an alternative. The HATS configuration, neck position (if adjustable), the use of absorptive clothing, and
any other relevant parameters shall be reported.

For information about an alternative test fixture, and the ear simulators and mouth simulator with which it
can be used, see Annex C.

5.5 Test room

Unless otherwise specified, all measurements shall be performed in a free field (reflection free) room. (This
requirement may be relaxed if it is shown that the accuracy of the measurement is not impaired or the
behavior of the device under test is not changed.) In addition, a mixed field room is required for
measurements in which loudspeakers are used to introduce noises as impairments. All test rooms shall have
a low background noise level. The device under test shall be isolated from reflections and mechanical
disturbances that could cause significant error. Minimize reflections caused by the test fixture.

17 The numbers in brackets correspond to those of the bibliography in Annex Q.
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5.5.1 Test room noise level

The background noise requirements in this clause apply to any test room. (These requirements may be
relaxed if it is shown that the accuracy of the measurement is not impaired or the behavior of the device
under test is not changed.)

The background noise level in the test room shall not exceed 29 dB, A-weighted.

Background noise shall be measured from 20 Hz to 20 kHz. A microphone with a noise floor not exceeding
20 dB, A-weighted, is sufficient to show that the room noise is 29 dB or less. However, to measure levels
with an error less than 0.5 dB, the microphone shall have a noise floor at least 10 dB less than the level to
be measured.

It is also advisable to measure the room noise spectrum in 1/12th octave or finer resolution to identify
strong single frequency noises, such as those from fans or other equipment. It may be possible to minimize
some of this noise by switching off equipment.

If impairment noises are to be introduced as part of any test, the following requirements also apply:

a)  The unweighted room noise level should be at least 10 dB less than the unweighted level of any
introduced noises.

b) The room noise level in any 1/3rd octave band included in the test should be at least 10 dB less
than the noise level in the same 1/3rd octave band of any introduced noises.

5.5.2 Free field test room

The free field test room shall be sufficiently free of reflections. There shall be no large objects within 1 m
of the device under test. Deviation from free field characteristics due to the influence of reflections,
including reflections from tripods or other hardware used for positioning, shall not exceed £1.5 dB below
800 Hz. Errors above 800 Hz shall not exceed +1.0 dB.

5.5.3 Mixed field test room

A mixed field test room uses several loudspeakers to introduce calibrated sounds arriving at the test point
from many directions.

The test point is called the DFTP. The DFTP should be near, but not exactly at, the geometric center of the
room. There should be no obstacles, including the loudspeakers, within 0.5 m of the DFTP.

A room that has both reflecting and absorbing surfaces is preferred. Some diffusing surfaces may also be
used. At least eight speakers and uncorrelated sources, and possibly a subwoofer, are usually required to
meet the acoustical specifications listed here.

The bandwidth of the test signals played from the loudspeakers should include at least the 1/3rd octave
bands from 100 Hz to 10 000 Hz, or the bandwidth of the device under test, whichever is greater.

An anechoic room may be used as an alternative, but the results will be different.

NOTE—Every loudspeaker installed in an anechoic room also adds reflections, so these should be minimized and
taken into account for all measurements to be performed in the room.
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Regardless of the type of room, loudspeaker configuration, or signal processing used, the requirements for
spectrum uniformity, directionality, and clarity shall be fulfilled (5.5.3.2 to 5.5.3.4). Documentation of the
test room should include both a physical description and the measured acoustic parameters.

5.5.3.1 Loudspeaker considerations
The minimum distance from speaker to test point should be 1 m.

Loudspeaker equalization is generally needed to fulfil the requirements stated in this subclause. The
recommended procedure is to equalize each speaker separately and then apply any necessary small
correction when all speakers are active. Equalization in 1/12th octaves is recommended. (Equalization in
smaller bandwidths usually introduces audible artifacts.) Although the requirements are based on 1/3rd
octave measurements, 1/12th octave equalization generally results in better combination when all speakers
are active.

Coaxial loudspeakers are preferred. The equalized loudspeakers should be able to produce the required
bandwidth and level, for the spectrum of any signal to be used, without significant distortion. Equalization
can add 10 dB or more to the signal at some frequencies, so the output level capability of the speakers
should take that into account.

