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Foreword

This Technical Specification has been produced by the 3GPP.

The contents of the present document are subject to continuing work within the TSG and may change following formal
TSG approval. Should the TSG modify the contents of this TS, it will be re-released by the TSG with an identifying
change of release date and an increase in version number as follows:

Version x.y.z
where;
x thefirst digit:
1 presented to TSG for information;
2 presented to TSG for approval;
3or greater indicates TSG approved document under change control.

y the second digit isincremented for all changes of substance, i.e. technical enhancements, corrections,
updates, etc.

z thethird digit isincremented when editoria only changes have been incorporated in the specification.

Introduction

The present document specifies test methods to allow the minimum performance requirements for the acoustic
characteristics of GSM, 3G, LTE, NR and WLAN terminals when used to provide narrowband, wideband, super-
wideband or fullband telephony to be assessed.

The objective for narrowband servicesisto reach a quality as close as possibleto ITU-T standards for PSTN circuits.
However, due to technical and economic factors, there cannot be full compliance with the general characteristics of
international telephone connections and circuits recommended by the ITU-T.

The performance requirements are specified in TS 26.131; the test methods and considerations are specified in the main
body of the text.
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1 Scope

The present document is applicable to any terminal capable of supporting narrowband, wideband, super-wideband or
fullband telephony, either as a stand-alone service or as the telephony component of a multimedia service. The present
document specifies test methods to allow the minimum performance requirements for the acoustic characteristics of
GSM, 3G, LTE, NR and WLAN terminals when used to provide narrowband, wideband, super-wideband or fullband
telephony to be assessed.

NOTE  For 3G, LTE, NR and WLAN, acoustic requirements are specified in TS 26.131, test methods are
specified in TS 26.132. For GSM, most acoustic requirements are specified in TS 43.050, test methods
are specified in TS 51.010. These specifications are in many cases harmonized with or even refer to TS
26.131 and TS 26.132. See TS 43.050 and TS 51.010 for details. The reason for including GSM, UMTS,
LTE, NR and WLAN terminals within the scope of the present specification isto avoid, whenever
possible, duplication of test method descriptions for terminal's supporting multiple access technologies..

2 References

The following documents contain provisions which, through reference in thistext, constitute provisions of the present
document.

- References are either specific (identified by date of publication, edition number, version number, etc.) or
non-specific.

- For aspecific reference, subsequent revisions do not apply.

- For anon-specific reference, the latest version applies. In the case of areference to a 3GPP document (including
aGSM document), a non-specific reference implicitly refersto the latest version of that document in the same
Release as the present document.

[1] 3GPP TS 26.131: "Terminal Acoustic Characteristics for Telephony; Requirements”.

[2] ITU-T Recommendation B.12 (1988): "Use of the decibel and the neper in telecommunications’.

[3] ITU-T Recommendation G.103 (1998): "Hypothetical reference connections’.

[4] ITU-T Recommendation G.111 (1993): "L oudness ratings (LRS) in an international connection".

[5] ITU-T Recommendation G.121 (1993): "Loudness ratings (LRs) of national systems”.

[6] ITU-T Recommendation G.122 (1993): "Influence of national systems on stability and talker echo
ininternational connections’.

[7] Void.

[8] ITU-T Recommendation P.11 (1993): "Effect of transmission impairments”.

[9] ITU-T Recommendation P.38 (1993): "Transmission characteristics of operator telephone systems
(OT9)".

[10] ITU-T Recommendation P.50 (1993): "Artificial voices".

[11] 3GPP TS 43.058 : "Digital Cellular Telecommunications System Characterization test methods
and quality assessment for hands-free mobiles®.

[12] |EC Publication 60651: "Sound Level Meters'.

[13] ITU-T Recommendation P.51 (1996): "Artificial mouth".

[14] ITU-T Recommendation P.57 (12/2011): "Artificial ears'.

[15] ITU-T Recommendation P.58 (05/2013): "Head and torso simulator for telephonometry."
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[16]

[17]

[18]

[19]
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[22]
[23]
[24]

[25]
[26]

[27]

[28]

[29]

[30]

[31]

[32]
[33]
[34]

[39]

[36]

[37]

[38]
[39]

ITU-T Recommendation P.79 (11/2007) with Annex A: "Calculation of loudness ratings for
telephone sets."

3GPP TS 46.077 : "Minimum Performance Requirements for Noise Suppresser Application to the
AMR Speech Encoder".

ITU-T Recommendation P.64 (11/2007): "Determination of sensitivity/frequency characteristics of
local telephone systems”.

ITU-T Recommendation P.581 (02/2014): "Use of head and torso simulator (HATS) for hands-
free and handset terminal testing".

ITU-T Recommendation P.340 (05/2000): "Transmission characteristics and speech quality
parameters of hands-free terminals”.

ITU-T Recommendation G.712 (11/2001): " Transmission performance characteristics of pulse
code modulation channels'.

ITU-T Recommendation P.501 (06/2015): "Test signals for use in telephonometry”.
ITU-T Recommendation O.41 (10/1994): "Psophometer for use on telephone-type circuits”.

ITU-T Recommendation 0.131 (11/1988): "Quantizing distortion measuring equipment using a
pseudo-random noise test signal”.

Void.

SO 3745: "Acoustics - Determination of sound power levels of noise sources using sound
pressure - Precision methods for anechoic and hemi-anechoic rooms”.

ITU-T Recommendation 0.132 (11/1988): "Quantizing distortion measuring equipment using a
sinusoidal test signal".

ETSI TS 103 737 (2010-08) V1.1.2: "Transmission requirements for narrowband wireless
terminals (handset and headset) from a QoS perspective as perceived by the user”.

ETSI TS 103 738 (2010-09) V1.1.2: "Transmission requirements for narrowband wireless
terminals (handsfree) from a QoS perspective as perceived by the user".

ETSI TS 103 739 (2010-09) V1.1.2: "Transmission requirements for wideband wireless terminals
(handset and headset) from a QoS perspective as perceived by the user”.

ETSI TS 103 740 (2010-09) V1.1.2; "Transmission requirements for wideband wireless terminals
(handsfree) from a QoS perspective as perceived by the user"”.

ITU-T Recommendation P.380 (11/2003): "Electro-acoustic measurements on headsets".
ITU-T Recommendation P.501 Amendment 1 (2012): "Test signals for use in telephonometry".

ETSI TS 103 106(2013-03) V1.2.1: "Speech Quality performance in the presence of background
noise: Background noise transmission of mobile terminal s-Objective test methods'.

ETSI ES 202 396-1 (2012-10) V1.4.1: " Speech quality performance in the presence of background
noise; Part 1: Background noise simulation technique and background noise database”.

ETSI EG 202 396-3 (2011-02) V1.3.1: "Speech quality performance in the presence of
background noise; Part 3: Background noise transmission — objective test methods: Background
noise simulation technique and background noise database”.

ITU-T Recommendation P.56 (12/2011): " Objective measurement of active speech level".
IEC 61672: "Electroacoustics — sound level meters - part 1: specifications'.

3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and
interaction”.

ETSI



3GPP TS 26.132 version 16.2.0 Release 16 12 ETSI TS 126 132 V16.2.0 (2020-11)

[40] 3GPP TS 43.050: "Transmission planning aspects of the speech servicein the GSM Public Land
Mobile Network (PLMN) system".

[41] 3GPP TS 51.010: "Mobile Station (MS) conformance specification; Part 1: Conformance
specification”.

[42] 3GPP TS 23.203: "Policy and charging control architecture”.

[43] ETSI TS 103 224 (2015-08): V1.2.1 "A sound field reproduction method for terminal testing
including a background noise database".

[44] ITU-T Recommendation P.863 (09/2014): " Perceptual objective listening quality assessment”.

[45] ITU-T Recommendation P.863.1 (09/2014): " Application guide for Recommendation ITU-T
P.863".

[46] 3GPP TS 36.521-1: "User Equipment (UE) comformance specification Radio transmission and
reception; Part 1: Conformance Testing".

[47] 3GPP TR 21.905: "Vocabulary for 3GPP specifications’.

[48] 3GPP TS 23.402: " Architecture enhancements for non-3GPP accesses'.

[49] 3GPP TS 24.302: " Access to the 3GPP Evolved Packet Core (EPC) via non-3GPP access
networks, Stage 3".

[50] ETSI TS 103 281(2017-04) V1.1.1: " Speech quality in the presence of background noise:
Objective test methods for super-wideband and fullband terminals’.

[51] ITU-T Recommendation P.10/G.100 (06/2019).

[52] 3GPP TR 26.921. "Investigations on ambient noise reproduction systems for acoustic testing of
terminals”.

3 Definitions, symbols and abbreviations

3.1 Definitions

For the purposes of the present document the terms narrowband, wideband, super-wideband and fullband refer to
signal s associated with the corresponding operating modes of the speech codecs specified in 5.2.

For the purposes of the present document, the terms dB, dBr, dBmO, dBmOp and dBA, shall be interpreted as defined in
ITU-T Recommendation G.100 [51]; the term dBPa shall be interpreted as the sound pressure level relativeto 1 pascal
expressed in dB (0 dBPaisequivalent to 94 dB SPL).

A 3GPP softphone is atelephony system running on a general purpose computer or PDA complying with the 3GPP
terminal acoustic requirements (TS 26.131 and 26.132).

For the purposes of the present document the term clock skew is defined as the difference between the clock of the
device under test (Cpur) and the clock of the reference client (Crer). The skew of Cpur relative to Creris defined in
parts per million (PPM) as: (Cpur -CREF).106/ CREr.

3.2 Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [47] and the following apply. An
abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in
3GPP TR 21.905 [47].

5GC 5G Core Network
ADC Anaogue to Digital Converter
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AMR Adaptive Multi Rate
Css Composite Source Signal
DAC Digital to Analogue Converter
DRP Eardrum Reference Point
DTX Discontinuous Transmission
EEC Electrical Echo Control
EEP Ear Entrance Point
EL Echo Loss
ERP Ear Reference Point
EVS Enhanced Voice Services
FFT Fast Fourier Transform
G-MOS-LQO, Globa (Overall) - Mean Opinion Score - Listening Quality Objective - Narrowband
G-MOS-LQO, Globa (Overall) - Mean Opinion Score - Listening Quality Objective - Wideband
G-MOS-LQOx, Global (Overall) - Mean Opinion Score - Listening Quality Objective - Fullband
HATS Head and Torso Simulator
IMS IP Multimedia Subsystem
LSTR Listener Sidetone Rating
LTE Long Term Evolution
MRP Mouth Reference Point
MS Mobile Station
MTS Multimedia Telephony Service for IMS
N-MOS-LQO, Noise (Background) - Mean Opinion Score Listening Quality Objective - Narrowband
N-MOS-LQO. Noise (Background) - Mean Opinion Score Listening Quality Objective - Wideband
N-MOS-LQOx, Noise (Background) - Mean Opinion Score Listening Quality Objective - Fullband
NR New Radio
OLR Overall Loudness Rating
PCM Pulse Code Modulation
PDA Personal Digital Assistant
POI Point of Interconnection (with PSTN)
PSTN Public Switched Telephone Network
RLR Receive Loudness Rating
RMC Reference Measurement Channel
RMS Root Mean Squared
SLR Send Loudness Rating
SMOS-LQO, Speech Signal Quality - Mean Opinion Score - Listening Quality Objective - Narrowband
SMOS-LQO, Speech Signal Quality - Mean Opinion Score - Listening Quality Objective - Wideband
SMOS-LQOs Speech Signal Quality - Mean Opinion Score - Listening Quality Objective - Fullband
SS System Simulator
STMR Sidetone Masking Rating
SS System Simulator
TX Transmission
UE User Equipment
UMTS Universal Mobile Telecommunications System
WLAN Wireless Local Area Network
4 Interfaces

The interfaces required to define terminal acoustic characteristics are the acoustic interfaces, the air interface and the
point of interconnect (POI), see Figure 1.

The Air Interfaces for GSM, 3G, LTE and NR are specified by GSM 05, 3GPP 45, 3GPP 25, 3GPP 36 and 3GPP 38
series specifications, and the Air Interface for WLAN access to EPC is specified by WLAN access to EPC as defined in
3GPP TS 23.402 [48] and TS 24.302 [49]. MTSI speech aspects are specified by TS 26.114 [17].

M easurements can be made using a system simulator (SS) comprising the appropriate radio terminal equipment and
speech transcoder. The losses and gains introduced by the test equipment shall be accounted for.

The POI with the public switched telephone network (PSTN) is considered to have arelative level of O dBr.

Five classes of acoustic interface are considered in this specification:
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- Handset UE including softphone UE used as a handset;
- Headset UE including softphone UE used with headset;
- Vehicle Mounted Hands-free UE including softphone UE mounted in a vehicle;
- Desktop-mounted hands-free UE including softphone UE with external loudspeaker(s) used in hands-free mode;
- Hand-held hands-free UE including softphone UE with internal loudspeaker(s) used in hands-free mode.
(See definition of softphonein Clause 3.1)
NOTE: Thetest setup for a softphone UE shall be derived according to the following rules:
- When using a softphone UE as a handset: the test setup shall correspond to handset mode.
- When using a softphone UE with headset: the test setup shall correspond to headset mode.

- When a softphone UE is mounted in a vehicle: the test setup shall correspond to vehicle-mounted hands-
free mode.

- When using a softphone UE in hands-free mode:
- When using internal loudspeaker(s), the test setup shall correspond to hand-held hands-free.

- When using external loudspeaker(s), the test setup shall correspond to desktop-mounted hands-free.

5 Test configurations

This section describes the test setups for terminal acoustic testing.

The configurations are shown for one-channel (mono) operation, configurations for two-channel (stereo) operation is
for further study.

NOTE: If theterminal has several mechanical configurations (e.g., sliding design open or closed), all
manufacturer-defined configurations shall be tested.

5.1 Setup for terminals

The general accessto terminalsis described in figure 1. The preferred acoustic accessto GSM, 3G, LTE, NR and
WLAN terminalsisthe most realistic simulation of the "average" subscriber. This can be made by using HATS (head
and torso simulator), with appropriate ear simulation and appropriate mountings of handset terminalsto the HATS in a
realistic but reproducible way. Hands-free terminals shall use the HATS or free field microphone techniquesin a
realistic but reproducible way.

HATSisdescribed in ITU-T Recommendation P.58 [15], appropriate ears are described in ITU-T Recommendation
P.57 [14] (Type 3.3), proper positioning of handsetsin realistic conditionsisfound in ITU-T Recommendation P.64,
and the test setups for various types of hands-free terminals can be found in ITU-T Recommendation P.581.

Unless stated otherwise, if avolume control is provided, the setting is chosen such that the nominal RLR is met as close
aspossible.

The preferred way of testing is the connection of aterminal to the system simulator with exact defined settings and
access points. The test sequences are fed in either electrically using a reference codec, using the direct signal processing
approach, or acoustically using ITU-T specified devices.

The system simulator shall simulate the access network and core network including the speech encoding/decoding
specified for the test (e.g. AMR-NB or AMR-WB) but excluding further transcoding beyond linear PCM, see Figure 1.

Unless specified otherwise for the respective test, the radio conditions on the air interface shall have a block error rate
of 0% and the jitter in the I P transport for M T Sl-based speech shall be< 1 ms.
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NOTE 1: For WLAN connections, an RF shielded room may be one way to achieve these requirements on block
error rate and jitter. Otherwise, care should be taken with potential sources of radio interference and their
impact.

In case of MTSI-based speech, the reference client shall allow to synchronize to the clock of the device under test and
include a de-jitter buffer to equalize possible jitter in the signal received from the UE.

When operating with synchronized clock, the de-jitter buffer shall be a static de-jitter buffer and the jitter buffer
management shall not compensate for clock skew. The reference client shall not lose or discard packets, shall not
trigger retransmission, and shall not use error concealment or time-warping. Theinitial jitter buffer size (filling level)
shall be higher than the maximum expected network jitter and the maximum jitter buffer size shall be at least twice the
initial size. During jitter buffer reset, the de-jitter buffer shall be emptied/filled to theinitial buffer size. In case of buffer
over- or underruns, the reference client shall give awarning and it shall be reported.

NOTE 2: A static de-jitter buffer is afirst-in-first-out (FIFO) buffer which at the beginning buffers packets until a
given initial buffer size isreached. Due to changing network delays the filling level of the de-jitter buffer
can change, but the sum of network delay and jitter buffer delay is constant (as opposed to an adaptive
jitter buffer management). The filling level of the de-jitter buffer represents the de-jitter buffer delay.

For measurements with unsynchronized clock e.g. the measurement of clock skew, jitter buffer over- and underruns
cannot be avoided due to the unsynchronized clocks. Under the assumption of jitter-free condition theinitial jitter buffer
size (filling level) shall be chosen such that the maximum clock skew can be compensated without any loss of packets
for agiven time. For the measurement of clock skews the jitter buffer size should be chosen such that for clock skew of
up to 100ppm no loss of packets due to buffer over- or under-run shall occur for a sequence of 160s.

For LTE and NR connections, the system simulator shall be configured for FDD operation, with a default or dedicated
bearer (EPC) and QoS flow (5GC) and reference measurement channel scheduling that provides enough resource block
allocation for transmitting a full speech packet within atransmission timeinterval of 1ms. No HARQ re-transmissions
shall occur. TDD operation, TTI bundling, connected DRX and other forms of scheduling (e.g. SPS) are for further
study.

The test setup has to ensure proper clock synchronization of the test equipment to the UE. Clock skew shall be
negligible and packet loss shall not occur during the test.

NOTE 3: Any clock skew may result in improper delay calculation or in wrong positioning of the analysis window.

ERP/ D]H
o — o0
DRP... .
Point of

Access network and

UE Air interface core network inte(r;c())l];ect
MRP [ ) o — 0

NOTE: Connection to PSTN should include electrical echo control (EEC).

Figure 1: Interfaces (MRP, ERP/DRP..., Air interface and Point of interconnect) for specification of
terminal acoustic characteristics

5.1.1 Setup for handset terminals

When using a handset UE, the handset is placed on HATS as described in ITU-T Recommendation P.64 Annex E [18].
A suitable position shall be defined for each handset UE and documented in the test report. The artificial mouth shall
conformto ITU-T Recommendation P.58 [15]. The artificial ear shall conform to ITU-T Recommendation P.57 [14].
Type 3.3 ear shall be used and positioned on HATS according to ITU-T Recommendation P.58 [15].

Position and calibration of HATS
The sending and receiving characteristics shall be tested with the HATS. It shall be indicated what application force was
used. If not stated otherwisein TS 26.131, an application force of 8 + 2 N shall be used.

The horizontal positioning of the HATS reference plane shall be guaranteed within + 2°,
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5.1.2 Setup for headset terminals

Recommendations for the setup and positioning of headsets are givenin ITU-T Recommendation P.380. If not stated
otherwise, headsets shall be placed in their recommended wearing position. Some insert earphones might not fit
properly in Type 3.3 ear simulators. For such insert type headsets, an ITU-T Recommendation P.57 [14] Type 2 ear
simulator may be used in conjunction with the HATS mouth simulator. The HATS should be equipped with two
artificial ears as specified in ITU-T Recommendation P.57 [14]. For binaural headsets two artificial ears are required.

5.1.3 Setup for hands-free terminals

5131 Vehicle-mounted hands-free

If not stated otherwise, the artificial head (HATS — head and torso simulator, according to ITU-T Recommendation
P.58 [15]) is positioned in the driver's seat for the measurement as shown in figure 3a. The position hasto beinline
with the average users' position; therefore, all positions and sizes of users have to be taken into account. Typicaly, all
except the tallest 5% and the shortest 5% of the driving population have to be considered. The size of these persons can
be derived, e.g., from the 'anthropometric data set' for the corresponding year (e.g., based on data used by car
manufacturers). The position of the HATS (mouth/ears) within the positioning arrangement is given individually by
each car manufacturer. The position used has to be reported in detail in the test report. If no requirements for
positioning are given the distance from the microphone to the MRP is defined by the test lab.

By using suitable measures (e.g., marksin the car, relative position to A-pillar, B-pillar, height from the floor, etc.) an
exact reproduction of the artificial head position must be possible at any later time.

NOTE — Different positions of the artificial head may greatly influence the test results. Depending on the
application, different positions of the artificial head may be chosen for the tests. It is recommended to
check the worst-case position, e.g., those positions where the SNR and/or the speech quality in send may
be worst.

Figure 2: void

Figure 3: void
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Figure 3a: Test Configuration for vehicle mounted hands-free, using HATS

5.1.3.2 Desktop hands-free

For HAT S test equipment, the definition of hands-free terminals and setup for desktop hands-free terminals can be
found in ITU-T Recommendation P.581. Measurement setup using a free-field microphone and a discrete P.51 [13]
artificial mouth for desktop hands-free terminals can be found in ITU-T Recommendation P.340.T he positioning for
different types of desktop hands-free terminalsisgivenin ETSI TS 103 738 and ETSI TS 103 740.

51.3.3 Hand-held hands-free

Either HATS or afree-field microphone with a discrete P.51 [13] artificial mouth may be used to measure a hand-held
hands-free type UE.

If HATS measurement equipment is used, it shall be configured to the hand-held hands-free UE according to figure 4.
The HATS should be positioned so that the HATS Reference Point is at a distance due from the centre point of the
visual display of the Maobile Station. The distance dwr is specified by the manufacturer. A vertical angle 6nr may be
specified by the manufacturer. Where it is not specified, the nominal distance dur shall be 42 cm and 6 shall be 0°.