When loudspeakers are placed near room boundaries, strong reflections can be created. They can be
difficult to equalize at the DFTP and impossible to equalize for many points simultaneously. One solution
is to use loudspeakers that fit snugly against the room boundaries.

Uncorrelated signals are needed. When the signal is any type of stationary random noise, such as pink
noise, independent noise generators can produce any number of completely uncorrelated signals.
Uncorrelated signals can also be implemented by using several independent noise recordings. An example
is babble noise, composed of several independent speech signals.

When the signal is nonstationary noise, such as many real recorded sounds, small but different delays can
be inserted into each signal path. The individual delays may be adjusted as needed for the best results, but
no delay should exceed 50 ms. The delays have the effect of partly decorrelating the signals at the expense
of introducing some audible artifacts. There may also be smearing of the temporal features of the signal
that reduce clarity.

Any other method of decorrelating signals may also be used, provided minimal audible artifacts are
introduced and the requirements below are met.

5.5.3.2 Test for spectrum uniformity

Spectrum uniformity shall be measured using a 6.25 mm (1/4 in) pressure microphone pointed at the
ceiling. The individual factory-calibrated frequency response of the microphone, if available, shall be
accounted for. The tests shall be performed at the DFTP, with no HATS or other unnecessary objects
present. The multiple loudspeaker configuration(s) to be used for testing shall be used as the sound source.
All equalization and signal processing shall be active.

The spectrum at the DFTP shall meet its target within +0.5 dB in each 1/3rd octave band for all relevant
spectra and levels. Equalization may be used to meet this requirement. The spectrum at DFTP, Gprrp (),
shall be measured at 6 additional points £ 15 cm from DFTP on each of three mutually perpendicular axes
passing through the DFTP. The spectrum at these 6 points shall not vary from Gprrp (f) by more than
+3 dB in each 1/3rd octave band.
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5.5.3.3 Test for directionality

Directionality of sounds arriving at the DFTP shall be measured in 1/3rd octave bands with a cardioid
microphone that has a free field rejection of at least 10 dB front to back in each relevant frequency band
from 250 Hz to 10 kHz. Neither super-cardioid nor hyper-cardioid microphones shall be used. A
microphone with a diaphragm diameter of 18.75 mm (3/4 in) or less is recommended since this size
generally has more uniform directional characteristics across a wide frequency range.

The sound field shall be considered to approximate random incidence (no directionality) if the variation is
within the tolerances in Table 2. The tests are performed at the DFTP, with no HATS or other objects
present. The multiple loudspeaker configuration(s) to be used for testing shall be used as the sound source.
All equalization and signal processing shall be active.

The microphone is rotated about the DFTP through 360° in each of three perpendicular planes.

Measurements shall be made in 15° increments or less. Since microphone rejection may not be the same in
all bands, the tolerance for each band shall be determined by the microphone rejection in each band.

Table 2—Variation from random incidence allowable versus microphone rejection

Microphone rejection

Allowable variation

at least over 360°
25 dB or greater 6 dB
20dB 5dB
15dB 4 dB
10 dB 3dB

Less than 10 dB

Microphone not suitable

5.5.3.4 Test for clarity

The clarity (either Cso or Cgg) shall be measured in octave bands using a 6.25 mm (1/4 in) pressure
microphone pointed at the ceiling. The individual factory-calibrated frequency response of the microphone,
if available, shall be taken into account. The tests are performed at the DFTP, with no HATS or other
objects present. The multiple loudspeaker configuration(s) to be used for testing shall be used as the sound
source. All equalization and signal processing shall be active.

Note that in most room acoustics standards, clarity is defined based on a measurement using one
omnidirectional sound source because the room is the object under test. In a mixed field room used for
testing with multiple loudspeakers, the object under test is the sound field generated by all the loudspeakers
in the room. This is a different situation because the number of loudspeakers and their directivity strongly
influence clarity.

NOTE—Reverberation time is sometimes used to specify mixed field rooms. The reverberation time may be of interest,
but it only applies to the room itself. Clarity is more relevant because it accounts for the room, the loudspeakers, and
the signal processing.

Clarity is defined by Equation (1):

jpz(t)dt

C =10xlog| ¥—— )

where

is the sound pressure as a function of time (pressure impulse response)

P
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ts is 50 ms for Csp and 80 ms for Cgo. It is the time separating the direct sounds and early
reflections from the reverberant sound, sometimes called “split time.”

The average of Csy or Cgo over the 500 Hz, 1000 Hz, and 2000 Hz octave bands shall be greater than zero.

5.5.4 Test configurations defined in other standards

ITU-T Recommendation P.570 covers several other standard methods for creating sound fields in
laboratory conditions. It also includes general suggestions about adapting the methods to particular
applications as well as references to databases containing recorded background noise signals.

NOTE—As an international standard, ITU-T Recommendation P.570 is suggested as a successor to
ETSI ES 202 396-1 and ETSI TS 103 224 [B6], which cover some of the same topics.

5.5.5 Reference corner

The reference corner is one specialized physical setup used for echo, howling, and stability tests. The
reference corner consists of three perpendicular plane, smooth, hard surfaces 0.5 m square, as shown in
Figure 11. A handset shall be placed along the diagonal from the apex of the reference corner to the outside
corner, with the earcap end of the handset 250 mm from the apex. A headset is placed on the surface as if it
was put down briefly by a user, with the receiver 250 mm from the apex.

500 mm

Figure 11—Reference corner for echo, howling, and stability tests
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6. Codecs, interfaces, and test circuits

A terminal connects to a network and provides two-way voice communication. VoIP telephones and analog
telephones are examples. A subsystem connects to a terminal. Analog headsets and USB headsets are
examples. Subclause 6.1 through 6.7 define the means for interfacing both terminals and subsystems.

Digital terminals and subsystems require interfaces for applying and measuring test signals as well as for
communication protocols. Digital interfaces shall incorporate a hardware or virtual reference codec.

Analog terminals require feed circuits, loop simulators, and defined termination for applying and measuring
test signals. Analog subsystems use test circuits for biasing the device and testing.

Details of codecs, interfaces, and test circuits shall be stated with the measurement results.

6.1 Reference codecs

Reference codecs are used for testing digital terminals and subsystems.

6.1.1 Narrowband codecs

ITU-T Recommendation G.711 is generally the specified reference codec for testing the narrowband mode.
This standard defines p-law for encoding voice frequency signals in North America, as well as A-law for
use in many other countries. For other coding schemes, an appropriate codec should be used, and tests
performed over the corresponding bandwidth.

In addition, narrowband reference codec characteristics, such as attenuation versus frequency distortion and
idle channel noise should meet or exceed characteristics specified in ITU-T Recommendation G.712. The
quantizing distortion should approach the theoretical limits specified in Annex A of
ITU-T Recommendation O.133.

6.1.2 Wideband codecs

Several wideband codecs are being used, including ITU-T Recommendation G.722, and low bit rate
vocoders, such as ITU-T Recommendations G.722.1, G.723.1, and G.729. However, the L16-256 codec is
generally the specified reference codec for testing the wideband mode. It is 16-bit, 16 kHz linear PCM
coding, resulting in 256 kbit/s. For other coding schemes, an appropriate codec should be used, and tests
should be performed over the corresponding bandwidth.

6.1.3 Other reference codecs

The test methods in this standard are also applicable to digital devices using codecs other than the reference
codecs specified in 6.1.2. If a different codec is used, the means to interface to and from this codec should
be provided by the device manufacturer or relevant standard. Furthermore, the 0 dBmO level relative to full
scale shall be defined. (Example: For a ITU-T G.722 codec, 0 dBmO is defined as 9 dB below full scale.
However, in practice, it is often implemented as 3.17 dBmO below full scale. See
ITU-T Recommendation G.100.1.) If the 0dBmO level is not provided, then 3.17 dB below full scale may
be assumed. In most computer-based applications for speech communication, use 3.17 dB below full scale.

The 0 dBmO level has a significant effect on measurements. The level being used relative to digital full
scale shall be stated.
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6.1.4 Conversion relationships

For most codecs —20 dBm0 = —-26.17 dBFS. For ITU-T Recommendation G.722 and a few others, that
relationship is different. Throughout this standard, the —20 dBm0 = —26.17 dBFS relationship is assumed.
Please see the relevant codec specification. For a hardware implementation of a digital-to-analog (d/a)
converter, a digital test sequence (DTS) representing the PCM equivalent of an analog sinusoidal signal
whose rms value is 3.17 dB below the maximum full load capacity of the codec shall generate 0 dBm in a
600 Q load. This conversion is used in ITU-T Recommendation G.711 and L16-256.