NOTE: Thenominal distance of 42 cm corresponds to the distance between the HATS reference point and lip-
plane (12 cm) with an additional 30 cm giving arealistic figure as a reference usage of hand-held
terminals.
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b Chy ',
HATS y 2
Reference I Normal vector
Point | from front of phone

Figure 4. Configuration of hand-held hands-free UE relative to the HATS

If afree-field microphone and a discrete P.51 [13] mouth are used, they shall be configured to the hand-held hands-free
UE according to figure 5 for receiving measurements and figure 6 for sending measurements. The microphone should
be located at a distance dur from the centre of the visual display of the UE. The mouth simulator should be located at a
distance dne-12 cm from the centre of the visual display of the UE. The distance dur is specified by the manufacturer.
Where it is not specified the nominal distance dwe shall be 42 cm.

Figure 5: Configuration of hand-held hands-free UE; free-field microphone for receiving
measurements

Lin Normal vector
Ip ring from front of phone

position

|
|
|
|
|
|
|
|
}

d,; -12 cm
Figure 6: Configuration of hand-held hands-free UE; discrete P.51 artificial mouth for sending
measurements
5.1.3.4 Softphone including speakers and microphone

Thistest setup is applicable to laptop computers or similar devices as seen in figure 7 through figure 11.
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Where the manufacturer gives conditions of use, these will apply for testing. If the manufacturer gives no other
requirement, the softphone will be positioned according the following conditions:
Measurement with artificial ear and microphone:

Artificial mouth (for sending tests)

Artificial @7/]\
v
I

Lip Ring

mouth

30cm
20cm

Figure 7: Configuration of a softphone relative to the artificial mouth side view

Free field microphone (for receiving):

Free Field
microphone

30cm
20 cm Softphone

L. -

1<

Figure 8: Configuration of a softphone relative to the free field microphone side view

Position of a softphone on the table;
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Test

O O Hands free softbhone

20cm

Microphone (or
artificia mouth)

Figure 9: Configuration of a softphone relative to the free-field microphone or artificial mouth viewed

Measurement with HATS:

HATS

from above
Lip Ring
s
.
[
30 cm
20 cm Seftphons
T
I_- i
L

Figure 10: Configuration of a softphone relative to the HATS side view

ETSI



3GPP TS 26.132 version 16.2.0 Release 16 21 ETSI TS 126 132 V16.2.0 (2020-11)

D D Himdsfre: sofichore

Test tahle

HATE

Figure 11: Configuration of a softphone relative to the HATS viewed from above

5.1.35 Softphone with separate speakers
Thistest setup is applicable to laptop computers or similar devices as seen in figure 12 through figure 15.

Where the manufacturer gives conditions of use, these will apply for testing. If the manufacturer gives no other
reguirement, the softphone will be positioned according to the following conditions:
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Where separate loudspeakers are used, the system will be positioned asin figure 12 or figure 13.

80cm

Hands free softphone

Loudspeak

L oudspeak O

O O

Test table
40cm

20cm 40cm

A
v

Microphone or artificial
mouth

Figure 12: Configuration of a softphone using external speakers relative to microphone or artificial
mouth viewed from above
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80cm

Hands free softphone

L oudspeaker O | Q L oudspeaker
O O

Test table
40cm

20cm 40 cm

40 cm 40 cm

A
v

HATS

Figure 13: Configuration of a softphone using external speakers relative to the HATS viewed from
above
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Where an external microphone and speakers are used, the system will be positioned as in figure 14 or figure 15.

80 cm

O Microphone
loudspesker O loudspeaker

T ,

40cm

Test table
40 cm

40 cm
40 cm

40 cm

Artificial mouth or
microphone

Figure 14: Configuration of a softphone using
external speakers and a microphone relative to microphone or artificial mouth viewed from above
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Miciwophone ;
loudspeaker loudspeaker

40am

Test table
40 am

40am
40am

<

HATS

Figure 15: Configuration of a softphone using
external speakers and a microphone relative to the HATS viewed from above

514 Position and calibration of HATS

The horizontal positioning of the HATS reference plane shall be guaranteed within + 2° for testing hands-free
equipment.

The HATS shall be equipped with a Type 3.3 Artificial Ear. For hands-free measurements the HATS shall be equipped
with two artificial ears. The pinnae are specified in Recommendation P.57 [14] for Type 3.3 artificia ears. The pinnae
shall be positioned on HATS according to ITU-T Recommendation P.58 [15].

The exact calibration and equalization procedures as well as how to combine the two ear signals for the purpose of
measurements can be found in ITU-T Recommendation P.581.

If not stated otherwise, the HATS shall be diffuse-field equalized using values from ITU-T Recommendation P.58 [15].
For 1/3-octave band measurements, the inverse of the nominal diffuse field curve in P.58 table 3 shall be used. For
1/12-octave band measurements, the inverse of the nominal diffuse field curvein P.58 Annex A shall be used. For
measurements requiring diffuse-field correction values for frequencies other than those used in the P.58 tables, linear
interpolation on alog frequency scale from the P.58 Annex A values shall be used.

For hand-held hands-free UE, the setup corresponding to 'portable hands-free' in ITU-T Recommendation P.581 should
be used.

5.1.5  Test setup for quality in the presence of ambient noise
measurements

5.15.1 Handset

The setup for simulating realistic ambient noises and the positioning of the HATS in alab-type environment is
described in ETSI ES 202 396-1 [35].

ETSI ES 202 396-1 [35] contains a description of the recording arrangement for realistic ambient noises, a description
of the setup for aloudspeaker arrangement suitable to simulate an ambient noise field in alab-type environment and a
database of realistic ambient noises, part of which is used for testing the terminal performance with avariety of
conditions.
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Two different methods (Method 1 and Method 2) for equalization and calibration of the loudspeakers are allowed and
specified below. The method selected for the test setup (Method 1 or Method 2) shall be reported. Method 2 is preferred
over Method 1 due to the improved cross-lab reproduction accuracy reported in clause 5 of TR 26.921 [52].

Method 1:
The equalization and calibration procedure for thistest setup givenin ETS| ES 202 396-1 [35] shall be used.

This method works semi-automated and requires manual adjustment steps during the equalization procedure. The
equalizationis carried out in the frequency range between 50 Hz and 10 kHz.

Method 2:

The equalization and calibration procedure for thistest setup givenin Clause 7 of ETSI TS 103 224 [43] shall be used.
During the equalization procedure, a so-called “reference sound” is needed for verification purposes. In this case, the
noise type “TrainStation_bin” of Clause 8 of ETSI TS 103 224 [43] (time range 15.0 to 22.5s) shall be used.

NOTE: Clause7 of ETSI TS 103 224 [43] describes recording and reproduction arrangement for an (almost)
arbitrary number of microphones and loudspeakers. In order to produce ambient noise field compatible to
Method 1, a flexible setup with two recording/playback channels (binaural noise signals) and a 4.0 (or
4.1) loudspeaker configuration is used.

In contrast to the Method 1 according to ETSI ES 202 396-1 [35], afully automated equalization procedure including
reduction of cross-talk is provided by Method 2. The equalization is carried out in the frequency range between 50 Hz
and 20 kHz.

5.15.2 Hand-held hands-free

For hand-held hands-free UE, the test setup for simulating realistic ambient noises and the position of the HATS ina
lab-type environment is described in ETSI TS 103 224 [43]. The setup in ETSI ES 202 396-1 [35] may also be used as
described below.

ETSI TS 103 224 [43] contains a description of the recording arrangement for realistic ambient noises, a description of
the setup for loudspeaker arrangement suitable to simulate an ambient noise field in alab type environment, and a
database of realistic ambient noises, part of which is used for testing the hands-free UE performance. Notethat TS 103
224 [43] providesimproved reproduction accuracy in terms of frequency and spatial characteristics, and sois
recommended for testing hands-free UE. The equalization setup and the test setup is shown in Figs. 15al — 15a5.
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Figure 15al: Equalization using the TS 103 224 method, the circle indicates the microphone array
used for the equalization

O O
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<& O

Figure 15a2: Measurements using the TS 103 224 method
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Figure 15a3: Detailed positioning of the hands-free UE

The setup in ETSI ES 202 396-1 [35] may be used for testing hands-free UE, provided that after the equalization and
calibration procedure for handset UE are completed, the HATS is removed from the calibration location in the test
room, and the hands-free UE under test is placed at the calibration location. The HATS isthen placed in alocation
with respect to the hands-free UE under test, as described in Clause 5.1.3.2 and 5.1.3.3. The equalization setup and the
test setup is shown in Figs. 15a4 and 1585. Each ambient noise in the database of ETSI TS 103 224 [43] isavailablein a
version compatible with reproduction using ETSI ES 202 396-1 [35].

<& &
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Figure 15a4: Equalization using the ES 202 396-1 method
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Figure 15a5: Measurements using the ES 202 396-1 method

5.2 Setup of the electrical interfaces

5.2.1 Codec approach and specification

In this approach, a codec is used to convert the digital input/output bit-stream of the system simulator to the equivalent
analogue values. With this approach a system simulator simulating the radio link to the terminal under controlled and
error-free conditionsis required, unless otherwise specified for the respective test. The system simulator has to be
equipped with a high-quality codec with characteristics as close as possible to ideal.

Definition of 0 dBr point:

D/A converter - aDigital Test Sequence (DTS) representing the codec equivalent of an analogue sinusoidal signal
with an RM S value of 3,14 dB below the maximum full-load capacity of the codec shall generate O
dBm across a 600 ohm load;

A/D converter - a0 dBm signal generated from a 600 ohm source shall give the digital test sequence (DTS)
representing the codec equivalent of an analogue sinusoidal signal with an RMS value of 3,14 dB
below the maximum full-load capacity of the codec.

Narrowband telephony testing

For testing of a GSM, 3G, LTE, NR or WLAN terminal supporting narrowband telephony, the system simulator shall
use the AMR speech codec as defined in the 3GPP TS 26 series of specifications, at the source coding bit-rate of
12,2 kbit/s.
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Wideband telephony testing

For testing of a GSM, 3G, LTE, NR or WLAN terminal supporting wideband telephony, the system simulator shall use
the AMR-WB speech codec as defined in 3GPP TS 26 series of specifications, at the source coding bit-rate of
12,65 kbit/s.

Super-wideband telephony testing

For testing of aLTE, NR or WLAN terminal supporting super-wideband telephony, the system simulator shall use the
EV S speech codec as defined in 3GPP TS 26 series of specifications at 32 kHz sampling rate, mono, at the source
coding bit-rate of 24,4 kbit/s unless specified otherwise for the respective test case. The system simulator should
support all operation modes of EV'S speech codec, the complete EVS RTP payload format, and all SDP attributes as
specified in TS 26.445 Annex A; it should be possible to control all the SDP attributes declared and negotiated by the
system simulator.

Fullband telephony testing

For testing of aLTE, NR or WLAN terminal supporting fullband telephony, the system simulator shall use the EVS
speech codec as defined in 3GPP TS 26 series of specifications at 48 kHz sampling rate, mono, at the source coding bit-
rate of 24,4 kbit/s.

5.2.2 Direct digital processing approach

In this approach, the digital input/output bit-stream of the terminal connected through the radio link to the system
simulator is operated upon directly.

Narrowband telephony testing

For testing of a GSM, 3G, LTE, NR or WLAN terminal supporting narrowband telephony, the system simulator shall
use the AMR speech codec as defined in the 3GPP TS 26 series of specifications, at the source coding bit-rate of
12,2 khit/s.

Wideband telephony testing

For testing of aGSM, 3G, LTE, NR or WLAN terminal supporting wideband telephony, the system simulator shall use
the AMR-WB speech codec as defined in the 3GPP TS 26 series of specifications, at the source coding bit rate of
12,65 kbit/s.

Super-wideband telephony testing

For testing of aLTE, NR or WLAN terminal supporting super-wideband telephony, the system simulator shall use the
EV S speech codec as defined in 3GPP TS 26 series of specifications in super-wideband mode, at 32 kHz sampling rate,
mono, at the source coding bit-rate of 24,4 kbit/s. The system simulator should support all operation modes of EVS
speech codec, the complete EVS RTP payload format, and all SDP attributes as specified in TS 26.445 Annex A; it
should be possible to control al the SDP attributes declared and negotiated by the system simulator.

Fullband telephony testing

For testing of aLTE, NR or WLAN terminal supporting fullband telephony, the system simulator shall use the EVS
speech codec as defined in 3GPP TS 26 series of specificationsin fullband mode, at 48 kHz sampling rate, mono, at the
source coding bit-rate of 24,4 kbit/s.

5.3 Accuracy of test equipment

Unless specified otherwise, the accuracy of measurements made by test equipment shall exceed the requirements
defined in table 1a
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Table la: Test equipment measurement accuracy
Item Accuracy

Electrical Signal Power

+ 0,2 dB for levels > -50 dBm

+ 0,4 dB for levels < -50 dBm

Sound pressure +0,7dB
Time + 5%
Frequency +0,2%
Clock (only for UE clock accuracy [+5] PPM

measurement)

NOTE: Thevauesin[] are provisional pending some confirmation of test

equipment compliance in near future

Unless specified otherwise, the accuracy of the signals generated by the test equipment shall exceed the requirements

defined in table 1b.

Table 1b: Test equipment signal generation accuracy

Quantity

Accuracy

Sound pressure level at MRPJ, in 1/3™

+ 3 dB for 100 Hz to 200 Hz

octave bands]

+ 1 dB for 200 Hz to 8 kHz

+ 3 dB for 8 kHz to 20 kHz (see note 3)

Mouth simulator equalization

The flatness of the mouth simulator transfer
characteristics after equalization, measured
in 1/3rd octave bands with the signal used
for equalization, shall be within + 1 dB from
100 Hz to 200 Hz and shall be within +0.5
dB above 200 Hz (see note 3).

Electrical excitation levels

+ 0,4 dB (see note 1)

Frequency generation

* 2% (see note 2)

NOTE 3:

NOTE 1: Across the whole frequency range.

NOTE 2: When measuring sampled systems, it is advisable to avoid measuring at sub-
multiples of the sampling frequency. There is a tolerance of + 2% on the
generated frequencies, which may be used to avoid this problem, except for

4 kHz where only the -2% tolerance may be used.

Not all mouth simulators can be successfully equalized up to 20 kHz; in this case
the upper frequency shall be reported. The validity of the equalization, especially
with respect to super-wideband and fullband, shall be checked.

The measurements’ results shall be corrected for the measured deviations from the nominal level.
The sound level measurement equipment shall conform to IEC 60651 Type 1.
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54 Test signals

Unless stated otherwise, appropriate test signals for GSM/3G/LTE/NR/WLAN acoustic tests are generally described
and defined in ITU-T Recommendation P.501 [22].

More information can be found in the test procedures described below.

For testing the narrowband telephony service provided by the UE, the test signal used shall be band limited between
100 Hz and 4 kHz with a bandpass filter providing a minimum of 24 dB/oct. filter roll-off, when feeding into the
receiving direction.

For testing the wideband telephony service provided by the UE, the test signal used shall be band limited between
100 Hz and 8 kHz with a bandpass filter providing a minimum of 24 dB/oct. filter roll-off, when feeding into the
receiving direction.

For testing the super-wideband tel ephony service provided by the UE, the test signal used shall be band limited between
50 Hz and 16 kHz with a bandpass filter providing a minimum of 24 dB/oct. filter roll-off, when feeding into the
receiving direction.

For testing the fullband telephony service provided by the UE, the test signal used shall be band limited between 20 Hz
and 20 kHz with a bandpass filter providing a minimum of 24 dB/oct. filter roll-off, when feeding into the receiving
direction.

Thetest signal levels are referred to the average level of the (band limited in receiving direction) test signal, averaged
over the complete test sequence, unless specified otherwise. For real speech, the test signal levels are referred to the
ITU-T P.56 [37] active speech level of the (band limited in receiving direction) test signal, calculated over the complete
test sequence.

5.5 Void

5.5.1  Void

55.2 Void

6 Test conditions

6.1 Environmental conditions

6.1.1 Handset and headset terminals

For handset and headset measurements the test room shall be practically free-field down to alowest frequency of
275 Hz; the handset or headset, including the HATS, shall be totally within this free-field volume.

Qualification of the test room may be performed using the method and limits for deviation from ideal free-field
conditions described in either 1SO 3745 Annex A (Table A.2), or ITU-T P. 340 85.4 (Table 1).

Alternatively, atest room may be used which meets the following two criteria

1. The relationship between the pressure at the mouth opening and that at 5,0 cm, 7,5 cm and 10 cm in front of the
centre of the lip ring iswithin £ 0.5 dB of that which existsin a known acoustic free-field.

2. Therelationship between the pressure at the mouth opening and that at the Ear canal Entrance Point (EEP) at
both the left and right ears of the HATS does not differ by more than £ 1 dB from that which existsin aknown
free-field.
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The ambient noise level shall be less than -30 dBPa(A); for idle channel noise measurements the ambient noise level
shall be less than —64dBPa(A).

Echo measurements shall be conducted in realistic rooms with an ambient noise level <-64 dBPa(A).

6.1.2 Hands-free terminals

Hands-free terminals should generally be tested in their typical environment of application. Care must be taken that,
e.g., noise levels are sufficiently low in order not to interfere with the measurements.

For desktop hands-free terminal s the appropriate requirements shall be taken from ITU-T Recommendation P.340.

The broadband noise level shall not exceed —70 dBPa(A). The octave band noise level shall not exceed the values
specified in Table 2.

Table 2: P.340 Noise level

Center frequency Octave band pressure level
(Hz) (dBPa)
63 -45
125 —-60
250 —65
500 —65
1000 —65
2000 —65
4 000 —65
8 000 —65

Echo measurements shall be conducted in realistic rooms with an ambient noise level <-70 dBPa(A).

6.2 System simulator conditions

Unless otherwise specified for the respective test, the system simulator should provide an error-free radio connection to
the UE under test. The speech codec and bitrate shall be as defined in clause 5. Discontinuous Transmission (DTX)
silence suppression shall be disabled in uplink and downlink for the purposes of GSM acoustic testing by appropriate
configuration of the system simulator. For 3G, LTE, NR and WLAN, DTX shall be disabled for the downlink path by
appropriate configuration of the system simulator, unless otherwise stated for the respectivetest. If DTX isenabled for
the downlink path in arespective test using the EV'S codec, the system simulator shall use DTX/CNG operation for
EVS Primary with a SID update rate of once every 8 frames as described in clause 4.4.3 of TS 26.445.

NOTE: For LTE/NR/WLAN with AMR and AMR-WB codecs and for 3G, the UE DTX for the uplink path
cannot be controlled from the system simulator.
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7 Narrowband telephony transmission performance
test methods

7.1 Applicability

The test methods in this clause shall apply when testing a UE that is used to provide narrowband telephony, either as a
stand-alone service, or as part of a multimedia service.

7.2 Overall loss/loudness ratings

7.2.1 General

The SLR and RLR values for GSM, 3G, LTE, NR or WLAN networks apply up to the POI. However, the main
determining factors are the characteristics of the UE, including the analogue to digital conversion (ADC) and digital to
analogue conversion (DAC). In practice, it is convenient to specify loudness ratings to the Air Interface. For the normal
case, where the GSM, 3G, LTE, NR or WLAN network introduce no additional 1oss between the Air Interface and the
POI, the loudness ratings to the PSTN boundary (POI) will be the same as the loudness ratings measured at the Air
Interface.

7.2.2 Connections with handset UE

7221 Sending loudness rating (SLR)

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. Thetest signal level shall be -4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. The sending sensitivity shall be calculated from each band
of the 14 frequencies given in table 1 of ITU-T Recommendation P.79 [16], bands 4 to 17. For the calculation,
the averaged measured level at the electrical reference point for each frequency band is referred to the averaged
test signal level measured in each frequency band at the MRP.

¢) The sensitivity is expressed in terms of dBV/Paand the SLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting
factorsfrom ITU-T Recommendation P.79 [16], table 1.

7.2.2.2 Receiving loudness rating (RLR)

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. The receiving sensitivity shall be calculated from each
band of the 14 frequencies given in table 1 of ITU-T Recommendation P.79 [16], bands 4 to 17. For the
calculation, the averaged measured level at each frequency band is referred to the averaged test signal level
measured in each frequency band.

¢) The sensitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23c), over bands 4 to 17, using m = 0,175 and the receiving weighting
factors from table 1 of ITU-T Recommendation P.79 [16].

d) DRP-ERP correction isused. No leakage correction shall be applied.
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7.2.2.3 Receiving loudness rating (RLR) in the presence of background noise

Thistest shall be performed with the volume control at the maximum setting.

a)

b)

c)

d)

f)
9)

h)

The downlink test signal to be used for the measurements shall be composed from the British-English material of
clause 7.3 in ITU-T Recommendation P.501 [22]. The signal is a concatenation of the following parts (see also
Figure 15a6):

1) The complete female short conditioning sequence (which includes aleading 5 s silence which is here used for
conditioning the UE under noise-only conditions). The level shall be -16 dBmO active speech level (ITU-T
P.56) measured at the digital reference point or the equivalent analogue point.

2) Pause 1 sec.

3) Thefirst 5 s of the male short conditioning sequence. The level shall be -16 dBmO active speech level (ITU-T
P.56) measured at the digital reference point or the equivalent analogue point.

4) The complete single-talk sequence. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete single-talk test
sequence.

The background noise playback shall be set up and calibrated according to handset related descriptionsin ETSI
TS 103 224 or ES 202 396-1. The "Pub Noise (Pub)" recording is used. This scenario is available for both
playback systems and is described in sub-clause 8.2 of TS 103 224 (8-channel recording) and sub-clause 8.2 of
ES 202 396-1 (binaural recording). The type of background noise reproduction used for the test shall be reported.

The handset terminal is setup as described in clause 5 and the relevant noise playback specification, TS 103 224
or ES 202 396-1. Set the volume control to maximum.

The start of the recording of the artificial ear signal and the start of the background noise playback shall be
synchronized to ensure consistent timing of repeated recordings, and allow background noise cancellation by
subtraction in the time domain as described below. The noise playback shall be looped with a 20 ms crossfade at
the loop point.

The background noise and downlink speech stimulus are applied and arecording of the artificial ear DRP signal
is performed. The sound file is saved (filel). The playback is stopped.

The recording described in €) is repeated, this time with muted downlink signal. The soundfileis saved (file2).

A subtraction of the samplesis performed (filel-file2). The resulting time signal contains the output of the UE to
the artificial ear, where the background noise has been essentialy eliminated. For further analysis, the duration
of the conditioning sequence and the receive delay from POI to DRP is discarded, resulting in atime signal
containing only the single-talk sequence.

The RLR is calculated according to sub-clause 7.2.2.2.
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1 2 3 4

(1) FB_female_conditioning_seq_short.wav (5+5 sec)
(2) Pause (1 sec)

(3) FB_male_conditioning_seq_short.wav (5 sec)

(4) FB_male_female_single-talk_seq.wav (35.4 sec)

0 10 20 30 40 50 60
[s]

Figure 15a6 Downlink test signal

7.2.3 Connections with desktop and vehicle-mounted hands-free UE

V ehicle-mounted hands-free UE should be tested within the vehicle (for totally integrated vehicle hands-free systems)
or in avehicle smulator, as described in 3GPP TS 03.58 [11].

Free-field measurements for vehicle-mounted hands-free are for further study.

7.23.1 Sending loudness rating (SLR)

a)

b)

©)

The test signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. Thetest signal level shall be -4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence. The broadband signal level isthen
adjusted to -28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-Recommendation P.581) and the
spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as references to
determine the sending sensitivity Sy

The hands-free terminal is setup as described in clause 5. The sending sensitivity shall be calculated from each
band of the 14 frequencies given in table 1 of ITU-T Recommendation P.79 [16], bands 4 to 17. For the
calculation, the averaged measured level at the electrical reference point for each frequency band isreferred to
the averaged test signal level measured in each frequency band at the MRP.

The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting
factors from ITU-T Recommendation P.79 [16], table 1.

7.2.3.2 Receiving Loudness Rating (RLR)

a)

b)

The test signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

The hands-free terminal is setup as described in clause 5. If aHATS isused, then it is free-field equalized as
described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged
over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-
octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations
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©)

d)

or measurements. The receiving sensitivity shall be calculated from each band of the 14 frequencies givenin
table 1 of ITU-T Recommendation P.79 [16], bands 4 to 17.

For the calculation, the averaged measured level at each frequency band isreferred to the averaged test signal
level measured in each frequency band.

The sensitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23c), over bands 4 to 17, using m = 0,175 and the receiving weighting
factors from table 1 of ITU-T Recommendation P.79 [16].

No leakage correction shall be applied. The hands-free correction, as described in ITU-T Recommendation P.340
shall be applied. To compute the receiving loudness rating (RLR) for a hands-freeterminal (seeaso ITU-T
Recommendation P.340), when using the combination of left and right artificial ear signals from the HATS, the
HFLe hasto be 8 dB instead of 14 dB. For further information see ITU-T Recommendation P.581.

7.2.4 Connections with hand-held hands-free UE

7.24.1 Sending loudness rating (SLR)

a)

b)

©)

The test signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. Thetest signal level shall be -4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence. The broadband signal level isthen
adjusted to -28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-T Recommendation P.581) and the
spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as references to
determine the sending sensitivity Sy

The hands-free terminal is setup as described in clause 5. The sending sensitivity shall be calculated from each
band of the 14 frequencies given in table 1 of ITU-T Recommendation P.79 [16], bands 4 to 17. For the
calculation, the averaged measured level at the electrical reference point for each frequency band isreferred to
the averaged test signal level measured in each frequency band at the MRP.

The sensitivity is expressed in terms of dBV/Paand the SLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting
factors from ITU-T Recommendation P.79 [16], table 1.

7.2.4.2 Receiving loudness rating (RLR)

a)

b)

©)

d)

The test signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

The hands-free terminal is setup as described in clause 5. If aHATS isused, then it is free-field equalized as
described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged
over the total duration of the analysis; the right and |eft artificial ear signals are voltage-summed for each 1/3-
octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations
or measurements. The receiving sensitivity shall be calculated from each band of the 14 frequencies givenin
table 1 of ITU-T Recommendation P.79 [16], bands 4 to 17.

For the calculation, the averaged measured level at each frequency band is referred to the averaged test signal
level measured in each frequency band.

The sensitivity is expressed in terms of dBPa/VV and the RLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23c), over bands 4 to 17, using m = 0,175 and the receiving weighting
factors from table 1 of ITU-T Recommendation P.79 [16].

No leakage correction shall be applied. The hands-free correction as described in ITU-T Recommendation P.340
shall be applied. To compute the receiving loudness rating (RLR) for hands-free terminals (see also ITU-T
Recommendation P.340), when using the combination of left and right artificial ear signals fromthe HATS, the
HFLe hasto be 8 dB instead of 14 dB. For further information see ITU-T Recommendation P.581.

ETSI



3GPP TS 26.132 version 16.2.0 Release 16 38 ETSI TS 126 132 V16.2.0 (2020-11)

7.2.5 Connections with headset UE

Same as for handset.

7.3 Idle channel noise (handset and headset UE)

For idle noise measurements in sending and receiving directions, care should be taken that only the noise is windowed
out by the analysis and the result is not impaired by any remaining reverberation or by noise and/or interference from
various other sources. Some examples are air-conducted or vibration-conducted noise from sources inside or outside the
test chamber, disturbances from lights and regulators, mains supply induced noise including grounding issues, test
system and system simulator inherent noise as well as radio interference from the UE to test equipment such as ear
simulators, microphone amplifiers, etc.

7.3.1 Sending

The terminal should be configured to the test equipment as described in subclause 5.1.
The environment shall comply with the conditions described in subclause 6.1.

The noise level at the output of the SSis measured with psophometric weighting. The psophometric weighting filter is
described in ITU-T Recommendation O.41.

A test signal may have to be intermittently applied to prevent ‘silent mode’ operation of the MS. Thisis for further
study.

The measured part of the noise shall be 170,667 ms (which equals 8192 samplesin a 48 kHz sample rate test system).
The spectral distribution of the noiseis analyzed with an 8k FFT using windowing with < 0,1 dB leakage for non bin-
centered signals. This can be achieved with a window function commonly known as a "flat top window". Within the
specified frequency range, the FFT bin that has the highest level is searched for; the level of this bin isthe maximum
level of asingle frequency disturbance.

To improve repeatability, the test sequence (optional activation followed by the noise level measurement) may be
contiguously repeated one or more times.

The total noise powers obtained from such repeats shall be averaged. The total result shall be 10 * logso of this average
indB.

The single frequency maximum powers obtained from such repeats shall be averaged. The total result shall be 10*1ogio
of thisaveragein dB.

7.3.2 Receiving

The terminal should be configured to the test equipment as described in subclause 5.1.

The environment shall comply with the conditions described in subclause 6.1.

A test signal may have to be intermittently applied to prevent ‘silent mode’ operation of the MS. Thisis for further
study.

The noise level shall be measured with A-weighting at the DRP with diffuse-field correction. The A-weighting filter is
described in |EC 60651.

The measured part of the noise shall be 170,667 ms (which equals 8192 samplesin a 48 kHz sample rate test system).
The spectral distribution of the noise is analyzed with an 8k FFT using windowing with < 0.1 dB leakage for non bin-
centred signals. This can be achieved with awindow function commonly known as a "flat top window". Within the
specified frequency range, the FFT bin that has the highest level is searched for; the level of this bin isthe maximum
level of asingle frequency disturbance.

To improve repeatability, considering the test sequence (optional activation followed by the noise level measurement)
may be contiguously repeated one or more times.
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The total noise powers obtained from such repeats shall be averaged. The total result shall be 10*logio of this averagein
dB.

The single frequency maximum powers obtained from such repeats shall be averaged. The total result shall be 10*1ogio
of thisaveragein dB.

7.4 Sensitivity/frequency characteristics

7.4.1 Handset and headset UE sending

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be -4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. Measurements shall be made at 1/12-octave intervals as
given by the R.40 series of preferred numbersin 1SO 3 for frequencies from 100 Hz to 4 kHz inclusive. For the
calculation, the averaged measured level at the electrical reference point for each frequency band isreferred to
the averaged test signal level measured in each frequency band at the MRP.

¢) The sensitivity is expressed in terms of dBV/Pa.

7.4.2 Handset and headset UE receiving

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. Measurements shall be made at 1/12-octave intervals as
given by the R.40 series of preferred numbersin 1SO 3 for frequencies from 100 Hz to 4 kHz inclusive. For the
calculation, the averaged measured level at each frequency band isreferred to the averaged test signal level
measured in each frequency band.

¢) TheHATS sdiffuse-field equalized. The sensitivity is expressed in terms of dBPa/V. Information about
correction factorsis available in subclause 5.1.4.

Optionally, the measurements may be repeated with a2 N and 13 N application force. For these test cases no normative
values apply.

7.4.3 Desktop and vehicle-mounted hands-free UE sending

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be -4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence. The broadband signal level isthen
adjusted to -28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-T Recommendation P.581) and the
spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as references to
determine the sending sensitivity Sy,

b) The hands-free terminal is setup as described in clause 5. M easurements shall be made at 1/3-octave intervals as
given by the R.40 series of preferred numbersin SO 3 for frequencies from 100 Hz to 4 kHz inclusive. For the
calculation, the averaged measured level at each frequency band isreferred to the averaged test signal level
measured in each frequency band.

¢) The sensitivity is expressed in terms of dBV/Pa.
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7.4.4 Desktop and vehicle-mounted hands-free UE receiving

a)

b)

c)

The test signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

The hands-free terminal is setup as described in clause 5. If aHATS isused, then it is free-field equalized as
described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged
over the total duration of the analysis; the right and |eft artificial ear signals are voltage-summed for each 1/3-
octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations
or measurements. Measurements shall be made at 1/3-octave intervals as given by the R.40 series of preferred
numbersin 1SO 3 for frequencies from 100 Hz to 4 kHz inclusive. For the calculation the averaged measured
level at each frequency band is referred to the averaged test signal level measured in each frequency band.

The sengitivity is expressed in terms of dBPa/V.

7.4.5 Hand-held hands-free UE sending

a)

b)

©)

The test signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. Thetest signal level shall be -4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence. The broadband signal level thenis
adjusted to -28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-T Recommendation P.581) and the
spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as reference to
determine the sending sensitivity Sy,

The hands-free terminal is setup as described in clause 5. Measurements shall be made at 1/3-octave intervals as
given by the R.40 series of preferred numbersin 1SO 3 for frequencies from 100 Hz to 4 kHz inclusive. For the
calculation, the averaged measured level at each frequency band isreferred to the averaged test signal level
measured in each frequency band.

The sensitivity is expressed in terms of dBV/Pa.

7.4.6 Hand-held hands-free UE receiving

a)

b)

c)

7.5

The test signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

The hands-free terminal is setup as described in clause 5. If aHATS isused, then it is free-field equalized as
described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged
over the total duration of the analysis; the right and |eft artificial ear signals are voltage-summed for each 1/3-
octave band frequency band; these 1/3-octave band data are considered as the input signal to be used for
calculations or measurements. Measurements shall be made at 1/3-octave intervals as given by the R.40 series of
preferred numbersin 1SO 3 for frequencies from 100 Hz to 4 kHz inclusive. For the calculation, the averaged
measured level at each frequency band is referred to the averaged test signal level measured in each frequency
band.

The sengitivity is expressed in terms of dBPa/V.

Sidetone characteristics

75.1 Connections with handset UE

The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T
Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is calibrated under
free-field conditions at the MRP. The test signal level shall be -4,7 dBPa measured at the MRP. The test signal level is
calculated over the complete test signal sequence.
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7.5.1.1 void

7.5.1.2 Connections with handset UE — HATS method
The handset UE is setup as described in clause 5. The application force shall be 13 N on the Type 3.3 artificial ear.

Where a user operated volume control is provided, the measurements shall be carried out at the nominal setting of the
volume control. In addition the measurement is repeated at the maximum volume control setting. It is expected that for
other positions of the volume control setting a consistent behaviour to that of the nominal and maximum settings should
be observed. Additional measurements for these positions are not required.

M easurements shall be made at 1/12-octave intervals as given by the R.40 series of preferred numbersin 1SO 3 for
frequencies from 100 Hz to 8 kHz inclusive. The averaged measured level at each frequency band is referred to the
averaged test signal level measured in each frequency band.

The sidetone path loss (LmeST), as expressed in dB, shall be calculated from each 1/3"%-octave band (ITU-T
Recommendation P.79 [16], table B.1, bands 4 to 17). The Sidetone Masking Rating (STMR), expressed in dB, shall be
calculated from formula B-4 of ITU-T Recommendation P.79 [16], using m = 0.225 and the weighting factorsin

table B.2 (unsealed condition) of ITU-T Recommendation P.79 [16]. No leakage correction (Lg) shall be applied. DRP-
ERP correction is used.

In case the STMR is below the limit, the measurement shall be repeated with the electrical sidetone path disabled and
both sets of results shall be reported. In case the STMR is below the limit also with the electrical sidetone path disabled,
the result shall not be regarded as a failure. Disconnecting the call is normally disabling the electrical sidetone path;
otherwise the UE can be switched off to enter the wanted state.

7.5.2 Headset UE

The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T
Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is calibrated under
free-field conditions at the MRP. The test signal level shall be -4,7 dBPa measured at the MRP. The test signal level is
calculated over the complete test signal sequence.

Where a user operated volume control is provided, the measurements shall be carried out at the nominal setting of the
volume control. In addition the measurement is repeated at the maximum volume control setting. It is expected that for
other positions of the volume control setting a consistent behaviour to that of the nominal and maximum settings should
be observed. Additional measurements for these positions are not required.

Measurements shall be made at 1/12-octave intervals as given by the R.40 series of preferred numbersin 1SO 3 for
frequencies from 100 Hz to 8 kHz inclusive. The averaged measured level at each frequency band is referred to the
averaged test signal level measured in each frequency band.

The sidetone path 10ss (L nest), as expressed in dB, shall be calculated from each 1/3"-octave band (ITU-T

Recommendation P.79 [16], table B.1, bands 4 to 17). The STMR (in dB) shall be calculated from formula B-4 of ITU-
T Recommendation P.79 [16], using m = 0.225 and the weighting factorsin table B.2 (unsealed condition) of ITU-T
Recommendation P.79 [16]. No leakage correction (Lg) shall be applied. DRP-ERP correction is used.

In case the STMR is below the limit, the measurement shall be repeated with the electrical sidetone path disabled and
both sets of results shall be reported. In case the STMR is below the limit also with the electrical sidetone path disabled,

the result shall not be regarded as afailure. Disconnecting the call is normally disabling the electrical sidetone path;
otherwise the UE can be switched off to enter the wanted state.

7.5.3 Hands-free UE (all categories)

No requirement other than echo control.

7.5.4 Sidetone delay for handset or headset

The handset or headset terminal is setup as described in clause 5.
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The test signal isa CS-signal complying with ITU-T Recommendation P.501 using a PN-sequence with alength, T, of
4 096 points (for a 48 kHz sampl e rate test system). The duration of the complete test signal is as specified in ITU-T
Recommendation P.501. The level of the signal shall be -4,7 dBPaat the MRP.

The cross-correlation function ®xy(t) between the input signal S,(t) generated by the test system in send direction and
the output signal Sy(t) measured at the artificial ear is calculated in the time domain:

@, (0)== |S(O)-S(+7)

1
=

| —no |

The measurement window, T, shall be identical to the test signal period, T, with the measurement window synchronized
to the PN-sequence of the test signal.

The sidetone delay is calculated from the envelope E(t) of the cross-correlation function ®xy(t). The first maximum of
the envel ope function occursin correspondence with the direct sound produced by the artificial mouth; the second one
occurs with a possible delayed sidetone signal. The difference between the two maxima corresponds to the sidetone
delay. The envelope E(7) is calculated by the Hilbert transformation H { xy(t)} of the cross-correlation:

S0

Hixy(r)}= 2 -

E(r) =lo, @ +[H{y@)F

It is assumed that the measured sidetone delay isless than T/2.

7.6 Stability loss

Where a user-controlled volume control is provided it is set to maximum.
Handset UE: The handset is placed on a hard plane surface with the earpiece facing the surface.

Headset UE: The requirement applies for the closest possible position between microphone and headset receiver
within the intended wearing position.

NOTE: Depending on the type of headset it may be necessary to repeat the measurement in different positions.
Hands-free UE (all categories): No requirement other than echo loss.

Before the actual test atraining sequence consisting of the British-English single talk sequence described in ITU-T
Recommendation P.501 [22] is applied. The training sequence level shall be -16 dBmO in order to not overload the
codec.

Thetest signal is a PN-sequence complying with ITU-T Recommendation P.501 with alength of 4 096 points (for a

48 kHz sampling rate system) and a crest factor of 6 dB instead of 11 dB. The PN-sequence is generated as described in
P.501 with W(K) constant within the frequency range 200-4000 Hz and zero outside thisrange. The duration of the test

signal is 250 ms. With an input signal of -3 dBmoO, the attenuation from input to output of the system simulator shall be
measured under the following conditions:

a) The handset or the headset, with the transmission circuit fully active, shall be positioned on a hard plane surface
with at least 400 mm free space in al directions; the earpiece shall face towards the surface as shown in
figure 15c;

b) The headset microphone is positioned as close as possible to the receiver(s) within the intended wearing
position;

¢) For abinaural headset, the receivers are placed symmetrically around the microphone.

Figure 15a. Void
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Figure 15b. Void
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Figure 15c. Test configuration for stability loss measurement on handset or headset UE

The attenuation from input to output of the system simulator shall be measured in the frequency range from 200 Hz to
4 kHz. The spectral distribution of the output signal is analysed with a4k FFT (for a 48 kHz sample rate test system),
thus the measured part of the output signal is 85.333 ms. To avoid leakage effects, the frequency resolution of the FFT
must be the same as the frequency spacing of the PN-sequence.

7.7 Acoustic echo control

7.7.1 General

The echo loss (EL) presented by the GSM, 3G, LTE or NR networks at the POI should be at |east 46 dB during single
talk. Thisvalue takes into account the fact that UE is likely to be used in a wide range of noise environments.

7.7.2 Acoustic echo control in a hands-free UE

The hands-free UE is setup in aroom with acoustic properties similar to atypical "office-type" room; avehicle-
mounted hands-free UE should be tested in a vehicle or vehicle simulator, as specified by the UE manufacturer (see also
3GPP TS 03.58 [11]). The ambient noise level <70 dBPa(A). The attenuation from reference point input to reference
point output shall be measured using the compressed real speech signal described in clause 7.3.3 of ITU-T P.501
Amendment 1 [33].

The TCLw iscalculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule). For the
calculation, the averaged measured echo level at each frequency band is referred to the averaged test signal level
measured in each frequency band. The first 17,0 s of the test signal (6 sentences) are discarded from the analysisto
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allow for convergence of the acoustic echo canceller. The analysisis performed over the remaining length of the test
sequence (last 6 sentences).

Thetest signal level shall be -10 dBmO.

7.7.3 Acoustic echo control in handset UE

The handset is set up according to clause 5. The ambient noise level shall be < -64 dBPa(A). The attenuation from the
reference point input to reference point output shall be measured using the compressed real speech signal described in
clause 7.3.3 of ITU-T P.501 Amendment 1 [33].

The TCLw iscalculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule). For the
calculation, the averaged measured echo level at each frequency band is referred to the averaged test signal level
measured in each frequency band. Thefirst 17,0 s of the test signal (6 sentences) are discarded from the analysisto
alow for convergence of the acoustic echo canceller. The analysisis performed over the remaining length of the test
sequence (last 6 sentences).

Thetest signal level shall be-10 dBmO.

7.7.4 Acoustic echo control in a headset UE

The headset is set up according to clause 5. The ambient noise level shall be <-64 dBPa(A). The attenuation from
reference point input to reference point output shall be measured using the compressed real speech signal described in
clause 7.3.3 of ITU-T P.501 Amendment 1 [33].

The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule). For the
calculation, the averaged measured echo level at each frequency band is referred to the averaged test signal level
measured in each frequency band. Thefirst 17,0 s of the test signal (6 sentences) are discarded from the analysisto
alow for convergence of the acoustic echo canceller. The analysisis performed over the remaining length of the test
sequence (last 6 sentences).

Thetest signal level shall be-10 dBmO.

7.8 Distortion

7.8.1 Sending distortion
The handset, headset, or hands-free UE is setup as described in clause 5.

The signal used is a sine-wave signal with a frequency of 1020 Hz. The sine-wave signa level shall be calibrated to the
following RMSlevels at the MRP: 5, 0, -4,7, -10, -15, -20 dBPa. The test signals have to be applied in this sequence,
i.e., from high levels down to low levels.

The duration of the sine-wave signal is recommended to be 360 ms. The manufacturer shall be allowed to reguest tone
lengths up to 1 s. The measured part of the signal shall be 170.667 ms (which equals 2 * 4096 samplesin a 48 kHz
sample rate test system). The times are selected to be relatively short in order to reduce the risk that the test toneis
treated as a stationary signal.

It is recommended that an optional activation signal be presented immediately preceding each test signal to ensure that
the UE isin atypical state during measurement. An appropriate speech or speech-like activation signal shall be chosen
from ITU-T Recommendations P.501 or P.50 [10]. A recommendation for the use of an activation signal as part of the
measurement is defined in figure 16. The RM S level of the active parts of this activation signal is recommended to be
equal to the subsequent test tone RM Slevel. In practice, certain types of processing may be impacted due to the
introduction of the activation signal. The manufacturer shall be allowed to specify disabling of the activation signal. It
shall be reported whether an activation signal was used or not, along with the characteristics of the activation signal, as
specified by the manufacturer.