For a hardware implementation of an analog-to-digital (a/d) converter, a 0 dBm signal from a 600 Q source
shall give the DTS representing the PCM equivalent of an analog sinusoidal signal whose rms value is
3.17 dB below the maximum full-load capacity of the codec. Here again, this conversion is used as in
ITU-T Recommendation G.711 and L16-256.

See H.4 for more details on conversions between analog and digital.

6.2 Interfaces to digital terminals

6.2.1 General

Digital interfaces include a codec and other hardware and software for connection and control. In effect, we
measure the terminal plus the codec. For example, if the stimulus is wideband, and the terminal is operating
in narrowband mode, the roll-off due to the codec will appear in the measurement.

The interfaces in this subclause apply to terminals of any bandwidth as long as an appropriate codec is
used. If the terminal supports multiple codecs, the terminal should be tested with each codec.

The digital terminal shall be connected to a test interface such as those shown in 6.2.2 through 6.2.4. Other
test interfaces may be used for specific applications. All signal processing (DSP) features in the interface,
such as echo cancellation, automatic gain control, noise reduction, equalization, or voice activity detection,
shall be disabled. (See “dsp OFF” in Figure 12 through Figure 16.)

6.2.2 Hardware interfaces

If analog test equipment is used, the digital terminal under test shall be connected to the reference codec
through an interface such as shown in Figure 12 and Figure 13. The interface shall provide all the signaling
and supervisory sequences necessary for the terminal to work in all test modes. The interface shall also be
capable of converting a digital stream to or from the terminal under test to a format compatible with the
reference codec.
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Figure 12—Hardware interface to VolP softphone in PC
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Figure 13—Hardware interface to VolP phone embedded in audio hardware

6.2.3 Virtual interfaces

An interface can be implemented completely in software, as shown in Figure 14. The measurements are
done entirely in the digital domain, since a reference codec is included in the softphone. Digital signals
shall be referenced to the analog equivalent as defined in 6.1.4.
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“cable”

softphone in pc

G interface
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Figure 14—Virtual interface to VolP softphone in PC

NOTE—A PC audio cable is software that allows a digital audio connection from one audio device to another.

6.2.4 Wireless interfaces

For wireless terminals, a radio link is also included, as shown in Figure 15 and Figure 16.
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Figure 15—Hardware interface to radio-frequency (RF) test instrument
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Figure 16—Virtual interface to Wi-Fi in PC

6.3 Interfaces to digital subsystems

6.3.1 General

The interfaces in this subclause apply to digital subsystems of any bandwidth as long as an appropriate
codec is used. If the subsystem supports multiple codecs, the subsystem should be tested with each codec.

The digital subsystem shall be connected to a test interface such as those shown in 6.3.2 and 6.3.3. Other
test interfaces may be used for specific applications.

All signal processing (DSP) features in the interface shall be disabled. (See “dsp OFF” in Figure 17 through
Figure 20.)

6.3.2 Universal serial bus interface

The digital subsystem under test shall be connected using a direct digital interface as shown in Figure 17.
The test software and PC interface shall provide all the signaling and supervisory sequences necessary for
the subsystem to work in all test modes. In this case, a reference codec is included in the PC audio system.
Digital signals shall be referenced to the analog equivalent as defined in 6.1.4.

test
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Figure 17—PC interface to USB subsystem
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6.3.3 Wireless interfaces

For wireless subsystems, a radio link replaces the direct connection. The interface can use components in
the PC, as shown in Figure 18 and Figure 19, or a standalone interface instrument, as shown in Figure 20.

test Wi-Fi
software pc interface
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@‘H_—> codec:> interface :=:>—
codec<: control ¢:| R
1
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Figure 18—PC interface to Wi-Fi subsystem
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Figure 19—PC dongle interface to Bluetooth (BT) subsystem
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Figure 20—Hardware interface to BT subsystem
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6.4 Digital impairments

The performance of a device can be influenced by transmission impairments of many kinds. There are
many commercial units available to induce specific impairments which the terminal might encounter.