Theratio of the signal to total distortion power of the signal output of the SS shall be measured with the psophometric
noise weighting (see ITU-T Recommendations G.712, 0.41 and 0.132). The psophometric filter shall be normalized
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(0 dB gain) at 800 Hz as specified in ITU-T Recommendation 0.41. The weighting function shall be applied to the total
distortion component only (not to the signal component).

For measurement of the total distortion component an octave-wide band-stop filter shall be applied to the signal to
suppress the sine-wave signal and associated coding artefacts. The filter shall have alower passband ending at

0.7071 * fs, and an upper passband starting at 1,4142 * fs, where fsis the frequency of the sine-wave signal. The
passband ripple of the filter shall be < 0.2 dB. The attenuation of the band-stop filter at the sine-wave frequency shall be
> 60 dB. Alternatively, the described characteristics can be implemented by an appropriate weighting on the spectrum
obtained from an FFT. Thetotal distortion component is defined as the measured signal within the frequency range

200 Hz to 4 kHz, after applying psophometric and stop filters (hence no correction for the lost power due to the stop
filter, known as "bandwidth correction”, shall be applied).

To improve repeatability, considering the variability introduced by speech coding and voice processing, the test
sequence (activation signal followed by the test signal) may be contiguously repeated one or more times.. The single
signal-to-total-distortion power ratios obtained from such repeats shall be averaged. The total result shall be 10 * logio
of thisaveragein dB.

Figure 16: Recommended activation sequence and test signal.

The activation signal consists of a"Bandlimited composite source signal with speech-like power density spectrum"
signal according to ITU-T Recommendation P.501 with 48,62 ms voiced part (1), 200 ms unvoiced part (2) and
101,38 ms pause (3), followed by the same signal but polarity inverted (4, 5, 6), followed by the voiced part only (7).
The pure test tone is applied and after 50 ms settling time (8), the analysisis made over the following 170,667 ms (9).

NOTE 1: Void.

NOTE 2: In order to ensure that the correct part of the signal is analyzed, the total delay of the termina and SS may
have to be determined prior to the measurement.

NOTE 3: For hands-free terminals tested in environments defined in subclause 6.1.2, care should be taken that the
reverberation in the test room, caused by the activation signal, does not affect the test resultsto an
unacceptable degree, referring to subclause 5.3.

7.8.2 Receiving
The handset, headset, or hands-free UE is setup as described in clause 5.

The signal used is a sine-wave signal with frequencies specified in clause 5.8 of 3GPP TS 26.131. The signal level shall
be -16 dBmO, except for the sine-wave signal with a frequency 1020 Hz that shall be applied at the signal input of the
SS at the following levels: 0, -3, -10, -16, -20, -30, -40, -45 dBmO. The test signals have to be applied in this sequence,
i.e., from high levels down to low levels.

The duration of the sine-wave signal is recommended to be 360 ms. The manufacturer shall be allowed to request tone
lengths up to 1 s. The measured part of the signal shall be 170.667 ms (which equals 2 * 4096 samplesin a 48 kHz
sample rate test system). The times are selected to be relatively short in order to reduce the risk that the test toneis
treated as a stationary signal.

It is recommended that an optional activation signal be presented immediately preceding each test signal to ensure that
the UE isin atypical state during measurement. An appropriate speech or speech-like activation signal shall be chosen
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from ITU-T Recommendations P.501 or P.50 [10]. A recommendation for the use of an activation signal as part of the
measurement is defined in figure 17. The RM S level of the active parts of this activation signal is recommended to be
equal to the subsequent test tone RM S level for low and medium test levels. To avoid saturation of the SS speech
encoder, it isrecommended for high test levelsthat the activation signal level be adjusted such that its peak level equals
the peak level of the test tone. In practice, certain types of processing may be impacted due to the introduction of the
activation signal. The manufacturer shall be allowed to specify disabling of the activation signal. It shall be reported
whether an activation signal was used or not, along with the characteristics of the activation signal, as specified by the
manufacturer.

Theratio of the signal to total distortion power shall be measured at the applicable acoustic measurement point (DRP
with diffuse-field correction for handset and headset modes; free field for hands-free modes) with psophometric noise
weighting (see ITU-T Recommendations G.712, O.41 and 0.132). The psophometric filter shall be normalized to have
0 dB gain at 800 Hz as specified in ITU-T Recommendation O.41. The weighting function shall be applied to the total
distortion component only (not to the signal component).

For measurement of the total distortion component an octave-wide band-stop filter shall be applied to the signal to
suppress the sine-wave signal and associated coding artefacts. The filter shall have alower passband ending at

0,7071 * fs, and an upper passband starting at 1,4142 * fs, where fsisthe frequency of the sine-wave signal. The
passband ripple of the filter shall be < 0.2 dB. The attenuation of the band-stop filter at the sine-wave frequency shall be
> 60 dB. Alternatively, the described characteristics can be implemented by an appropriate weighting on the spectrum
obtained from an FFT. The total distortion component is defined as the measured signal within the frequency range

200 Hz to 4 kHz, after applying psophometric and stop filters (hence no correction for the lost power due to the stop
filter, known as "bandwidth correction", shall be applied).

To improve repeatability, considering the variability introduced by speech coding and voice processing, the test
sequence (activation signal followed by the test signal) may be contiguoudly repeated one or more times. The single
signal-to-total -distortion power ratios obtained from such repeats shall be averaged. The total result shall be 10 * logio
of thisaveragein dB.

Figure 17: Recommended activation sequence and test signal.

The activation signal consists of a"Bandlimited composite source signal with speech-like power density spectrum"
signal according to ITU-T Recommendation P.501 with 48,62 ms voiced part (1), 200 ms unvoiced part (2) and
101,38 ms pause (3), followed by the same signal but polarity inverted (4, 5, 6), followed by the voiced part only (7).
The pure test tone is applied and after 50 ms settling time (8), the analysisis made over the following 170,667 ms (9).

NOTE 1. Void.

NOTE 2: In order to ensure that the correct part of the signal is analyzed, the total delay of the terminal and SS may
have to be determined prior to the measurement.

NOTE 3: For hands-free terminals tested in environments defined in subclause 6.1.2, care should be taken that the
reverberation in the test room, caused by the activation signal, does not affect the test resultsto an
unacceptable degree, referring to subclause 5.3.

7.9 Void
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7.10 Delay

7.10.0 UE Delay Measurement Methodologies

For UMTS circuit-switched operation and M T Sl-based speech with LTE, NR or WLAN accessin error and jitter free
conditions, the sum of the UE delays in the sending and receiving directions (Tst+Tr) shall be measured according to the
methods described in clauses 7.10.1 and 7.10.2. In the event that the delays of the test equipment in send and/or receive
directions are not stable between calls or cannot be accurately determined, the alternative method described in clause
7.10.3 may be used to obtain (Tst+Tr) and the measured instability or inaccuracy observed when the methods described
in 7.10.1 and 7.10.2 were performed shall be recorded in the test report. The test method(s) used and all results obtained
shall also be recorded in the test report.

For MT Sl-based speech with LTE, NR or WLAN access in conditions with simulated packet arrival time variations, the
sum of the UE delaysin the sending and receiving directions (Ts+Triiter) @nd the objective speech quality in the receive
direction shall be measured according to the method described in clause 7.10.4.

For MTSl-based speech with LTE, NR or WLAN access, prior to the actual measurements, the clock skew between UE
and reference client shall be compensated by adjusting the clock of the reference client to match the clock of the UE (as
stated in clause 5). The inaccuracy of the clock skew adjustment shall be less than 1ppm measured according to the
procedure in Annex D.

It shall be ensured that the packet generation by the reference client and the packet treatment of the test equipment are
free of jitter.

7.10.1 Delay in sending direction (Handset UE)

The handset terminal is setup as described in clause 5.1.1.

The UE delay in the sending direction is obtained by measuring the delay between MRP and the electrical access point
of the test equipment and subtracting the delays introduced by the test equipment from the measured value.

Artificia UE Microphone
Mouth

UE Signd RF Test
Processing Transmission equipment
MRP - — -
Entities &
Speech coder

Ts TTES

Figure 17b1: Different entities when measuring the delay in sending direction

The delay measured from MRP to the electrical access point of the test equipment is Ts + Tres.

T1es: The delay between the last bit of a speech frame at the system simulator antenna and the first electrical event at
the electrical access point of the test equipment.

1. For the measurements, a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is
used. The pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is
recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). Thetest signal level is-4,7
dBPaat the MRP.

2 Thereference signal isthe original signal (test signal). The setup of the handset/headset terminal is made
corresponding to clause 5.1.
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3. Thedelay isdetermined by cross-correlation analysis between the measured signal at the electrical access point
and the original signal. The measurement is corrected by subtracting the test equipment delay Tres.

4. Thedelay is measured in ms and the maximum of the cross-correlation envelope is used for the determination.

For MTSI-based speech with LTE, NR or WLAN access, a variability of up to 20ms may be expected between different
calls due to the synchronization between the speech frame processing in the sending UE and the bits of the speech
frames at the UE antenna. This synchronization is attributed to the UE sending delay according to the definition of the
UE delay reference points. Hence, the maximum value of the UE sending delay obtained from at least 5 individual calls
shall be reported as the UE delay in the sending direction. All values shall be reported in the test report.

A further variability of up to 20ms may be expected between different calls due to the synchronization between the
speech frames at the UE antenna and the speech frame processing in the receiving reference client of the test system. In
an end-to-end call this synchronization of the frames will only take place at the receiver, and this variability of the
measurement shall be deduced from the UE sending delay. Hence, if the reference client of the test equipment does not
adjust for the effect of the speech frame synchronization (as specified by the manufacturer of the reference client), this
maximum uncertainty shall be subtracted from measured maximum val ue reported as the UE sending delay in order to
compensate for the uncertainty of the test equipment. This correction value (i.e. maximum uncertainty) shall be reported
in the test report.

7.10.1a Delay in sending direction (headset UE)

The UE delay in the sending direction is obtained by measuring the delay between MRP and the electrical access point
of the test equipment and subtracting the delays introduced by the test equipment from the measured value.

Artificial Headset T T
Mouth Microphone
UE Signal RF Test
MRP Processing | | Transmission equipment
Entities &
_ Speech coder
Connection

K cable / \

~ v

Ts T 1es

Figure 17b2: Different entities when measuring the delay in sending direction with a headset
connected via cable

NOTE: Thetest setup only appliesto headsets connected by wire. Wireless headsets (e.g. connected by
Bluetooth) are currently out of scope.

The test method is the same as for handset UE (clause 7.10.1).

7.10.2 Delay in receiving direction (handset UE)
The handset terminal is setup as described in clause 5.

The UE delay in the receiving direction is obtained by measuring the delay between the electrical access point of the
test equipment and the DRP and subtracting the delays introduced by the test equipment from the measured value.
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Figure 17b3: Different entities when measuaring the delay in receiving direction

The delay measured from the electrical access point of the test equipment to DRPis Tr + Trer.

Trer: The delay between the first electrical event at the electrical access point of the test equipment and the first bit
of the corresponding speech frame at the system simulator antenna.

Before the actual test for M T SI-based speech with LTE, NR or WLAN access a conditioning sequence consisting of the
British-English single talk sequence described in ITU-T Recommendation P.501 [22] is applied for convergence of the
jitter buffer management of the UE. The conditioning sequence level shall be -16 dBmO in order to not overload the
codec.

1. For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is
used. The pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is
recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal level is-16
dBmO measured at the digital reference point or the equivalent analogue point.

2 Thereference signal isthe original signal (test signal). The setup of the handset/headset terminal isin
correspondence to clause 5.1.

3. Thedelay isdetermined by cross-correlation analysis between the measured signal at the electrical access point
and the original signal. The measurement is corrected by subtracting the test equipment delay Trer.

4. Thedelay is measured in ms and the maximum of the cross-correlation envelope is used for the determination.

For MTSl-based speech with LTE, NR or WLAN access, avariability of up to 20ms may be expected between different
calls due to the synchronization between the bits of the speech frames at the UE antenna and the speech frame
processing in the receiving UE. This synchronization is attributed to the UE receiving delay according to the definition
of the UE delay reference points. Hence, the maximum value of the UE receiving delay obtained from at least 5
individual calls shall be reported as the UE delay in the receiving direction. All values shall be reported in the test
report.

7.10.2a Delay in receiving direction (headset UE)

The UE delay in the receiving direction is obtained by measuring the delay between the electrical access point of the
test equipment and the DRP and subtracting the delays introduced by the test equipment from the measured value.
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Figure 17b4: Different entities when measuring the delay in receiving direction with a headset
connected via cable
NOTE:

The test setup only applies to headsets connected by wire. Wireless headsets (e.g. connected by
Bluetooth) are currently out of scope.

The test method is the same as for handset UE (clause 7.10.2).

7.10.3 Delay in sending + receiving direction using "echo" method (handset
UE)

The UE delay is obtained by measuring the delay between the MRP and the DRP and subtracting the delays introduced
by the test equipment from the measured value.
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Figure 17b4bis: Different entities when measuring the delay in sending + receiving direction
The delay measured from MRP to DRPis (Ts+ Tr+ Tsg).
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Tss: The delay between the last bit of a speech frame at the system simulator antenna and the first bit of the looped back
speech frame at the system simulator antenna.

Before the actual test for M T Sl-based speech with LTE, NR or WLAN access a conditioning sequence consisting of the
British-English single talk sequence described in ITU-T Recommendation P.501 [22] is applied for convergence of the
jitter buffer management of the UE. The conditioning sequence level shall be -16 dBmO in order to not overload the
codec.

1. For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is
used. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal level
is-4.7 dBPaat the MRP.

2. The system simulator is configured for "loopback" or "echo" operation with the additional loopback delay as
specified below when applicable. In "loopback™ or "echo" operation, the packets in the sending direction are
routed to the receiving direction by the system simulator.

3. Thereference signal isthe original signal (test signal). The setup of the mobile station isin correspondence to
clause5.1.

4. The mouth-to-ear delay is determined by cross-correlation analysis between the measured signal at DRP and the
original signal. The analysis window for the cross-correlation shall start at aninstant T > 50msin order to
discard the cross-correlation peaks corresponding to the direct acoustic path from mouth to ear and possible
delayed sidetone signal. The measurement is corrected by subtracting the system simulator delay Tssto obtain
the Ts+ Tr delay.

5. Thedelay is measured in ms and the maximum of the cross-correlation envelope is used for the determination.

For MTSI-based speech with LTE, NR or WLAN access, a variability of the UE delay with up to 20ms in the respective
sending and receiving direction may be expected due to the synchronization of the speech frame processing in the UE to
the bits of the speech frame on the UE antenna. This synchronization is attributed to the UE delay according to the
definition of the UE delay reference points. Hence, the UE delay shall be reported as the maximum value from at least 5
separate calls each with a different loopback delay Tssin at least 5 steps of 4msin the full range from 0 to 16ms. All
values shall be reported in the test report.

7.10.3a Delay in sending + receiving direction using "echo" method (headset
UE)

The UE delay is obtained by measuring the delay between the MRP and the DRP and subtracting the delays introduced
by the test equipment, Tss, from the measured val ue.

The test method is the same as for handset UE (clause 7.10.3).

7.10.4 Delay and speech quality in conditions with packet arrival time
variations and packet loss

7.10.4.1 Delay in sending direction

The UE delay in the sending direction, Ts, shall be measured in jitter and error free conditions according to clause
7.10.0.

7.10.4.2 Delay in receiving direction
For thistest it shall be ensured that the call is originated from the mobile terminal (MO).

NOTE 1: Differences have been observed between mobile originated call and mobile terminated call. For better
consistency MO calls are used.

The test signal consists of 3 repeats of the Composite Source Signal (CSS) according to ITU-T Recommendation P.501
[22] followed by a speech signal of 160s. During the first two CSS signals the terminal can adapt itsjitter buffer. The
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third CSSis used for measuring the delay in constant-delay condition, and the speech signal is used for delay and
quality measurement in the packet impairment condition.

Constant delay T corresponding to the minimum delay of the profile (i.e. the compensation value for the profile) shall
be added at the beginning of the different delay/loss profiles, to avoid unecessary delay jumps between the two
measurement phases and realistic conditions for the second measurement test phase.

In receiving direction, the delay between the electrical access point of the test equipment and the DRP, Treap.ore(t) =
Triitter(t) + Trer, IS Measured in two successive phases:

1) First the delay in constant-delay condition Treap-pre-constant 1S Measured as described in steps 1 to 4, clause 7.10.2,
using the third CSS signal. The constant delay T. is subtracted from Treap-pre-constant t0 0btain Tr.constant-

2) Then the delay with packet impairment Trijiner(t) is measured continuously for a speech signal during the
inclusion of packet delay and loss profilesin the receiving direction RTP voice stream.

Packet impairments shall be applied between the reference client and system simulator eNodeB. Separate calls shall be
established for each packet impairment condition.

The start of the delay profiles must be synchronized with the start of the downlink speech material reproduction
(compensated by the delay between reproduction and the point of impairment insertion, i.e. the delay of the reference
client) in order to ensure a repeatable application of impairments to the test speech signal. Tests shall be performed with
DTX enabled in the reference client.

NOTE 2: RTP packet impairments representing packet delay variations and loss in LTE transmission scenarios are
specified in Annex E. These LTE jitter/loss profiles are reused also for tests with WLAN and NR access.
Care must be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of
packets for transmission.

For the CSS signal repeated 3 times, the pseudo random noise (pn)-part of the CSS has to be longer than the maximum
expected delay. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal
level is-16 dBmO measured at the digital reference point or the equivalent analogue point.

For the speech signal, 8 English test sentences according to ITU-T P.501 Annex C.2.3, normalized to an active speech
level of -16dBmO, are used (2 male, 2 female speakers). The sequences are concatenated in such a way that all
sentences are centered within a 4.0s time window, which resultsin an overall duration of 32.0s. The sequences are
repeated 5 times, resulting in atest file 160.0s long. The first 2 sentences are used for convergence of the UE jitter
buffer manager and are discarded from the analysis. Equivalent implementations of the concatenation by repeating the
test sentences in sequence may be used.

For the delay calculation with the speech signal, a cross-correlation with a rectangular window length of 4s, centered at
each sentence of the stimulusfile, is used. The process is repeated for each sample. For each cross correlation, the
maximum of the envelope is obtained producing one delay value per sentence.

The UE delay in the receive direction, Triiter(t), IS 0btained by subtracting the delay introduced by the test equipment
and the simulated transport network packet delay introduced by the delay and loss profile (as specified for the
respective profile in Annex E) from the first electrical event at the electrical access point of the test equipment to the
first bit of the corresponding speech frame at the system simulator antenna, Trer, from the measured Treap-ore(t).

The difference D+ between maximum receiving delay obtained with at least 5 individual calls (see clause 7.10.2) and
the delay Tr-constant Measured for the CSS signal in constant delay condition is calculated. The quantity " Call-to-Call
Variability Adjustment” (CCVA) = max(0,Dr) shall be added to the obtained delay for the speech signal Trijitter(t).

For stationary packet delay variation test conditions (test condition 1 and 2), the first 2 sentences are used for
convergence of thejitter buffer management and are discarded from the analysis. The CCV A-adjusted UE delay (Tr-
ceva(t) = Tryiter(t) + CCVA) in the receiving direction shall be reported as the maximum value excluding the two
largest values of the remaining sequence of the 38 sentence delay values, i.e. the 95-percentile value of Tr.ccva(t). The
Tr-ccva Values for al 40 sentences shall be reported in the test report.

NOTE 3: The synchronization of the speech frame processing in the UE to the bits of the speech frames at the UE
antenna may lead to a variability of up to 20 ms of the measured UE receive delay between different calls.
This synchronization is attributed to the UE receiving delay according to the definition of the UE delay
reference points The effect of this possible call-to-call variation istaken into account with the CCVA =
max(0,Dr) value.
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7.10.4.3 Speech quality loss in conditions with packet arrival time variations and
packet loss

For the evaluation of speech quality lossin conditions with packet arrival time variations and packet |oss, the test signal
described in clause 7.10.4.2 shall be used. The first 2 sentences are used for convergence of the UE jitter buffer
manager and are discarded from the analysis. Two 48 kHz recordings are used to produce the speech quality loss
metric:

- Arecording obtained in jitter and error free conditions with the test signal described in clause 7.10.4.2 (reference
condition)

- A recording obtained during the application of packet arrival time variations and packet loss as described in
clause 7.10.4.2 (test condition)

The speech quality of the signal is estimated using the measurement algorithm described in ITU-T Recommendation
P.863 [44]. Level pre-alignment to -26 dBov of recordings shall be used — see P.863.1 clause 10.2 [45].

NOTE: The setup for acoustical measurement described in P.863 [44] is used. P.863 needs the signal at DRP with
diffuse-field equalization.

A score shall be computed for each 8s speech sentence pair and averaged to produce a mean MOS-LQO value for the
reference and test conditions.

19
M OS—LQOREF = (Z MOS - I—Qoreference(i )) /19
i=1

19
MOS-LQOrest= (Z MOS - LQOtnﬂcondition (I )) /19

i=1

NOTE: This evauation of the speech quality requirement is only applicable to test conditions with a stationary
statistic of the packet delay variation. Evaluation of the speech quality for atest condition with non-
stationary packet delay variationsis for further study.

The synchronization between stimuli and degraded condition shall be done by the test system before applying the P.863
algorithm on each sentence pair.
7.10.5 UE send clock accuracy
The UE clock accuracy in send direction shall be measured according to Annex D.
NOTEL: For this specific measurement, care should be taken about the clock accuracy of the test equipment. See
NOTE2: ;?rlgqt?r.ed in clause 5, prior to the actual measurements for M T Sl-based speech with LTE, NR or

WLAN access, the clocks of the reference client and the UE have to be synchronized. This measurement
of UE send clock accurary does not need to be repeated and can be obtained from this setup procedure.

7.10.6 UE receiving with clock skew

For further study.

7.11 Echo control characteristics

7.11.1 Test set-up and test signals
The device is set up according to clause 5. The ambient noise level shall be < -64 dBPa(A).

The test shall be performed with the British-English "long" double-talk and conditioning speech sequences from ITU-T
Recommendation P.501 [22], with the signals in the receiving direction band limited according to clause 5.4.
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A description of thetest stimuli is presented in Table 2a and Table 2b. The test sequence is composed of an initial
conditioning sequence of 23,5 s and adouble talk sequence of 35 s. For the analysis, the double talk sequenceis divided
into two segments, a first double-talk sequence with single short near-end words (0 — 20 s), and a second double-talk
sequence with continuous double talk (20 — 35 ).

The sending speech during double-talk and the "near-end speech only" are recorded individually, with the " near-end
speech only" sequence recorded with silence in the receiving direction. The time-alignment of the two recorded
sequences is performed off-line during the analysis.

Table 2a: Test stimuli for recording of Echo Canceller operation

Conditioning Single words (segment 1) and full sentence
(segment 2) double talk
Far-end signal FB_f emal e_condi ti oni ng_seq_| ong. wav FB_mal e_f emal e_si ngl e-t al k_seq. wav
Artificial mouth FB_nal e_condi ti oni ng_seq_| ong. wav FB_nal e_fenal e_doubl e-tal k_seq. wav
signal

Table 2b: Test stimuli for reference "near-end speech only" recording.

Conditioning Single words (segment 1) and full sentence
(segment 2) double talk
Far-end signal FB_f emal e_condi ti oni ng_seq_| ong. wav sil ence
Artificial mouth FB_nmal e_condi ti oni ng_seq_| ong. wav FB_nal e_f enal e_doubl e-t al k_seq. wav
signal

Theleve of the signal of the artificial mouth shall be -4,7 dBPa measured at the MRP. In order to obtain areproducible
time alignment as seen by the UE, the artificial mouth signal shall be delayed by the amount of the receiving direction
delay. For the purpose of this alignment, the receiving direction delay for handset and headset modesis defined from
the system simulator input to the artificial ear. For hands-free modes, the downlink delay is defined from the system
simulator input to the acoustic output from the UE |loudspeaker.

The level of the downlink signal shall be -16 dBmO measured at the digital reference point or the equivalent analogue
point.

7.11.2 Test method

The test method measures the duration of any level difference between the sending signal of a double-talk sequence
(where the echo canceller has been exposed to simultaneous echo and near-end speech) and the sending signal of the
same near-end speech only. Thelevel differenceis classified into eight categories according to Figure 17b5 and Table
2c, representing various degrees of "Full duplex operation”, "Near-end clipping”, and "Residual echo".

NOTE 1: Thelimitsfor specifying the categoriesin Figure 17b5 and Table 2c are provisional pending further
analysis and validation.

NOTE 2: The categoriesin Figure 17b5 and Table 2c are labelled in afunctional order and the subjective
impression of the respective categoriesis for further study.

NOTE 3: To reduce potential issues associated with low-frequency test room noise, a [4™-order high-pass filter
with a cut-off frequency of [100] Hz can be applied before the level computation.
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Figure 17b5: Classification of echo canceller performance

Table 2c: Categories for echo canceller performance classification

Category Level difference (AL) Duration (D) Description
Al -4dBsAL<4dB Full-duplex and full transparency
A2 -15dB<AL<-4dB Full-duplex with level loss in Tx
B AL <-15dB D <25ms Very short clipping
C AL <-15dB 25ms =D <150 ms Short clipping resulting in loss of
syllables
D AL <-15dB D =150 ms Clipping resulting in loss of words
E AL=4dB D <25ms Very short residual echo
F AL 24 dB 25ms =D <150 ms Echo bursts
G AL 24 dB D =150 ms Continuous echo

A pseudo-code reference of the test method including test scripts and test-vectorsis presented in clause C.3 and outlined
in the following sub clauses.

7.11.2.1 Signal alignment
For the analysis of the signal level difference, the send signal during double-talk and the near-end only signal are
aligned using a correlation analysis as described in clause C.3.2.

7.11.2.2 Signal level computation and frame classification

The analysisis based on the digital level measured with a meter according to |EC 61672 [38] with atime constant of
12,5 ms, sampled at 5 msintervals corresponding to the eval uated frames.

The "double-talk" frames are defined as the frames where both the far-end (receiving direction) signal includes active
speech (extended with a hang-over period of 200 ms) and the near-end signal is composed of active speech. Active
speech is defined to be detected using a speech level meter according to ITU-T P.56, and frames within -15.9 dB from
the active speech level are classified as active speech frames.

The "far-end single-talk adjacent to double-talk" frames are similarly defined using a speech level meter according to
ITU-T P.56 as the frames with active far-end speech (extended with a hang-over period of 200 ms) and no active near-
end speech (extended with a hang-over period of 200 ms).
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A reference implementation of the signal level computation and frame classification is presented in clause C.3.3.

7.11.2.3 Classification into categories

The analysis and classification into the categories according to Figure 17b5 and Table 2c is performed according to the
reference implementation described in clause C.3.4 and C.3.4.

The frames are first categorized according to the level categories defined in Table 2c. To determine the durations, the
amount of adjacent frames falling into the same level category is determined.

The classification is then performed individually for the following situations:

- framesclassified as "double-talk" from segment 1 of the double-talk sequence (see clause 7.11.1)

frames classified as "far-end single-talk adjacent to double-talk" from segment 1 of the double-talk sequence

frames classified as "double-talk" from segment 2 of the double-talk sequence
- framesclassified as "far-end single-talk adjacent to double-talk" from segment 2 of the double-talk sequence

To determine the percentage values for each category (A1, A2, B, C, D, E, F, and G) within each situation, the number
of frames falling into the respective category is divided by the total number of frames within the situation in question.

To determine the averaged level difference of the frames for each category (A1, A2, B, C, D, E, F, and G) within each
situation, the sum of the level difference (in dB) of the frames falling into the respective category is divided by the total
number of frames within the situation in question.

7.12  Quality (speech guality, noise intrusiveness) in the
presence of ambient noise

7.12.1 Handset

The speech quality in sending for narrowband systemsis tested based on ETSI TS 103 106 [34]. Thistest method |eads
to three MOS-LQOn quality numbers:

N-MOS-LQOnN: Transmission quality of the background noise
SMOS-LQOn: Transmission quality of the speech
G-MOS-LQOn: Overal transmission quality

The test arrangement is given in clause 5.1.5. The measurement is conducted for 8 noise conditions as described in
Table 2d. The measurements should be made in the same unique and dedicated call. The noise types shall be presented
according to the order specified in Table 2d.

ETSI



3GPP TS 26.132 version 16.2.0 Release 16 57 ETSI TS 126 132 V16.2.0 (2020-11)

Table 2d: Noise conditions used for ambient noise simulation in handset mode as specified in ES 202

396-1 [35]
Description File name Duration Level Type

L: 75,0 dB(A)
Recording in pub Pub_Noise_binaural_V2 30s Binaural

R: 73,0 dB(A)

. L: 74,9 dB(A)
Re;\?g::%%? t Outside_Traffic_Road_binaural 30s Binaural

P R: 73,9 dB(A)

. L: 69,1 dB(A)
Rec\c;rcrirl]n%f t Outside_Traffic_Crossroads_hbinaural 20s Binaural

paveme R: 69,6 dB(A)

. L: 68,2 dB(A)
Recording at Train_Station_binaural 30s Binaural

departure platform R: 69,8 dB(A)

. L: 69,1 dB(A)
F;?ﬁ/%gm%giighne Fullsize_Carl1_130Kmh_binaural 30s Binaural

P R: 68,1 dB(A)

. L: 68,4 dB(A)
Recordln%tatr sales Cafeteria_Noise_binaural 30s Binaural

counte R: 67,3 dB(A)

- L: 63,4 dB(A)
Regg][ggﬂ;n a Mensa_binaural 22s Binaural

R: 61,9 dB(A)

. . L: 56,6 dB(A)
Recordlnog%f:gebusmess Work_Noise_Office_Callcenter_binaural 30s Binaural

R: 57,8 dB(A)

1) Before starting the measurements a proper conditioning sequence shall be used. The conditioning sequence shall
be comprised of the four additional sentences 1- 4 described in ETSI TS 103 106 [34], applied to the beginning
of the 16-sentence test sequence.

NOTE: The sequence of speech samples concatenated for the test signal, consisting of aternating talkersin the
sending direction, reduces the overall test time but may represent an unrealistic behaviour for certain
voice enhancement technologies. Alternative concatenations are for further study.

2) The send speech signal consists of the 16 sentences of speech as described in ETSI TS 103 106 [34]. The test
signa level is-1,7 dBPa at the MRP, measured as the active speech level according to ITU-T P.56 [37]. Three
signals are required for the tests:

— Theclean speech signal is used as the undisturbed reference (see ETSI TS 103 106 [34], ETSI EG 202 396-3
[36]).

— The speech plus undisturbed background noise signal is recorded at the terminal's microphone position using
an omnidirectional measurement microphone with alinear frequency response between 50 Hz and 12 kHz.

— The send signal isrecorded at the POI.

3) N-MOS-LQONn, SMOS-LQON and G-MOS-LQOn are calculated as described in ETSI TS 103 106 [34] on a per
sentence basis and averaged over all 16 sentences. The results shall be reported as average and standard
deviation.

4) The measurement is repeated for each ambient noise condition described in Table 2d.

5) The average of the results derived from all ambient noise typesis calculated.
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7.12.2 Hand-held hands-free

The speech quality in sending for narrowband systemsis tested based on ETSI TS 103 106 [34]. Thistest method |eads
to three MOS-LQOn quality numbers:

N-MOS-LQOn: Transmission quality of the background noise
S MOS-LQOn: Transmission quality of the speech
G-MOS-LQON: Overal transmission quality

The test arrangement is given in clause 5.1.5.

When using the simulation method described in TS 103 224 [43], the measurement is conducted for 5 noise conditions
as described in Table 2d2. When using the ES 202 396-1 method, the equiva ent binaurally recorded noises described in
Table 2d2, and available in the source file directory of TS 103 224 [43], are used.

Table 2d2: Noise conditions used for ambient noise simulation in hand-held hands-free mode as
specified in TS 103 224 [43], A-weighted

Name Description Length Hands-free Levels |Binaural L |Binaural R
Full-size car HATS and microphone array at 30s 1:69,5dB 2: 68,6 dB | 68.7 dB 70.7 dB
130 km/h co-drivers position 3: 68,6 dB 4: 68,7 dB
(FullSizeCar_130) 5: 68,8 dB 6: 68,8 dB

7.69,2dB 8: 69,7 dB

Crossroadnoise HATS and microphone array 30s 1:69,9dB 2: 69,6 dB | 70.8dB 71.6 dB
(Crossroadnoise) standing outside near a crossroad 3:69,6 dB 4: 69,9 dB
5: 69,6 dB 6: 69,5 dB
7: 69,6 dB 8: 69,7 dB

Cafeteria (Cafeteria) |HATS and microphone array 30s 1:69,0dB 2: 69,7dB | 69.8 dB 70.3dB
inside a cafeteria 3: 69,6 dB 4: 69,8 dB
5: 69,5 dB 6: 69,5 dB
7: 69,7 dB 8: 70,0 dB

Sales Counter HATS and microphone array in a 30s 1:65,5dB 2: 65,3dB | 66.7 dB 66.6 dB
(SalesCounter) supermarket 3: 65,2 dB 4: 65,5 dB
5: 65,6 dB 6: 65,3 dB
7: 65,2 dB 8: 65,3dB

Callcenter 2 HATS and microphone array in 30s 1:59,3dB 2:59,3dB | 60,2 dB 60,0 dB
(Calicenter) business office 3:59,5dB 4: 59,6 dB
5:59,4 dB 6: 59,3 dB
7:59,3dB 8:59,5dB

1) Before starting the measurements a proper conditioning sequence shall be used. The conditioning sequence shall
be comprised of the four additional sentences 1- 4 described in ETSI TS 103 106 [34], applied to the beginning
of the 16-sentence test sequence. The conditioning signal level is +1.3 dBPa at the MRP, measured as active
speech level according to ITU-T P.56 [37].

NOTE: The sequence of speech samples concatenated for the test signal, consisting of aternating talkersin the
sending direction, reduces the overall test time but may represent an unrealistic behaviour for certain
voice enhancement technologies. Alternative concatenations are for further study.

2) The send speech signal consists of the 16 sentences of speech as described in ETSI TS 103 106 [34]. The test
signal level is +1.3dBPa at the MRP, measured as active speech level according to ITU-T P.56 [37]. Three
signals are required for the tests:

— Theclean speech signal is used as the undisturbed reference (see ETSI TS 103 106 [34], ETSI EG 202 396-3
[36]).

— The speech plus undisturbed background noise signal is recorded at the terminal's microphone position using
an omnidirectional measurement microphone with alinear frequency response between 50 Hz and 12 kHz.

— The send signal isrecorded at the POI.

3) N-MOS-LQONn, SMOS-LQON and G-MOS-LQOn are calculated as described in ETSI TS 103 106 [34] on a per
sentence basis and averaged over all 16 sentences. The results shall be reported as average and standard
deviation.
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4) The measurement is repeated for each ambient noise condition described in Table 2d2.

5) The average of the results derived from all ambient noise typesis cal cul ated.

7.13  Jitter buffer management behaviour

7.13.0 General

For speech-only with LTE, NR or WLAN access, ajitter buffer is used in receiving to handle the variation in packet
receiver timing. To minimize the additional latency introduced by the jitter buffer, adaptation is used to minimize delay
while preventing packet losses due to packet delivery timing variations. See clause 8 of TS 26.114 [39] for the
definition of jitter buffer and minimum performance requirements on JBM.

The test method is used to characterize different possible strategies and trade-offsin the design of JBM implementations
used in MTSI terminals.

7.13.1 Delay histogram
For thistest it shall be ensured that the call is originated from the mobile terminal (MO).

NOTE 1: Differences have been observed between mobile originated call and mobile terminated call. For better
consistency MO calls are used.

The test signal consists of 3 repeats of the Composite Source Signal (CSS) according to ITU-T Recommendation P.501
[22] followed by a speech signal of 160s. During the first two CSS signals the terminal can adapt itsjitter buffer. The
third CSSis used for measuring the delay in constant-delay condition, and the speech signal is used for delay and
guality measurement in the packet impairment condition.

Constant delay T, corresponding to the minimum delay of the profile (i.e. the compensation value for the profile) shall
be added at the beginning of the different delay/loss profiles, to avoid unecessary delay jumps between the two
measurement phases and realistic conditions for the second measurement test phase.

In receiving direction, the delay between the electrical access point of the test equipment and the DRP, Treap.ore(t) =
Tryiter(t) + Trer, 1S measured in two successive phases:

1) First thedelay in constant-delay condition Treap-pre-constant 1S Measured as described in steps 1 to 4, clause 7.10.2,
using the third CSS signal. The constant delay T is subtracted from Treap.ore to 0btain Tr-constant-

2) Then the delay with packet impairment Trjiter(t) iS measured continuously for a speech signal during the
inclusion of packet delay and loss profilesin the receiving direction RTP voice stream.

Packet impairments shall be applied between the reference client and system simulator eNodeB. Separate calls shall be
established for each packet impairment condition.

The start of the delay profiles must be synchronized with the start of the downlink speech material reproduction
(compensated by the delay between reproduction and the point of impairment insertion, i.e. the delay of the reference
client) in order to ensure a repeatable application of impairments to the test speech signal. Tests shall be performed with
DTX enabled in the reference client.

NOTE 2: RTP packet impairments representing packet delay variations and loss are specified in Annex F. Care must
be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of packets for
transmission.

For the CSS signal repeated 3 times, the pseudo random noise (pn)-part of the CSS has to be longer than the maximum
expected delay. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal
level is-16 dBmO measured at the digital reference point or the equivalent analogue point.

For the speech signal, 8 English test sentences according to ITU-T P.501 Annex C.2.3, normalized to an active speech
level of -16dBmO, are used (2 male, 2 female speakers). The sequences are concatenated in such a way that al
sentences are centered within a 4.0s time window, which resultsin an overall duration of 32.0s. The sequences are
repeated 5 times, resulting in atest file 160.0s long. The first 2 sentences are used for convergence of the UE jitter
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buffer manager and are discarded from the analysis. Equivalent implementations of the concatenation by repeating the
test sentences in sequence may be used.

For the delay calculation with the speech signal, a cross-correlation with a rectangular window length of 4s, centered at
each sentence of the stimulusfile, is used. The processis repeated for each sample. For each cross correlation, the
maximum of the envelope is obtained producing one delay value per sentence.

The UE delay in the receive direction, Triiter(t), iS 0btained by subtracting the delay introduced by the test equipment
and the simulated transport network packet delay introduced by the delay and loss profile (as specified for the
respective profile in Annex F) from the first electrical event at the electrical access point of the test equipment to the
first bit of the corresponding speech frame at the system simulator antenna, Trer, from the measured Treap-ore(t).

The difference D+ between maximum receiving delay obtained with at least 5 individual calls (see clause 7.10.2) and
the delay Tr-constant Measured for the CSS signal in constant delay condition is calculated. The quantity " Call-to-Call
Variability Adjustment” (CCVA) = max(0,Dr) shall be added to the obtained delay for the speech signal Trjitter(t)-

The UE delay in the receiving direction shall be reported in the form of an histogram covering the range of measured
CCVA-adjusted values (Tr-ccva(t) = Triiter(t) + CCVA) with astep of 20 ms. The following pseudo code provides an
example implementation for the histogram:

[ o=mi n(floor(Trccva(t=1...40)/20)*20)
hi =max(cei | ( Trceva(t=1...40)/20)*20)
[ n, x] =hi st ( Treceva(t=1...40),10:20: hi)
bar ( x, n)
The Tr-ccva values for al 40 sentences shall also be reported in the test report.

NOTE 3: The synchronization of the speech frame processing in the UE to the bits of the speech frames at the UE
antenna may lead to a variability of up to 20 ms of the measured UE receive delay between different calls.
This synchronization is attributed to the UE receiving delay according to the definition of the UE delay
reference points. The effect of this possible call-to-call variation is taken into account with the CCVA =
max(0,Dr) value.

7.13.2 Speech quality loss histogram

For the evaluation of speech quality lossin conditions with packet arrival time variations and packet |oss, the speech
test signal described in clause 7.13.1 shall be used. Two 48 kHz recordings are used to produce the speech quality loss
metric:

- Arecording obtained injitter and error free conditions with the test signal described in clause 7.13.1 (reference
condition)

- A recording obtained during the application of packet arrival time variations and packet |oss as described in
clause 7.13.1 (test condition)

The speech quality of the signal is estimated using the measurement algorithm described in ITU-T Recommendation
P.863 [44]. Level pre-alignment to -26 dBov of recordings shall be used — see P.863.1 clause 10.2 [45].

NOTE: The setup for acoustical measurement described in P.863 [44] is used. P.863 needs the signal at DRP with
diffuse-field equalization.

A score shall be computed for each 8s speech sentence pair. The MOS-LQO values for the reference and test conditions
shall be reported in the form of an histogram covering the range of measured val ues with a step of 0.1 and the values for
all 20 sentences pairs shall also be reported in the test report. The following pseudo code provides an example
implementation for the histogram:

| o=mi n(f 1 oor (MOS- LQQtest condi tion(i =1. . .20)/ 0. 1)*0. 1)
hi =max( cei | (MOS- LQQeest condition(i =1...20)/0.1)*0. 1)
[N, x] =hi st (MOS- LQQeest condition(i =1...20), 1 0:0.1: hi)
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bar ( x, n)

The synchronization between stimuli and degraded condition shall be done by the test system before applying the P.863
algorithm on each sentence pair.

8 Wideband telephony transmission performance test
methods

8.1 Applicability

The test methods in this clause shall apply when testing a UE that is used to provide wideband telephony, either asa
stand-alone service, or as part of a multimedia service.

The application force used to apply the handset against the artificial ear shall be 8 = 2 N. For the headset case, the
application of the headset shall comply with ITU-T Recommendation P.57 [14].

8.2 Overall loss/loudness ratings

8.2.1 General

The SLR and RLR vauesfor GSM, 3G, LTE, NR or WLAN networks apply up to the POI. However, the main
determining factors are the characteristics of the UE, including the analogue to digital conversion (ADC) and digital to
analogue conversion (DAC). In practice, it is convenient to specify loudness ratings to the Air Interface. For the normal
case, where the GSM, 3G, LTE, NR or WLAN network introduce no additional 1oss between the Air Interface and the
POI, the loudness ratings to the PSTN boundary (POI) will be the same as the loudness ratings measured at the Air
Interface.

8.2.2 Connections with handset UE

8.2.2.1 Sending loudness rating (SLR)

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be —4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. The sending sensitivity shall be calculated from each band
of the 20 frequencies given in table G.1 of ITU-T Recommendation P.79 Annex A [16], bands 1 to 20. For the
calculation, the averaged measured level at the electrical reference point for each frequency band isreferred to
the averaged test signal level measured in each frequency band at the MRP.

c) The sensitivity is expressed in terms of dBV/Paand the SLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23b), over bands 1 to 20, using m = 0,175 and the sending weighting
factorsfrom ITU-T Recommendation P.79 Annex A [16], table A2.