All tests shall be conducted without impairments. Receive and send speech quality tests (12.11) should be
conducted with relevant impairments introduced and compared to results without impairments. It should be
determined experimentally which other tests should be repeated with any specific impairment introduced.
6.4.1 Network delay

Network delay is the amount of time that elapses between the time a packet is transmitted and the time it is
received. One-way network delays such as 50 ms, 150 ms, and 300 ms should be introduced.

6.4.2 Packet loss

Packet loss is simply the disappearance of a packet that was transmitted. Packet loss of at least 1% should
be introduced.

6.4.3 Jitter

Jitter is a variation in network or device delay. Jitter of at least 30 ms should be introduced
(IETF RFC 3550).

6.5 Test circuits for analog terminals

6.5.1 General

The analog terminal shall be connected to the test interface shown in Figure 21. The interface is made up of
a send-to-receive switch, source and load impedances, dc feed circuit, and loop simulator. These
components affect the performance of the analog terminal, so the values used should follow the relevant
performance specification or match the conditions expected in use.

Analog test instrument

1

| 1

1 1

1 1

I aend SOOIE DC feed loo ' to analog terminal

I vl o e N i e?t i simul:tor ‘_': undgr test
switch impedances Gl :

|

. \

| 1

e ol g i e R e s R e e e g B g My g 1

Figure 21—Hardware interface to analog terminal
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6.5.2 Source and load impedances

The source and load impedances shall comply with the relevant performance specification. Otherwise, use
900 Q for terminals connected to a central office network and 600 Q for terminals connected to a private
branch exchange (PBX) network.

6.5.3 DC feed circuits

A general-purpose dc feed circuit is shown in Figure 22. If available, parameters should be obtained from
the applicable performance specification. If not, the following values should be used:

— C2=100 pF.

— L >=5H (each).

— R =400 Q, including resistance of inductors.
— V=50V.

— A = ammeter used to measure current drawn by the terminal under test. Alternatively, the current
can be fixed by a current source, regardless of the R value.

In some cases, ground loops may occur when connecting test equipment to the interface hardware. The
insertion of a high-quality 1:1 audio transformer can usually prevent this. If a transformer is used, it shall
be included during calibration and when determining the loss of the feed circuit.

C
to o—| ” to
source & load c loop
impedances | ____, Ssimulator

ED L
"gn

;{||>—®—

Figure 22—DC feed circuit for two-wire analog terminal

The loss of the feed circuit used should be measured. The loss should not be greater than 0.1 dB over the
range of 100 Hz to 8500 Hz. The loss from 20 Hz to 100 Hz should not exceed 1 dB. The circuit of
Figure 22 using ideal components should just meet this specification.

The following procedure may be used to determine the loss of the feed circuit:

a) Connect a signal generator or similar equipment with a 900 Q source impedance directly to a
900 Q resistive termination, and measure the voltage across the termination.
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b) Insert the feed circuit between the generator and the 900 Q resistive termination, and again
measure the voltage across the termination.

c) The loss of the feed circuit in decibels is as follows in Equation (2).

Feed circuit loss = 20log Voltage across 900 Q resistor ©)

Voltage across feed bridge

This procedure should be followed for every value of direct current and frequency of interest. In practice, it
is usually sufficient to measure a few conditions covering the range of values likely to be encountered, and
if the effect of the feed circuit is small and constant for the measured conditions, assume the
characterization is sufficient.

The noise level of the feeding bridge should be low enough not to influence measurement results.

6.5.4 Loop simulator

An analog terminal should be tested with various lengths of cable or simulated cable. The test loop is
inserted between the dc feed circuit and the terminal under test. The component values shall comply with
the relevant performance specification. Otherwise, use the loop lengths for testing North American
terminals: 0 km, 2.7 km, and 4.6 km (0 kft, 9 kft, and 15 kft) of 26 AWG nonloaded cable. The
recommended loop simulator circuit is shown in Figure 23. Components for various lengths are shown in
Table 3.

For some measurements, particularly sidetone and howling, real cable may give results more representative
of actual performance compared to the loop simulator.

R1 L1
\/\/\/\ AN
C2 J—
M [
I\
R2
—~C1 =~ C4
R3 c3
M [
Y
\/\/\/\ YN
R4 L2
Figure 23—Loop simulator circuit
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Table 3—Component values for 26 AWG cable

Component 0.305 km (1 kft) 0.914 km (3 kft) 1.83 km (6 kft)
R1, R4 41.7Q 124 Q 249 Q
R2,R3 109 Q 174 Q 312Q
Cl,C4 3.77 nF 0.0113 pF 0.0226 puF
C2,C3 4.02 nF 0.0122 pF 0.0255 puF
L1,L2 96.0 utH 0.336 mH 0.983 mH
NOTE 1—All values are + 1 % tolerance.
NOTE 2—2.7 km (9 kft) and 4.6 km (15 kft) can be made up of cascaded sections above.

6.5.5 Parallel sets

The terminal should be tested with a parallel terminal set simulator with suitable dc and ac characteristics.
In general, measurements made with the parallel set simulator should be compared to the same
measurements made without the simulator. The minimum recommended measurements are send and
receive frequency response, output level, and distortion, each measured with standard loop lengths.

The parallel terminal set simulator circuit shall have the VI curve as shown in Figure 24, +0.3 V over the
current range of 0 mA to 100 mA. The return loss shall be greater than 10 dB with respect to 600 Q from
200 Hz to 4000 Hz. Component values may be adjusted to meet these tolerances. One possible

implementation of this is shown in Figure 25.

15 —
@
g 10 — (106.25, 10)
()
(@]
8
S (50, 7)
:%‘
e
o o
= (20, 4)
()
|—

0 | | | | l
0 20 40 60 80 100
Test Circuit Current (mA)
Figure 24—Parallel set test circuit VI curve
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Figure 25—Parallel terminal set simulator

Other circuit features are as follows:
—  Circuit is polarity sensitive.
—  Use IN4004, or similar, for diode strings.
— Ll maybe>1H.
— Resistor values shall be £1%.
— RI + L1 coil resistance should be 53 Q.

— The performance of this circuit is dependent on the characteristics of the diodes used and
temperature. The performance of the circuit shall be verified, and component values may need to be
adjusted to meet the requirements.

6.5.6 Cordless range

A cordless terminal should be tested across the range of expected usage. This should include the minimum
and maximum specified distance the terminal is expected to operate between the base unit and mobile unit.

6.6 Test circuits for analog subsystems

6.6.1 General

The analog handset or headset subsystem should be connected to the test circuit(s) described below. Other
test circuits may be used for specific applications. Measurement setup and conditions should be stated.

6.6.2 Microphone test circuits

The test circuits are terminated into a load greater than 100 kQ. This termination is the SETP for measuring
send output signals. This same termination is also the RETP for applying receive input signals. Other
terminating loads may be substituted as defined by applicable performance specifications.
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Figure 26 through Figure 28 show various microphones tested as part of analog subsystems or as
standalone components.

Electret microphone

Figure 26—Electret microphone test circuit

™ R (] Dynamic microphone

Figure 27—Dynamic microphone test circuit
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Figure 28—Carbon microphone test circuit
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In the microphone test circuits of Figure 26 through Figure 28, the values for voltage V, capacitance C,
resistances R1 and R2, inductance L, and diode D should simulate the range of operating parameters of the
headset or handset interface. These values are intended to provide support for both dc and ac
characteristics.

The effective load impedance provided by these test circuits shall be equal to the range of operating
impedances of the headset or handset interface. For electret microphones, the effective load impedance
Zi. = (R1 x R2) / (R1 + R2). This assumes C is large enough so that its impedance is small compared to R1
and R2 at the lowest frequency tested. In many cases, R2 is infinite, so the effective load impedance
Zi =RI.

6.6.3 Receiver test circuits

The effective source resistance R3 in the receiver test circuit of Figure 29 shall be equal to the specified
nominal impedance of the receiver under test. R3 should take into account both the output impedance of the
signal generator and any other added impedances. In case of a receiver system that needs to be powered, it
should be connected to its intended host or suitable simulation.
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Figure 29—Receiver test circuit

6.7 Analog impairments

Terminal performance can be influenced by various conditions in the network to which a terminal is
connected. Noise is the impairment of most interest.

6.7.1 Network noise

Network noise can affect nonlinear processes within an analog terminal. Receive and send frequency
response (12.2.2 and 12.2.3) should be measured with network noises introduced. Network noise shall be
approximated using pink noise with a bandwidth corresponding to the network (narrowband, wideband,
etc.), inserted at the RETP, at levels from —90 dBmO(A) to —50 dBmO(A).