8.2.2.2 Receiving loudness rating (RLR)

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described 1 TU-
T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference point or
the equivalent analogue point. Thetest signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. The receiving sensitivity shall be calculated from each
band of the 20 frequencies given in table A.2 of ITU-T Recommendation P.79 Annex A [16], bands 1 to 20. For
the calculation, the averaged measured level at each frequency band isreferred to the averaged test signal level
measured in each frequency band.
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©)

d)

The sengitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23c), over bands 1 to 20, using m = 0,175 and the receiving weighting
factors from table A.2 of ITU-T Recommendation P.79 Annex A [16].

DRP-ERP correction is applied. No leakage correction shall be applied.

8.2.2.3 Receiving loudness rating (RLR) in the presence of background noise

Thistest shall be performed with the volume control at the maximum setting.

a)

b)

0)

d)

€)

f)

9)

h)

The downlink test signal to be used for the measurements shall be composed from the British-English material of
clause 7.3 in ITU-T Recommendation P.501 [22]. The signal is a concatenation of the following parts (see also
Figure 15a6):

1) The complete female short conditioning sequence (which includes aleading 5 s silence which is here used for
conditioning the UE under noise-only conditions). The level shall be -16 dBmO active speech level (ITU-T
P.56) measured at the digital reference point or the equivalent analogue point.

2) Pausel sec.

3) Thefirst 5 s of the male short conditioning sequence. The level shall be -16 dBmO active speech level (ITU-T
P.56) measured at the digital reference point or the equivalent analogue point.

4) The complete single-talk sequence. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete single-talk test
sequence.

The background noise playback shall be set up and calibrated according to handset related descriptionsin ETSI
TS 103 224 or ES 202 396-1. The "Pub Noise (Pub)" recording is used. This scenario is available for both
playback systems and is described in sub-clause 8.2 of TS 103 224 (8-channel recording) and sub-clause 8.2 of
ES 202 396-1 (binaural recording). The type of background noise reproduction used for the test shall be reported.

The handset terminal is setup as described in clause 5 and the relevant noise playback specification, TS 103 224
or ES 202 396-1. Set the volume control to maximum.

The start of the recording of the artificial ear signal and the start of the background noise playback shall be
synchronized to ensure consistent timing of repeated recordings, and allow background noise cancellation by
subtraction in the time domain as described below. The noise playback shall be looped with a 20 ms crossfade at
the loop point.

The background noise and downlink speech stimulus are applied and a recording of the artificial ear DRP signal
is performed. The sound fileis saved (filel). The playback is stopped.

The recording described in €) is repeated, this time with muted downlink signal. The soundfile is saved (file2).

A subtraction of the sasmplesis performed (filel-file2). The resulting time signal contains the output of the UE to
the artificial ear, where the background noise has been essentially eliminated. For further analysis, the duration
of the conditioning sequence and the receive delay from POI to DRP is discarded, resulting in atime signal
containing only the single-talk sequence.

The RLR is calculated according to sub-clause 8.2.2.2.

8.2.3 Connections with desktop and vehicle-mounted hands-free UE

V ehicle-mounted hands-free UE should be tested within the vehicle (for the totally integrated vehicle hands-free
systems) or in avehicle simulator, as described in 3GPP TS 03.58 [11].

Free-field measurements for vehicle-mounted hands-free are for further study.
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8.2.3.1 Sending loudness rating (SLR)

a)

b)

©)

The test signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be —4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence. The broadband signal level thenis
adjusted to —28,7 dBPa at the HFRP or the HATS HFRP (as defined in I TU-Recommendation P.581) and the
spectrum is not atered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as references to
determine the sending sensitivity Sy

The hands-free terminal is setup as described in clause 5. The sending sensitivity shall be calculated from each
band of the 20 frequencies given in table A.2 of ITU-T Recommendation P.79 Annex A [16], bands 1 to 20. For
the calculation, the averaged measured level at the electrical reference point for each frequency band isreferred
to the averaged test signal level measured in each frequency band at the MRP.

The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23b), over bands 1 to 20, using m = 0,175 and the sending weighting
factorsfrom ITU-T Recommendation P.79 Annex A [16], table A.2.

8.2.3.2 Receiving loudness rating (RLR)

a)

b)

c)

d)

The test signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

The hands-free terminal is setup as described in clause 5. If aHATS isused, thenit isfree-field equalized as
described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged
over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-
octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations
or measurements. The receiving sensitivity shall be calculated from each band of the 20 frequencies givenin
table A.2 of ITU-T Recommendation P.79 Annex A [16], bands 1 to 20.

For the calculation, the averaged measured level at each frequency band isreferred to the averaged test signal
level measured in each frequency band.

The sengitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23c), over bands 1 to 20, using m = 0,175 and the receiving weighting
factors from table A.2 of ITU-T Recommendation P.79 Annex A [16].

No leakage correction shall be applied. The hands-free correction as described in ITU-T Recommendation P.340
shall be applied. To compute the receiving loudness rating (RLR) for a hands-free terminal (see also ITU-T
Recommendation P.340), when using the combination of left and right artificial ear signals from the HATS, the
HFLE hasto be 8 dB instead of 14 dB. For further information see ITU-T Recommendation P.581.

8.2.4 Connections with hand-held hands-free UE

8.24.1 Sending loudness rating (SLR)

a)

b)

The test signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be —4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence. The broadband signal level thenis
adjusted to —28,7 dBPa at the HFRP or the HATS HFRP (as defined in P.581) and the spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as reference to
determine the sending sensitivity Sy

The hands-free terminal is setup as described in clause 5. The sending sensitivity shall be calculated from each
band of the 20 frequencies given in table A.2 of ITU-T Recommendation P.79 Annex A [16], bands 1 to 20. For
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the calculation the averaged measured level at the electrical reference point for each frequency band is referred
to the averaged test signal level measured in each frequency band at the MRP.

c) The sensitivity is expressed in terms of dBV/Paand the SLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23b), over bands 1 to 20, using m = 0,175 and the sending weighting
factors from ITU-T Recommendation P.79 Annex A [16], table A.2.

8.2.4.2 Receiving loudness rating (RLR)

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

b) The hands-free terminal is setup as described in clause 5. If aHATS isused, then it is free-field equalized as
described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged
over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-
octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations
or measurements. The receiving sensitivity shall be calculated from each band of the 20 frequencies given in
table A.2 of ITU-T Recommendation P.79 Annex A [16], bands 1 to 20.

For the calculation, the averaged measured level at each frequency band is referred to the averaged test signal
level measured in each frequency band.

¢) The sensitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
Recommendation P.79 [16], formula (A-23c), over bands 1 to 20, using m = 0,175 and the receiving wei ghting
factors from table A.2 of ITU-T Recommendation P.79 Annex A [16].

d) No leakage correction shall be applied. The hands-free correction as described in ITU-T Recommendation P.340
shall be applied. To compute the receiving loudness rating (RLR) for hands-free terminals (see also ITU-T
Recommendation P.340) when using the combination of left and right artificial ear signals from the HATS the
HFLe hasto be 8 dB, instead of 14 dB. For further information see ITU-T Recommendation P.581.

8.25 Connections with headset UE

Same as for handset.

8.3 Idle channel noise (handset and headset UE)

For idle noise measurements in sending and receiving directions, care should be taken that only the noise is windowed
out by the analysis and the result is not impaired by any remaining reverberation or by noise and/or interference from
various other sources. Some examples are air-conducted or vibration-conducted noise from sources inside or outside the
test chamber, disturbances from lights and regulators, mains supply induced noise including grounding issues, test
system and system simulator inherent noise as well as radio interference from the UE to test equipment such as ear
simulators, microphone amplifiers, etc.

8.3.1 Sending

The terminal should be configured to the test equipment as described in subclause 5.1.
The environment shall comply with the conditions described in subclause 6.1.
The noise level at the output of the SSis measured with A-weighting. The A-weighting filter is described in IEC 60651.

A test signal may have to be intermittently applied to prevent ‘silent mode’ operation of the MS. Thisis for further
study.

The measured part of the noise shall be 170,667 ms (which equals 8192 samplesin a 48 kHz sample rate test system).
The spectral distribution of the noiseis analyzed with an 8k FFT using windowing with < 0,1 dB leakage for non bin-
centered signals. This can be achieved with awindow function commonly known as a"flat top window". Within the
specified frequency range, the FFT bin that has the highest level is searched for; the level of thisbinisthe maximum
level of asingle frequency disturbance.
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To improve repeatability, the test sequence (optional activation followed by the noise level measurement) may be
contiguously repeated one or more times.

The total noise powers obtained from such repeats shall be averaged. The total result shall be 10 * logio of this average
indB.

The single frequency maximum powers obtained from such repeats shall be averaged. The total result shall be 10 * logio
of thisaveragein dB.

8.3.2 Receiving

The terminal should be configured to the test equipment as described in subclause 5.1.

The environment shall comply with the conditions described in subclause 6.1.

A test signal may have to be intermittently applied to prevent ‘silent mode’ operation of the MS. Thisis for further
study.

The noise shall be measured with A-weighting at the DRP with diffuse-field correction. The A-weighting filter is
described in IEC 60651.

The measured part of the noise shall be 170,667 ms (which equals 8192 samplesin a 48 kHz sample rate test system).
The spectral distribution of the noise is analyzed with an 8k FFT using windowing with < 0,1 dB leakage for non bin-
centered signals. This can be achieved with awindow function commonly known as a "flat top window". Within the
specified frequency range the FFT bin that has the highest level is searched for; the level of this bin isthe maximum
level of asingle frequency disturbance.

To improve repeatability, the test sequence (optional activation followed by the noise level measurement) may be
contiguously repeated one or more times.

The total noise powers obtained from such repeats shall be averaged. The total result shall be 10 * logs of this average
indB.

The single frequency maximum powers obtained from such repeats shall be averaged. The total result shall be 10 * logio
of thisaveragein dB.

8.4 Sensitivity/frequency characteristics

8.4.1 Handset and headset UE sending

The headset caseis similar to the handset one, except for the application force.

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be —4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. Measurements shall be made at 1/12-octave intervals as
given by the R.40 series of preferred numbersin 1SO 3 for frequencies from 100 Hz to 8 kHz inclusive. For the
calculation, the averaged measured level at the electrical reference point for each frequency band isreferred to
the averaged test signal level measured in each frequency band at the MRP.

¢) The sensitivity is expressed in terms of dBV/Pa.

8.4.2 Handset and headset UE receiving

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. Measurements shall be made at 1/12-octave intervals as
given by the R.40 series of preferred numbersin 1SO 3 for frequencies from 100 Hz to 8 kHz inclusive. For the
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calculation, the averaged measured level at each frequency band is referred to the averaged test signal level
measured in each frequency band.

¢) TheHATS isdiffuse-field equalized. The sensitivity is expressed in terms of dBPa/V. Information about
correction factorsis available in subclause 5.1.4.

Optionally, the measurements may be repeated with 2 N and 13 N application force. For these test cases ho normative
values apply.

8.4.3 Desktop and vehicle-mounted hands-free UE sending

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be —4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence. The broadband signal level isthen
adjusted to —28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-T Recommendation P.581) and the
spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as references to
determine the sending sensitivity Sy

b) The hands-free terminal is setup as described in clause 5. M easurements shall be made at 1/3-octave intervals as
given by the R.40 series of preferred numbersin 1SO 3 for frequencies from 100 Hz to 8 kHz inclusive. For the
calculation the averaged measured level at each frequency band isreferred to the averaged test signal level
measured in each frequency band.

¢) The sensitivity is expressed in terms of dBV/Pa.

8.4.4 Desktop and vehicle-mounted hands-free UE receiving

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

b) The hands-free terminal is setup as described in clause 5. If aHATS isused, then it is free-field equalized as
described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged
over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-
octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations
or measurements. Measurements shall be made at 1/3-octave intervals as given by the R.40 series of preferred
numbersin 1SO 3 for frequencies from 100 Hz to 8 kHz inclusive. For the calculation, the averaged measured
level at each frequency band is referred to the averaged test signal level measured in each frequency band.

c) The sensitivity is expressed in terms of dBPa/V.

8.45 Hand-held hands-free UE sending

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be —4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence. The broadband signal level isthen
adjusted to —28.7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-T Recommendation P.581) and the
spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as reference to
determine the sending sensitivity Sy

b) The hands-free terminal is setup as described in clause 5.1.3.3. Measurements shall be made at 1/3-octave
intervals as given by the R.40 series of preferred numbersin 1SO 3 for frequencies from 100 Hz to 8 kHz
inclusive. For the calculation, the averaged measured level at each frequency band is referred to the averaged test
signal level measured in each frequency band.

¢) The sensitivity is expressed in terms of dBV/Pa.
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8.4.6 Hand-held hands-free UE receiving

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

b) The hands-free terminal is setup as described in clause 5. If aHATS isused, then it is free-field equalized as
described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged
over the total duration of the analysis; the right and |eft artificial ear signals are voltage-summed for each 1/3-
octave band frequency band; these 1/3-octave band data are considered as the input signal to be used for
calculations or measurements. Measurements shall be made at 1/3-octave intervals as given by the R.40 series of
preferred numbersin 1SO 3 for frequencies from 100 Hz to 8 kHz inclusive. For the calculation, the averaged
measured level at each frequency band is referred to the averaged test signal level measured in each frequency
band.

c) The sensitivity is expressed in terms of dBPa/V.

8.5 Sidetone characteristics

85.1 Connections with handset UE

The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T
Recommendation P.501 [22]. The spectrum of the acoustic signal shall be produced by the HATS. The test signal level
shall be -4,7 dBPa measured at the MRP. Thetest signal level is calculated over the complete test signal sequence.

The handset UE is set up as described in clause 5. The application force shall be 13 N on the Type 3.3 artificial ear.

Where a user operated volume control is provided, the measurements shall be carried out at the nominal setting of the
volume control. In addition the measurement is repeated at the maximum volume control setting. It is expected that for
other positions of the volume control setting a consistent behaviour to that of the nominal and maximum settings should
be observed. Additional measurements for these positions are not required,

Measurements shall be made at 1/12-octave intervals as given by the R.40 series of preferred numbersin 1SO 3 for
frequencies from 100 Hz to 8 kHz inclusive. The averaged measured level at each frequency band is referred to the
averaged test signal level measured in each frequency band.

The sidetone path loss (LmeST), as expressed in dB, shall be calculated from each 1/3"-octave band (ITU-T
Recommendation P.79 [16], table B.1, bands 1 to 20). The Sidetone Masking Rating (STMR), expressed in dB, shall be
calculated from formula B-4 of ITU-T Recommendation P.79 [16], using m = 0.225 and the weighting factorsin

table B2 (unsealed condition) of ITU-T Recommendation P.79 [16]. No leakage correction (Lg) shall be applied. DRP-
ERP correction is used.

In case the STMR is below the limit, the measurement shall be repeated with the electrical sidetone path disabled and
both sets of results shall be reported. In case the STMR is below the limit also with the electrical sidetone path disabled,
the result shall not be regarded as a failure. Disconnecting the call is normally disabling the electrical sidetone path;
otherwise the UE can be switched off to enter the wanted state.

85.2 Headset UE

Thetest signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T
Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is calibrated under
free-field conditions at the MRP. The test signal level shall be—4,7 dBPa measured at the MRP. Thetest signal level is
calculated over the complete test signal sequence.

Where a user operated volume control is provided, the measurements shall be carried out at the nominal setting of the
volume control. In addition the measurement is repeated at the maximum volume control setting. It is expected that for
other positions of the volume control setting a consistent behaviour to that of the nominal and maximum settings should
be observed. Additional measurements for these positions are not required,
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Measurements shall be made at 1/12-octave intervals as given by the R.40 series of preferred numbersin 1SO 3 for
frequencies from 100 Hz to 8 kHz inclusive. The averaged measured level at each frequency band is referred to the
averaged test signal level measured in each frequency band.

The sidetone path 10ss (L nest), as expressed in dB, shall be calculated from each 1/3"-octave band (ITU-T

Recommendation P.79 [16], table B.1, bands 1 to 20). The STMR (in dB) shall be calculated from formula B-4 of 1TU-
T Recommendation P.79 [16], using m = 0.225 and the weighting factorsin table B.2 (unsealed condition) of ITU-T
Recommendation P.79 [16]. No leakage correction (L) shall be applied. DRP-ERP correction is used.

In case the STMR is below the limit, the measurement shall be repeated with the electrical sidetone path disabled and
both sets of results shall be reported. In case the STMR is below the limit also with the electrical sidetone path disabled,
the result shall not be regarded as a failure. Disconnecting the call is normally disabling the electrical sidetone path;
otherwise the UE can be switched off to enter the wanted state.

8.5.3 Hands-free UE (all categories)

No reguirement other than echo control.

8.5.4  Sidetone delay for handset or headset

The handset or headset terminal is setup as described in clause 5.

The test signal isa CS-signal complying with ITU-T Recommendation P.501 using a PN-sequence with alength, T, of
4 096 points (for a 48 kHz sample rate test system). The duration of the complete test signal is as specified in ITU-T
Recommendation P.501. The level of the signal shall be -4,7 dBPaat the MRP.

The cross-correlation function ®xy(t) between the input signal S,(t) generated by the test system in send direction and
the output signal Sy(t) measured at the artificial ear is calculated in the time domain:

,,(7)=
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T T
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The measurement window, T, shall be identical to the test signal period, T, with the measurement window synchronized
to the PN-sequence of the test signal.

The sidetone delay is calculated from the envelope E(t) of the cross-correlation function ®xy(t). The first maximum of
the envel ope function occursin correspondence with the direct sound produced by the artificial mouth; the second one
occurs with a possible delayed sidetone signal. The difference between the two maxima corresponds to the sidetone
delay. The envelope E(7) is calculated by the Hilbert transformation H {xy(t)} of the cross-correlation:
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It is assumed that the measured sidetone delay isless than T/2.

8.6 Stability loss

Where a user-controlled volume control is provided it is set to maximum.
Handset UE: The handset is placed on a hard plane surface with the earpiece facing the surface.

Headset UE: The requirement applies for the closest possible position between microphone and headset receiver within
the intended wearing position.

NOTE: Depending on the type of headset it may be necessary to repeat the measurement in different positions.
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Hands-free UE (all categories): No requirement other than echo loss.

Before the actual test atraining sequence consisting of the British-English single talk sequence described in ITU-T
Recommendation P.501 [22] is applied. The training sequence level shall be -16 dBmO in order to not overload the
codec.

The test signal is a PN-sequence complying with ITU-T Recommendation P.501 with alength of 4 096 points (for a

48 kHz sampling rate system) and a crest factor of 6 dB instead of 11 dB. The PN-sequence is generated as described in
P.501 with W(K) constant within the frequency range 100-8000 Hz and zero outside this range. The duration of the test

signal is 250 ms. With an input signal of -3 dBm0, the attenuation from input to output of the system simulator shall be

measured under the following conditions:

a) The handset or the headset, with the transmission circuit fully active, shall be positioned on a hard plane surface
with at least 400 mm free space in al directions. The earpiece shall face towards the surface as shown in
figure 17c;

b) The headset microphone is positioned as close as possible to the receiver(s) within the intended wearing
position;

¢) For abinaural headset, the receivers are placed symmetrically around the microphone.

min 400 mm /

Clear Area

min 500 mm

LSS LSS S S S S

min 400 mm

Clear Area

ST ST

Surface min 500 mm

A

\ 4

NOTE:  All dimensions in mm.
Figure 17c. Test configuration for stability loss measurement on handset or headset UE

The attenuation from input to output shall be measured in the frequency range from 100 Hz to 8 kHz. The spectral
distribution of the output signal is analysed with a4k FFT (for a 48 kHz sample rate test system), thus the measured part
of the output signal is 85,333 ms. To avoid leakage effects the frequency resolution of the FFT must be the same as the
frequency spacing of the PN-sequence.
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8.7 Acoustic echo control

8.7.1 General

The echo loss (EL) presented by the GSM, 3G, LTE, NR or WLAN networks at the POI should be at least 46 dB during
single talk. Thisvalue takesinto account the fact that UE islikely to be used in a wide range of noise environments.

8.7.2 Acoustic echo control in a hands-free UE

The hands-free UE is setup in aroom with acoustic properties similar to atypical "office-type" room; a vehicle-
mounted hands-free UE should be tested in a vehicle or vehicle simulator, as specified by the UE manufacturer (see also
3GPP TS 03.58 [11]). The ambient noise level shall be < -70 dBPa(A). The attenuation from reference point input to
reference point output shall be measured using the compressed real speech signal described in clause 7.3.3 of ITU-T
P.501 Amendment 1 [33].

The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule) but
using the frequency range of 300 Hz to 6 700 Hz (instead of 300 Hz to 3 400 Hz). For the calculation, the averaged
measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency
band. Thefirst 17,0 sof the test signal (6 sentences) are discarded from the analysisto allow for convergence of the
acoustic echo canceller. The analysisis performed over the remaining length of the test sequence (last 6 sentences).

Thetest signal level shall be-10 dBmO.

8.7.3 Acoustic echo control in a handset UE

The handset is set up according to clause 5. The ambient noise level shall be < -64 dBPa(A). The attenuation from the
reference point input to reference point output shall be measured using the compressed real speech signal described in
clause 7.3.3 of ITU-T P.501 Amendment 1 [33].

The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule) but
using the frequency range of 300 Hz to 6 700 Hz (instead of 300 Hz to 3 400 Hz). For the calculation, the averaged
measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency
band. Thefirst 17,0 s of the test signal (6 sentences) are discarded from the analysisto allow for convergence of the
acoustic echo canceller. The analysisis performed over the remaining length of the test sequence (last 6 sentences).