7. Test signals

The test signals should verify that the terminal, handset, or headset subsystem is characterized in realistic,
stable, and well-defined states. They should verify that the unit remains stable during the measurement
period, yet provide a suitable signal for the specific measurement. This is especially the case for devices
with nonlinear processes such as compression or voice-activated switching (VOX) circuitry.

Unless otherwise stated, levels are specified as long-term rms averages during at least one complete period
of the active part of the signal.

7.1 Speech test signals

The real speech signals provided with this standard are recommended for general use. They are described in
Table 4 and are available in 269-2019 downloads.zip provided at the following URL:

https://standards.ieee.org/downloads

The signals extend up to and slightly beyond 20 kHz, so they are usable for test applications of any
bandwidth.

For some applications, the male and female signals have a crest factor that is too great to allow playback at
the “Loud” level (e.g., —10 dBm0) without clipping the device and/or the network. The compressed signals
can be used at the “Loud” level because they have a reduced crest factor. The compressed signals were
made by applying amplitude compression to the male and female wav files. The compressed signals
without pauses are a legacy from the 2010 publication and should not be used unless a performance
specification requires otherwise.

NOTE—The spectra of the compressed and uncompressed signals are not identical.

The spectrum of the acoustic or electrical test signal should match the spectrum of the speech in the
original file. When used as electrical test signals, no further equalization is usually required. When used
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with a mouth simulator to produce acoustic test signals, equalization is typically needed. Band limiting of
the test signal may be required by the measurement or performance standard.

The files are provided at a 48 kHz sampling rate, which should be used whenever practical. The 44.1 kHz
files may be used as an alternative.

Table 4—IEEE 269 speech test signals

File name Length Crest factor

) (dB)
IEEE 269 2019 Male mono 48kHz.wav 12.0 18.8
IEEE 269 2019 Male compressed mono 48kHz.wav 12.0 13.7
IEEE 269 2019 Male compressed no pauses mono 48kHz.wav 10.0 14.5
IEEE 269 2019 Female mono 48kHz.wav 10.0 19.3
IEEE 269 2019 Female compressed mono 48kHz.wav 10.0 13.9
IEEE 269 2019 Female compressed no_pauses_mono 48kHz.wav 8.5 13.8
IEEE 269 2019 Male mono 44.1kHz.wav 12.0 18.8
IEEE 269 2019 Male compressed mono 44.1kHz.wav 12.0 13.7
IEEE 269 2019 Male compressed no pauses mono 44.1kHz.wav 10.0 14.7
IEEE 269 2019 Female mono 44.1kHz.wav 10.0 19.4
IEEE 269 2019 Female compressed mono 44.1kHz.wav 10.0 13.9
IEEE 269 2019 Female compressed no pauses mono 44.1kHz.wav 8.5 13.7

7.1.1 IEEE 269 male speech

IEEE 269-2019 Male mono 48 kHz.wav is the recommended test signal unless specified otherwise in
the relevant measurement clause. This signal consists of four sentences spoken by four male talkers. Male
speech is chosen as the default because it covers most of the spectrum included in female speech, and as
much as one octave lower.

IEEE 269-2010 Male compressed mono 48 kHz.wav is a compressed version of this signal. It is
recommended for measurements at digital levels from —15 dBm0 to —10 dBmO or at analog levels above
—14 dBV, or at any other levels where clipping of the codec or any part of the test system is likely to occur.

The compressed version of this signal without pauses is a legacy from the 2010 publication and should
generally not be used unless a performance specification requires otherwise.

The 44.1 kHz versions of these files may be used as an alternative.

7.1.2 IEEE 269 female speech

IEEE 269-2019 Female mono 48 kHz.wav is provided as an alternative. It should be used to determine
whether the measured results are similar for both male and female speech. This signal consists of four
sentences spoken by three female talkers.

IEEE 269-2010 Female compressed mono 48 kHz.wav is a compressed version of this signal. It is
recommended for measurements at digital levels from —15 dBm0 to —10 dBmO or at analog levels above
—14 dBV, or at any other levels where clipping of the codec or any part of the test system is likely to occur.

The compressed version of this signal without pauses is a legacy from the 2010 publication and should
generally not be used unless a performance specification requires otherwise.

The 44.1 kHz files may be used as an alternative.
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