Thetest signal level shall be -10 dBmO.

8.7.4 Acoustic echo control in a headset UE

The headset is set up according to clause 5. The ambient noise level shall be < -64 dBPa(A). The attenuation from the
reference point input to reference point output shall be measured using the compressed real speech signal described in
clause 7.3.3 of ITU-T P.501 Amendment 1 [33].

The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule) but
using the frequency range of 300 Hz to 6 700 Hz (instead of 300 Hz to 3 400 Hz). For the calculation, the averaged
measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency
band. Thefirst 17,0 s of the test signal (6 sentences) are discarded from the analysisto allow for convergence of the
acoustic echo canceller. The analysisis performed over the remaining length of the test sequence (last 6 sentences).

Thetest signal level shall be -10 dBmO.

8.8 Distortion

8.8.1 Sending distortion
The handset, headset, or hands-free UE is setup as described in clause 5.

The signal used is a sine-wave signal with frequencies specified in clause 6.8 of 3GPP TS 26.131. The sine-wave signal
level shall be calibrated to -4,7 dBPa at the MRP for all frequencies, except for the sine-wave with a frequency 1020 Hz

ETSI



3GPP TS 26.132 version 16.2.0 Release 16 71 ETSI TS 126 132 V16.2.0 (2020-11)

which shall be applied at the following levels at the MRP: 5, 0, -4,7, -10, -15, -20 dBPa. The test signals have to be
applied in this sequence, i.e., from high levels down to low levels.

The duration of the sine-wave signal is recommended to be 360 ms. The manufacturer shall be allowed to request tone
lengths up to 1 s. The measured part of the signal shall be 170,667 ms (which equals 2 * 4096 samplesin a 48 kHz
sample rate test system). The times are selected to be relatively short in order to reduce the risk that the test toneis
treated as a stationary signal.

It is recommended that an optional activation signal be presented immediately preceding each test signal to ensure that
the UE isin atypical state during measurement (see Note 1.). An appropriate speech or speech-like activation signal
shall be chosen from ITU-T Recommendations P.501 or P.50 [10]. A recommendation for the use of an activation
signal as part of the measurement is defined in figure 18. The RMS level of the active parts of this activation signal is
recommended to be equal to the subsequent test tone RM S level. In practice, certain types of processing may be
impacted due to the introduction of the activation signal. The manufacturer shall be allowed to specify disabling of the
activation signal. It shall be reported whether an activation signal was used or not, along with the characteristics of the
activation signal, as specified by the manufacturer.

Theratio of the signal to total distortion power of the signal output of the SS shall be measured with the psophometric
noise weighting (see ITU-T Recommendations G.712, O.41 and O.132). The psophometric filter shall be normalized

(0 dB gain) at 800 Hz as specified in ITU-T Recommendation O.41. The weighting function shall be applied to the total
distortion component only (not to the signal component).

For measurement of the total distortion component an octave-wide band-stop filter shall be applied to the signal to
suppress the sine-wave signal and associated coding artefacts. The filter shall have alower passband ending at

0.7071 * fs, and an upper passband starting at 1.4142 * fs, where fsis the frequency of the sine-wave signal. The
passband ripple of the filter shall be < 0,2 dB. The attenuation of the band-stop filter at the sine-wave frequency shall be
> 60 dB. Alternatively, the described characteristics can be implemented by an appropriate weighting on the spectrum
obtained from an FFT. The total distortion component is defined as the measured signal within the frequency range

100 Hz to 6 kHz, after applying psophometric and stop filters (hence no correction for the lost power due to the stop
filter, known as "bandwidth correction", shall be applied).

To improve repeatability, considering the variability introduced by speech coding and voice processing, the test
sequence (activation signal followed by the test signal) may be contiguously repeated one or more times. The single
signal-to-total -distortion power ratios obtained from such repeats shall be averaged. The total result shall be 10 * logio
of thisaveragein dB.

Figure 18: Recommended activation sequence and test signal.

The activation signal consists of a"Bandlimited composite source signal with speech-like power density spectrum”
signal according to ITU-T Recommendation P.501 with 48,62 ms voiced part (1), 200 ms unvoiced part (2) and
101,38 ms pause (3), followed by the same signal but polarity inverted (4, 5, 6), followed by the voiced part only (7).
The pure test tone is applied and after 50 ms settling time (8), the analysisis made over the following 170,667 ms (9).

NOTE 1: Depending on the type of codec the test signal used may need to be adapted. If a sine-wave is not usable,
an alternative test signal could be a band-limited noise signal centered on the above frequencies.

NOTE 2: Void.
NOTE 3: Void.
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NOTE 4: In order to ensure that the correct part of the signal is analyzed, the total delay of the termina and SS may
have to be determined prior to the measurement.

NOTE 5: For hands-free terminals tested in environments defined in subclause 6.1.2, care should be taken that the
reverberation in the test room, caused by the activation signal, does not affect the test results to an
unacceptable degree, referring to subclause 5.3.

8.8.2 Receiving
The handset, headset, or hands-free UE is setup as described in clause 5.

The signal used is a sine-wave signal with frequencies specified in clause 6.8 of 3GPP TS 26.131. The signal level shall
be -16 dBmO, except for the sine-wave signal with a frequency 1020 Hz that shall be applied at the signal input of the
SSat the following levels: 0, -3, -10, -16, -20, -30, -40, -45 dBm0. The test signals have to be applied in this sequence,
i.e., from high levels down to low levels.

The duration of the sine-wave signal is recommended to be 360 ms. The manufacturer shall be allowed to reguest tone
lengths up to 1 s. The measured part of the signal shall be 170,667 ms (which equals 2 * 4096 samplesin a 48 kHz
sample rate test system). The times are selected to be relatively short in order to reduce the risk that the test toneis
treated as a stationary signal.

It is recommended that an optional activation signal be presented immediately preceding each test signal to ensure that
the UE isin atypical state during measurement (see Note 1.). An appropriate speech or speech-like activation signal
shall be chosen from ITU-T Recommendations P.501 or P.50 [10]. A recommendation for the use of an activation
signal as part of the measurement is defined in figure 19. The RMS level of the active parts of this activation signal is
recommended to be equal to the subsequent test tone RM S level for low and medium test levels. To avoid saturation of
the SS speech encoder, it is recommended for high test levels that the activation signal level is adjusted so that its peak
level equalsthe peak level of the test tone. In practice, certain types of processing may be impacted due to the
introduction of the activation signal. The manufacturer shall be allowed to specify disabling of the activation signal. It
shall be reported whether an activation signal was used or not, along with the characteristics of the activation signal, as
specified by the manufacturer.

Theratio of the signal to total distortion power shall be measured at the applicable acoustic measurement point (DRP
with diffuse-field correction for handset and headset modes; free field for hands-free modes) with the psophometric
noise weighting (see ITU-T Recommendations G.712, 0.41 and O.132). The psophometric filter shall be normalized to
have 0 dB gain at 800 Hz as specified in ITU-T Recommendation O.41. The weighting function shall be applied to the
total distortion component only (not to the signal component).

For measurement of the total distortion component an octave-wide band-stop filter shall be applied to the signal to
suppress the sine-wave signal and associated coding artefacts. The filter shall have alower passband ending at

0,7071 * fs, and an upper passband starting at 1,4142 * fs, where fsis the frequency of the sine-wave signal. The
passband ripple of the filter shall be < 0,2 dB. The attenuation of the band stop filter at the sine-wave frequency shall be
> 60 dB. Alternatively the described characteristics can be implemented by an appropriate weighting on the spectrum
obtained from an FFT. The total distortion component is defined as the measured signal within the frequency range

100 Hz to 6 kHz, after applying psophometric and stop filters (hence no correction for the lost power due to the stop
filter, known as "bandwidth correction", shall be applied).

To improve repeatability, considering the variability introduced by speech coding and voice processing, the test
sequence (activation signal followed by the test signal) may be contiguously repeated one or more times. The single
signal-to-total-distortion power ratios obtained from such repeats shall be averaged. The total result shall be 10 * logio
of thisaveragein dB.
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Figure 19: Recommended activation sequence and test signal.

The activation signal consists of a"Bandlimited composite source signal with speech-like power density spectrum"
signal according to ITU-T Recommendation P.501 with 48,62 ms voiced part (1), 200 ms unvoiced part (2) and
101,38 ms pause (3), followed by the same signal but polarity inverted (4, 5, 6), followed by the voiced part only (7).
The pure test tone is applied and after 50 ms settling time (8), the analysisis made over the following 170,667 ms (9).

NOTE 1: Void.
NOTE 2: Void.

NOTE 3: In order to ensure that the correct part of the signal is analyzed, the total delay of the terminal and SS may
have to be determined prior to the measurement.

NOTE 4: For hands-free terminals tested in environments defined in subclause 6.1.2, care should be taken that the
reverberation in the test room, caused by the activation signal, does not affect the test resultsto an
unacceptable degree, referring to subclause 5.3.

8.9 Void

8.10 Delay

8.10.0 UE Delay Measurement Methodologies

For UMTS circuit-switched operation and M TSI -based speech with LTE, NR or WLAN access in error and jitter free
conditions, the sum of the UE delaysin the sending and receiving directions (TS+TR) shall be measured according to
the methods described in clauses 8.10.1 and 8.10.2. In the event that the delays of the test equipment in send and/or
receive directions are not stable between calls or cannot be accurately determined, the alternative method described in
clause 8.10.3 may be used to obtain (TS+TR) and the measured instability or inaccuracy observed when the methods
described in 8.10.1 and 8.10.2 were performed shall be recorded in the test report. The test method(s) used and all
results obtained shall also be recorded in the test report.

For M T Sl-based speech with LTE, NR or WLAN access in conditions with simulated packet arrival time variations, the
sum of the UE delaysin the sending and receiving directions (Ts+Triiter) @nd the objective speech quality in the receive
direction shall be measured according to the method described in clause 8.10.4.

For MTSl-based speech with LTE, NR or WLAN access, prior to the actual measurements, the clock skew between UE
and reference client shall be compensated by adjusting the clock of the reference client to match the clock of the UE (as
stated in clause 5). The inaccuracy of the clock skew adjustment shall be less than 1ppm measured according to the
procedure in Annex D.

It shall be ensured that the packet generation by the reference client and the packet treatment of the test equipment are
free of jitter.
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8.10.1 Delay in sending direction (handset UE)

The handset terminal is setup as described in clause 5.1.1.

The UE delay in the sending direction is obtained by measuring the delay between MRP and the electrical access point
of the test equipment and subtracting the delays introduced by the test equipment from the measured value.

Artificial UE Microphone
Mouth

UE Signd RF Test
Alil MRP D Processing | | Transmission equipmert
Entities &
Speech coder
AN !
\/

Ts TTES

Figure 19b1: Different entities when measuring the delay in sending direction

The delay measured from MRP to the electrical access point of the test equipment is Ts + Tres.

T+res: The delay between the last bit of a speech frame at the system simulator antenna and the first electrical event at
the electrical access point of the test equipment.

1. For the measurements, a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is
used. The pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is
recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). Thetest signal level is-4,7
dBPaat the MRP.

2 Thereference signa isthe original signal (test signal). The setup of the handset/headset terminal is made
corresponding to clause 5.1.

3. Thedelay isdetermined by cross-correlation analysis between the measured signal at the electrical access point
and the original signal. The measurement is corrected by subtracting the test equipment delay Tres.

4. The delay is measured in ms and the maximum of the cross-correlation function is used for the determination.

For MTSl-based speech with LTE, NR or WLAN access, avariability of up to 20ms may be expected between different
calls due to the synchronization between the speech frame processing in the sending UE and the bits of the speech
frames at the UE antenna. This synchronization is attributed to the UE sending delay according to the definition of the
UE delay reference points. Hence, the maximum value of the UE sending delay obtained from at least 5 individual calls
shall be reported as the UE delay in the sending direction. All values shall be reported in the test report.

A further variability of up to 20ms may be expected between different calls due to the synchronization between the
speech frames at the UE antenna and the speech frame processing in the receiving reference client of the test system. In
an end-to-end call this synchronization of the frames will only take place at the receiver, and this variability of the
measurement shall be deduced from the UE sending delay. Hence, if the reference client of the test equipment does not
adjust for the effect of the speech frame synchronization (as specified by the manufacturer of the reference client), this
maximum uncertainty shall be subtracted from measured maximum value reported as the UE sending delay in order to
compensate for the uncertainty of the test equipment. This correction value (i.e. maximum uncertainty) shall be reported
in the test report.

8.10.1a Delay in sending direction (headset UE)

The UE delay in the sending direction is obtained by measuring the delay between MRP and the electrical access point
of the test equipment and subtracting the delays introduced by the test equipment from the measured value.

ETSI



3GPP TS 26.132 version 16.2.0 Release 16 75 ETSI TS 126 132 V16.2.0 (2020-11)

Artificial Headset T 1
Mouth Microphone
UE Signal RF Test
MRP Processing | | Transmission equipment
Entities &
Speech coder
Connection

cable
\ - _ .

Ts T 1ES

Figure 19b2: Different entities when measuring the delay in sending direction with a headset
connected via cable

NOTE: Thetest setup only appliesto headsets connected by wire. Wireless headsets (e.g. connected by
Bluetooth) are currently out of scope.

The test method is the same as for handset UE (clause 8.10.1).

8.10.2 Delay in receiving direction (handset UE)
The handset terminal is setup as described in clause 5.

The UE delay in the receiving direction is obtained by measuring the delay between the electrical access point of the
test equipment and the DRP and subtracting the delays introduced by the test equipment from the measured value.
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Figure 19b3: Different entities when measuring the delay in receiving direction

The delay measured from the electrical access point of the test equipment to DRPis Tr+ Trer.

T1er: The delay between the first electrical event at the electrical access point of the test equipment and the first bit
of the corresponding speech frame at the system simulator antenna.

Before the actual test for M T SI-based speech with LTE, NR or WLAN access a conditioning sequence consisting of the
British-English single talk sequence described in ITU-T Recommendation P.501 [22] is applied for convergence of the
jitter buffer management of the UE. The conditioning sequence level shall be -16 dBmO in order to not overload the
codec.

1. For the measurements, a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is
used. The pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is
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recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal level is-16
dBmO measured at the digital reference point or the equivalent analogue point.

2 Thereference signal isthe original signal (test signal). The setup of the handset/headset terminal isin
correspondence to clause 5.1.

3. Thedelay isdetermined by cross-correlation analysis between the measured signal at the electrical access point
and the original signal. The measurement is corrected by subtracting the test equipment delay Trer.

4. The delay is measured in ms and the maximum of the cross-correlation function is used for the determination.

For MTSl-based speech with LTE, NR or WLAN access, avariability of up to 20ms may be expected between different
calls due to the synchronization between the bits of the speech frames at the UE antenna and the speech frame
processing in the receiving UE. This synchronization is attributed to the UE receiving delay according to the definition
of the UE delay reference points. Hence, the maximum value of the UE receiving delay obtained from at least 5
individual calls shall be reported as the UE delay in the receiving direction. All values shall be reported in the test
report.

8.10.2a Delay in receiving direction (headset UE)

The UE delay in the receiving direction is obtained by measuring the delay between the electrical access point of the
test equipment and the DRP and subtracting the delays introduced by the test equipment from the measured val ue.

Artificia Headset T 1
Ear Loudspeaker
UE Signal RF Test
Processing || Transmission equipment
DRP Entities &
, Speech coder
Connection

cable
\ - _ .

T, T 1ES

Figure 19b4: Different entities when measuring the delay in receiving direction with a headset
connected via cable

NOTE: Thetest setup only appliesto headsets connected by wire. Wireless headsets (e.g. connected by
Bluetooth) are currently out of scope.

The test method is the same as for handset UE (subclause 8.10.2).

8.10.3 Delay in sending + receiving direction using "echo" method (handset
UE)

The UE delay is obtained by measuring the delay between the MRP and the DRP and subtracting the delays introduced
by the test equipment from the measured value.
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Figure 19b4bis: Different entities when measuring the delay in sending + receiving direction

The delay measured from MRP to DRPis (Ts + Tr+ Tss).

Tss: The delay between the last bit of a speech frame at the system simulator antenna and the first bit of the looped back
speech frame at the system simulator antenna.

Before the actual test for M T SI-based speech with LTE, NR or WLAN access a conditioning sequence consisting of the
British-English single talk sequence described in ITU-T Recommendation P.501 [22] is applied for convergence of the
jitter buffer management of the UE. The conditioning sequence level shall be -16 dBmO in order to not overload the
codec.

1. For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is
used. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal level
is-4.7 dBPaat the MRP.

2. The system simulator is configured for "loopback” or "echo" operation with the additional loopback delay as
specified below when applicable. In "loopback™ or "echo" operation, the packets in the sending direction are
routed to the receiving direction by the system simulator.

3. Thereference signal isthe original signal (test signal). The setup of the mobile station isin correspondence to
clause 5.1.

4. The mouth-to-ear delay is determined by cross-correlation analysis between the measured signal at DRP and the
original signal. The analysis window for the cross-correlation shall start at aninstant T > 50msin order to
discard the cross-correlation peaks corresponding to the direct acoustic path from mouth to ear and possible
delayed sidetone signal. The measurement is corrected by subtracting the system simulator delay Tss to obtain
the Ts + Tr delay.

5. Thedelay is measured in ms and the maximum of the cross-correlation envelope is used for the determination.
For MTSl-based speech with LTE, NR or WLAN access, a variability of the UE delay with up to 20msin the respective
sending and receiving direction may be expected due to the synchronization of the speech frame processing in the UE to

the bits of the speech frame on the UE antenna. This synchronization is attributed to the UE delay according to the
definition of the UE delay reference points. Hence, the UE delay shall be reported as the maximum value from at least 5

ETSI



3GPP TS 26.132 version 16.2.0 Release 16 78 ETSI TS 126 132 V16.2.0 (2020-11)

separate calls each with a different loopback delay TSSin at least 5 steps of 4msin the full range from 0 to 16ms. All
values shall be reported in the test report.

8.10.3a Delay in sending + receiving direction using "echo" method (headset
UE)

The UE delay is obtained by measuring the delay between the MRP and the DRP and subtracting the delays introduced
by the test equipment, Tss, from the measured value.

The test method is the same as for handset UE (clause 8.10.3).

8.10.4 Delay and speech quality in conditions with packet arrival time
variations and packet loss

8.104.1 Delay in sending direction

The UE delay in the sending direction, Ts, shall be measured in jitter and error free conditions according to clause
8.10.0.

8.10.4.2 Delay in receiving direction
For thistest it shall be ensured that the call is originated from the mobile termina (MO).

NOTE 1: Differences have been observed between mobile originated call and maobile terminated call. For better
consistency MO calls are used.

Thetest signal consists of 3 repeats of the Composite Source Signal (CSS) according to ITU-T Recommendation P.501
[22] followed by a speech signal of 160s. During the first two CSS signals the terminal can adapt itsjitter buffer. The
third CSSis used for measuring the delay in constant-delay condition, and the speech signal is used for delay and
guality measurement in the packet impairment condition.

Constant delay T corresponding to the minimum delay of the profile (i.e. the compensation value for the profile) shall
be added at the beginning of the different delay/loss profiles, to avoid unecessary delay jumps between the two
measurement phases and realistic conditions for the second measurement test phase.

In receiving direction, the delay between the electrical access point of the test equipment and the DRP, Treap.ore(t) =
Triitter(t) + Trer, IS Measured in two successive phases:

1) First the delay in constant-delay condition Treap-pre-constant 1S Measured as described in steps 1 to 4, clause 7.10.2,
using the third CSS signal. The constant delay T is subtracted from Treap-ore t0 Obtain Tr-constant-

2) Then the delay with packet impairment Trijiver(t) is measured continuously for a speech signal during the
inclusion of packet delay and loss profilesin the receiving direction RTP voice stream.

Packet impairments shall be applied between the reference client and system simulator eNodeB. Separate calls shall be
established for each packet impairment condition.

The start of the delay profiles must be synchronized with the start of the downlink speech material reproduction
(compensated by the delay between reproduction and the point of impairment insertion, i.e. the delay of the reference
client) in order to ensure a repeatable application of impairments to the test speech signal. Tests shall be performed with
DTX enabled in the reference client.

NOTE 2: RTP packet impairments representing packet delay variations and loss in LTE transmission scenarios are
specified in Annex E. These LTE jitter/loss profiles are reused also for tests with WLAN and NR access.
Care must be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of
packets for transmission.

For the CSS signal repeated 3 times, the pseudo random noise (pn)-part of the CSS has to be longer than the maximum
expected delay. It isrecommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal
level is-16 dBmO measured at the digital reference point or the equivalent analogue point.
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For the speech signal, 8 English test sentences according to ITU-T P.501 Annex C.2.3, normalized to an active speech
level of -16dBmO, are used (2 male, 2 female speakers). The sequences are concatenated in such a way that al
sentences are centered within a 4.0s time window, which resultsin an overall duration of 32.0s. The sequences are
repeated 5 times, resulting in a test file 160.0s long. The first 2 sentences are used for convergence of the UE jitter
buffer manager and are discarded from the analysis. Equivalent implementations of the concatenation by repeating the
test sentences in sequence may be used.

For the delay calculation with the speech signal, a cross-correlation with a rectangular window length of 4s, centered at
each sentence of the stimulusfile, is used. The process is repeated for each sample. For each cross correlation, the
maximum of the envelope is obtained producing one delay value per sentence.

The UE delay in the receive direction, Triier(t), IS 0btained by subtracting the delay introduced by the test equipment
and the simulated transport network packet delay introduced by the delay and loss profile (as specified for the
respective profile in Annex E) from the first electrical event at the electrical access point of the test equipment to the
first bit of the corresponding speech frame at the system simulator antenna, Trer, from the measured Treap-ore(t).

The difference Dt between maximum receiving delay obtained with at least 5 individual calls (see clause 7.10.2) and
the delay Tr-constant Measured for the CSS signal in constant delay condition is calculated. The quantity " Call-to-Call
Variability Adjustment” (CCVA) = max(0,Dr) shall be added to the obtained delay for the speech signal Trjitter(t)-

For stationary packet delay variation test conditions (test condition 1 and 2), the first 2 sentences are used for
convergence of the jitter buffer management and are discarded from the analysis. The CCVA-adjusted UE delay (Tw-
ceva(t) = Triier(t) + CCVA) in the receiving direction shall be reported as the maximum value excluding the two
largest values of the remaining sequence of the 38 sentence delay values, i.e. the 95-percentile value of Tr.ccva(t). The
Tr-ccva Values for al 40 sentences shall be reported in the test report.

NOTE 3: The synchronization of the speech frame processing in the UE to the bits of the speech frames at the UE
antenna may lead to a variability of up to 20 ms of the measured UE receive delay between different calls.
This synchronization is attributed to the UE receiving delay according to the definition of the UE delay
reference points The effect of this possible call-to-call variation istaken into account with the CCVA =
max(0,Dr) vaue.

8.10.4.3 Speech quality loss in conditions with packet arrival time variations and
packet loss

For the evaluation of speech quality lossin conditions with packet arrival time variations and packet |oss, the test signal
described in clause 8.10.4.2 shall be used. The first 2 sentences are used for convergence of the UE jitter buffer
manager and are discarded from the analysis. Two 48 kHz recordings are used to produce the speech quality loss
metric:

- Arecording obtained in jitter and error free conditions with the test signal described in clause 8.10.4.2 (reference
condition)

- A recording obtained during the application of packet arrival time variations and packet loss as described in
clause 8.10.4.2 (test condition)

The speech quality of the signal is estimated using the measurement algorithm described in ITU-T Recommendation
P.863 [44]. Level pre-alignment to -26 dBov of recordings shall be used — see P.863.1 clause 10.2 [45].

NOTE: The setup for acoustical measurement described in P.863 [44] is used. P.863 needs the signal at DRP with
diffuse-field equalization.

A score shall be computed for each 8s speech sentence pair and averaged to produce a mean MOS-LQO value for the
reference and test conditions.

19
MOS-LQOrer= (z MOS-LQO

i=1

(i))/19

reference

19
MOS-LQOresr = (Z MOS - LQOt«stcondition (l)) /19
i=1
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NOTE: This evaluation of the speech quality requirement is only applicable to test conditions with a stationary
statistic of the packet delay variation. Evaluation of the speech quality for atest condition with non-
stationary packet delay variationsis for further study.

The synchronization between stimuli and degraded condition shall be done by the test system before applying the P.863
algorithm on each sentence pair.

8.10.5 UE send clock accuracy

The UE clock accuracy in send direction shall be measured according to Annex D.

NOTEL: For this specific measurement, care should be taken about the clock accuracy of the test equipment. See
Tablela

NOTE2: Asrequiredin clause 5, prior to the actual measurements for M T Sl-based speech with LTE, NR or WLAN
access, the clocks of the reference client and the UE have to be synchronized. This measurement of UE send clock
accurary does not need to be repeated and can be obtained from this setup procedure.

8.10.6 UE receiving with clock skew

For further study.

8.11 Echo control characteristics

8.11.1 Test set-up and test signals
The deviceis set up according to clause 5. The ambient noise level shall be < -64 dBPa(A).

The test shall be performed with the British-English "long" double-talk and conditioning speech sequences from ITU-T
Recommendation P.501 [22], with the signals in the receiving direction band limited according to clause 5.4.

A description of the test stimuli is presented in Table 2e and Table 2f. The test sequence is composed of an initial
conditioning sequence of 23,5 s and a double talk sequence of 35 s. For the analysis, the double talk sequence is divided
into two segments, a first double-talk sequence with single short near-end words (0 — 20 s), and a second double-talk
sequence with continuous double talk (20-35 s).

The sending speech during double-talk and the "near-end speech only" are recorded individually, with the "near-end
speech only" sequence recorded with silence in the receiving direction. The time-alignment of the two recorded
sequences is performed off-line during the analysis.

Table 2e: Test stimuli for recording of Echo Canceller operation

Conditioning Single words (segment 1) and full sentence
(segment 2) double talk
Far-end signal FB_f emal e_condi ti oni ng_seq_| ong. wav FB_nal e_f enal e_si ngl e-t al k_seq. wav
Artific_ial mouth FB_nmal e_condi ti oni ng_seq_| ong. wav FB_nmal e_f enal e_doubl e-t al k_seq. wav
sighal

Table 2f: Test stimuli for reference "near-end speech only" recording.

Conditioning Single words (segment 1) and full sentence
(segment 2) double talk
Far-end signal FB_f emal e_condi ti oni ng_seq_| ong. wav si |l ence
Artific_ial mouth FB_mal e_condi ti oni ng_seq_| ong. wav FB_nal e_f emal e_doubl e-t al k_seq. wav
signal

The level of the signal of the artificial mouth shall be - 4.7 dBPa measured at the MRP. In order to obtain areproducible
time alignment as seen by the UE, the artificial mouth signal shall be delayed by the amount of the receiving direction
delay. For the purpose of this alignment, the receiving direction delay for handset and headset modesis defined from
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the system simulator input to the artificial ear. For handsfree modes, the downlink delay is defined from the system
simulator input to the acoustic output from the UE loudspeaker.

Thelevel of the downlink signal shall be -16 dBmO measured at the digital reference point or the equivalent analogue
point.

8.11.2 Test method

The test method measures the duration of any level difference between the sending signal of a double-talk sequence
(where the echo canceller has been exposed to simultaneous echo and near-end speech) and the sending signal of the
same near-end speech only. Thelevel differenceis classified into eight categories according to Figure 19b5 and Table
29, representing various degrees of "Full duplex operation”, "Near-end clipping”, and "Residual echo".

NOTE: Thelimitsfor specifying the categoriesin Figure 19b5 and Table 2g are provisional pending further
analysis and validation.

NOTE: The categoriesin Figure 19b5 and Table 2g are labelled in a functional order and the subjective
impression of the respective categoriesis for further study.

NOTE: To reduce potential issues associated with low-frequency test room noise, a [4™-order high-pass filter
with a cut-off frequency of [100] Hz can be applied before the level computation.

Leve ,
difference
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Figure 19b5: Classification of echo canceller performance
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Table 2g: Categories for echo canceller performance classification

Category Level difference (AL) Duration (D) Description
Al -4dB=<AL<4dB Full-duplex and full transparency
A2 -15dB<AL<-4dB Full-duplex with level loss in Tx
B AL <-15dB D <25ms Very short clipping
C AL <-15dB 25ms =D <150 ms Short clipping resulting in loss of
syllables
D AL <-15dB D =150 ms Clipping resulting in loss of words
E AL=4dB D<25ms Very short residual echo
F AL 24 dB 25ms =D <150 ms Echo bursts
G AL 24 dB D =150 ms Continuous echo

A pseudo-code reference of the test method including test scripts and test-vectorsis presented in Clause C.3 and
outlined in the following sub clauses.

8.11.2.1 Signal alignment

For the analysis of the signal level difference, the send signal during double-talk and the near-end only signal are
aligned using a correlation analysis as described in Clause C.3.2.

8.11.2.2 Signal level computation and frame classification

The analysisis based on the digital level measured with a meter according to |EC 61672 [38] with atime constant of
12.5 ms, sampled at 5 msintervals corresponding to the eval uated frames.

The "double-talk" frames are defined as the frames were both the far-end (receiving direction) signal includes active
speech (extended with a hang-over period of 200 ms) and the near-end signal is composed of active speech. Active
speech is defined to be detected using a speech level meter according to ITU-T P.56, and frames within -15.9 dB from
the active speech level are classified as active speech frames.

The "far-end single-talk adjacent to double-talk" frames are similarly defined using a speech level meter according to
ITU-T P.56 as the frames with active far-end speech (extended with a hang-over period of 200 ms) and no active near-
end speech (extended with a hang-over period of 200 ms).

A reference implementation of the signal level computation and frame classification is presented in Clause C.3.3.

8.11.2.3 Classification into categories

The analysis and classification into the categories according to Figure 19b5 and Table 2g is performed according to the
reference implementation described in Clause C.3.4 and C.3.4.

The frames are first categorized according to the level categories defined in Table 2g. To determine the durations, the
amount of adjacent frames falling into the same level category is determined.

The classification is then performed individually for the following situations:
- framesclassified as "double-talk" from segment 1 of the double-talk sequence (see 8.11.1)
- frames classified as "far-end single-talk adjacent to double-talk" from segment 1 of the double-talk sequence
- framesclassified as "double-talk" from segment 2 of the double-talk sequence
- framesclassified as "far-end single-talk adjacent to double-talk" from segment 2 of the double-talk sequence

To determine the percentage values for each category (A1, A2, B, C, D, E, F, and G) within each situation, the number
of frames falling into the respective category is divided by the total number of frames within the situation in question.

To determine the averaged level difference of the frames for each category (A1, A2, B, C, D, E, F, and G) within each
situation, the sum of the level difference (in dB) of the frames falling into the respective category is divided by the total
number of frames within the situation in question.
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8.12  Quiality (speech quality, noise intrusiveness) in the
presence of ambient noise

8.12.1 Handset

The speech quality in sending for wideband systemsistested based on ETSI TS 103 106 [34]. This test method leads to
three MOS-LQOw quality numbers:

N-MOS-LQOw: Transmission quality of the background noise
S MOS-LQOw: Transmission quality of the speech
G-MOS-LQOw: Overal transmission quality

The test arrangement is given in clause 5.1.5. For connections with handset UE, the measurement is conducted for 8
noise conditions as described in Table 2h. The measurements should be made in the same unique and dedicated call.
The noise types shall be presented according to the order specified in Table 2h.

Table 2h: Noise conditions used for ambient noise simulation in handset mode as specified in ES 202

396-1 [35]
Description File name Duration Level Type
L: 75,0 dB(A)
Recording in pub Pub_Noise_binaural_V2 30s Binaural
R: 73,0 dB(A)
. L: 74,9 dB(A)
Rec\(;rcrirl]n%f t Outside_Traffic_Road_binaural 30s Binaural
paveme R: 73,9 dB(A)
. L: 69,1 dB(A)
Re;\?g::%%? t Outside_Traffic_Crossroads_binaural 20s Binaural
P R: 69,6 dB(A)
. L: 68,2 dB(A)
Recording at Train_Station_binaural 30s Binaural
departure platform R: 69,8 dB(A)
. L: 69,1 dB(A)
Ffﬁ.(\:/ (:ri'n%;;ghne Fullsize_Carl_130Kmh_binaural 30s Binaural
p R: 68,1 dB(A)
. L: 68,4 dB(A)
Recorf(')ﬂ%tztr sales Cafeteria_Noise_binaural 30s Binaural
R: 67,3 dB(A)
. L: 63,4 dB(A)
Regggglzﬂ;n a Mensa_binaural 22s Binaural
R: 61,9 dB(A)
- . L: 56,6 dB(A)
Recordlnog%fzgebusmess Work_Noise_Office_Callcenter_binaural 30s Binaural
R: 57,8 dB(A)

1) Before starting the measurements a proper conditioning sequence shall be used. The conditioning sequence shall
be comprised of the four additional sentences 1-4 described in ETSI TS 103 106 [34], applied to the beginning of
the 16-sentence test sequence.

NOTE: The sequence of speech samples concatenated for the test signal, consisting of alternating talkersin the
sending direction, reduces the overall test time but may represent an unrealistic behaviour for certain
voice enhancement technologies. Alternative concatenations are for further study.
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2) The send speech signal consists of the 16 sentences of speech as described in ETSI TS 103 106 [34] The test
signal level is- 1.7 dBPaat the MRP, measured as active speech level according to ITU-T P.56 [37]. Three
signals are required for the tests:

— Theclean speech signal is used as the undisturbed reference (see ETSI TS 103 106 [34], ETSI EG 202 396-3

[36]).

— The speech plus undisturbed background noise signal is recorded at the terminal’s microphone position using
an omnidirectional measurement microphone with alinear frequency response between 50 Hz and 12 kHz.

— The send signal isrecorded at the POI.

3) N-MOS-LQOw, SMOS-LQOw and G-MOS-LQOw are calculated as described in ETS| TS 103 106 [34] on a
per sentence basis and averaged over al 16 sentences. The results shall be reported as average and standard

deviation.

4) The measurement is repeated for each ambient noise condition described in Table 2h.

5) The average of the results derived from all ambient noise typesis cal culated.

8.12.2

Hand-held hands-free

For connections with hand-held hands-free UE, when using the simulation method described in TS 103 224 [43], the
measurement is conducted for 5 noise conditions as described in Table 2h2. When using the ES 202 396-1 method, the
equivalent binaurally recorded noises described in Table 2h2, and available in the source file directory of TS 103 224

[43], are used.

Table 2h2: Noise conditions used for ambient noise simulation in hand-held hands-free mode as

specified in TS 103 224 [43], A-weighted

Name Description Length |Hands-free Levels Binaural |Binaural R
L
Full-size car HATS and microphone array at (30 s 1:69,5dB 2: 68,6 dB |68.7 dB 70.7 dB
130 km/h co-drivers position 3: 68,6 dB 4: 68,7 dB
(FullSizeCar_130) 5: 68,8 dB 6: 68,8 dB
7:69,2 dB 8: 69,7 dB
Crossroadnoise HATS and microphone array 30s 1:69,9dB 2: 69,6 dB |70.8 dB 71.6 dB
(Crossroadnoise) standing outside near a 3: 69,6 dB 4: 69,9 dB
crossroad 5: 69,6 dB 6: 69,5 dB
7.69,6 dB 8: 69,7 dB
Cafeteria (Cafeteria) |HATS and microphone array 30s 1:69,0dB 2: 69,7dB |69.8 dB 70.3dB
inside a cafeteria 3: 69,6 dB 4: 69,8 dB
5:69,5dB 6: 69,5 dB
7:69,7 dB 8: 70,0 dB
Sales Counter HATS and microphone array ina |30 s 1: 65,5dB 2: 65,3dB [66.7 dB 66.6 dB
(SalesCounter) supermarket 3: 65,2 dB 4: 65,5 dB
5: 65,6 dB 6: 65,3 dB
7.65,2 dB 8: 65,3 dB
Callcenter 2 HATS and microphone array in |30 s 1:59,3dB 2:59,3dB |60,2 dB 60,0 dB
(Callcenter) business office 3:59,5dB 4: 59,6 dB
5:59,4 dB 6: 59,3 dB
7:59,3 dB 8: 59,5 dB

1) Before starting the measurements a proper conditioning sequence shall be used. The conditioning sequence shall
be comprised of the four additional sentences 1-4 described in ETSI TS 103 106 [34], applied to the beginning of
the 16-sentence test sequence.

NOTE: The sequence of speech samples concatenated for the test signal, consisting of aternating talkersin the
sending direction, reduces the overall test time but may represent an unrealistic behaviour for certain
voice enhancement technologies. Alternative concatenations are for further study.

2) The send speech signal consists of the 16 sentences of speech as described in ETSI TS 103 106 [34]. For
connections with a hand-free UE, the test signal level is+1.3dBPa at the MRP, measured as active speech level
according to ITU-T P.56 [37]. Three signals are required for the tests:
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— Theclean speech signal is used as the undisturbed reference (see ETSI TS 103 106 [34], ETSI EG 202 396-3
[36]).

— The speech plus undisturbed background noise signal is recorded at the terminal’s microphone position using
an omnidirectional measurement microphone with alinear frequency response between 50 Hz and 12 kHz.

— The send signal isrecorded at the POI.

3) N-MOS-LQOw, SSMOS-LQOw and G-MOS-L QOw are calculated as described in ETSI TS 103 106 [34] ona
per sentence basis and averaged over all 16 sentences. The results shall be reported as average and standard
deviation.

4) The measurement is repeated for each ambient noise condition described in Table 2h2.

5) The average of the results derived from all ambient noise types is calculated.

8.13  Jitter buffer management behaviour

8.13.0 General

For speech-only with LTE, NR or WLAN access, ajitter buffer is used in receiving to handle the variation in packet
receiver timing. To minimize the additional latency introduced by the jitter buffer, adaptation is used to minimize delay
while preventing packet losses due to packet delivery timing variations. See clause 8 of TS 26.114 [39] for the
definition of jitter buffer and minimum performance requirements on JBM.

The test method is used to characterize different possible strategies and trade-offs in the design of JBM implementations
used in MTSI terminals.

8.13.1 Delay histogram
For thistest it shall be ensured that the call is originated from the mobile terminal (MO).

NOTE 1: Differences have been observed between mobile originated call and mobile terminated call. For better
consistency MO calls are used.

Thetest signal consists of 3 repeats of the Composite Source Signal (CSS) according to ITU-T Recommendation P.501
[22] followed by a speech signal of 160s. During the first two CSS signals the terminal can adapt itsjitter buffer. The
third CSSis used for measuring the delay in constant-delay condition, and the speech signal is used for delay and
quality measurement in the packet impairment condition.

Constant delay T corresponding to the minimum delay of the profile (i.e. the compensation value for the profile) shall
be added at the beginning of the different delay/loss profiles, to avoid unecessary delay jumps between the two
measurement phases and realistic conditions for the second measurement test phase.

In receiving direction, the delay between the electrical access point of the test equipment and the DRP, Treap.ore(t) =
Triitter(t) + Trer, IS Measured in two successive phases:

- First the delay in constant-delay condition Treap-pre-constant 1S Measured as described in steps 1 to 4, clause 8.10.2,
using the third CSS signal. The constant delay T is subtracted from Treap-orp t0 Obtain Tr-constant-

- Then the delay with packet impairment Trjiter(t) iS measured continuously for a speech signal during the
inclusion of packet delay and loss profilesin the receiving direction RTP voice stream.

Packet impairments shall be applied between the reference client and system simulator eNodeB. Separate calls shall be
established for each packet impairment condition.

The start of the delay profiles must be synchronized with the start of the downlink speech material reproduction
(compensated by the delay between reproduction and the point of impairment insertion, i.e. the delay of the reference
client) in order to ensure a repeatable application of impairments to the test speech signal. Tests shall be performed with
DTX enabled in the reference client.
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NOTE 2: RTP packet impairments representing packet delay variations and loss are specified in Annex F. Care must
be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of packets for
transmission.

For the CSS signal repeated 3 times, the pseudo random noise (pn)-part of the CSS has to be longer than the maximum
expected delay. It isrecommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal
level is-16 dBmO measured at the digital reference point or the equivalent analogue point.

For the speech signal, 8 English test sentences according to ITU-T P.501 Annex C.2.3, normalized to an active speech
level of -16dBmO, are used (2 male, 2 female speakers). The sequences are concatenated in such a way that all
sentences are centered within a 4.0s time window, which resultsin an overall duration of 32.0s. The sequences are
repeated 5 times, resulting in atest file 160.0s long. The first 2 sentences are used for convergence of the UE jitter
buffer manager and are discarded from the analysis. Equivalent implementations of the concatenation by repeating the
test sentences in sequence may be used.

For the delay calculation with the speech signal, a cross-correlation with a rectangular window length of 4s, centered at
each sentence of the stimulusfile, is used. The processis repeated for each sample. For each cross correlation, the
maximum of the envelope is obtained producing one delay value per sentence.

The UE delay in the receive direction, Triirer(t), is Obtained by subtracting the delay introduced by the test equipment
and the simulated transport network packet delay introduced by the delay and loss profile (as specified for the
respective profile in Annex F) from the first electrical event at the electrical access point of the test equipment to the
first bit of the corresponding speech frame at the system simulator antenna, Trer, from the measured Treap-ore(t).

The difference D+ between maximum receiving delay obtained with at least 5 individual calls (see clause 7.10.2) and
the delay Tr-constant Measured for the CSS signal in constant delay condition is calculated. The quantity " Call-to-Call
Variability Adjustment" (CCVA) = max(0,Dr) shall be added to the obtained delay for the speech signal Trijitter(t).

The UE delay in the receiving direction shall be reported in the form of an histogram covering the range of measured
CCVA-adjusted values (Tr-ccva(t) = Triiter(t) + CCVA) with astep of 20 ms. The following pseudo code provides an
example implementation for the histogram:

[ o=mi n(floor(Trccva(t=1...40)/20)*20)
hi =max(cei | ( Trceva(t=1...40)/20)*20)
[ n, x] =hi st (Treceva(t =1...40),10:20: hi)
bar (x, n)
The Tr-ccva values for al 40 sentences shall also be reported in the test report.

NOTE 3: The synchronization of the speech frame processing in the UE to the bits of the speech frames at the UE
antenna may lead to a variability of up to 20 ms of the measured UE receive delay between different calls.
This synchronization is attributed to the UE receiving delay according to the definition of the UE delay
reference points. The effect of this possible call-to-call variation is taken into account with the CCVA =
max(0,Dr) value.

8.13.2 Speech quality loss histogram

For the eval uation of speech quality loss in conditions with packet arrival time variations and packet 10ss, the speech
test signal described in clause 7.13.1 shall be used. Two 48 kHz recordings are used to produce the speech quality loss
metric:

- Arrecording obtained injitter and error free conditions with the test signal described in clause 7.13.1 (reference
condition)

- A recording obtained during the application of packet arrival time variations and packet |oss as described in
clause 7.13.1 (test condition)

The speech quality of the signal is estimated using the measurement algorithm described in ITU-T Recommendation
P.863 [44]. Level pre-alignment to -26 dBov of recordings shall be used — see P.863.1 clause 10.2 [45].
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NOTE: The setup for acoustical measurement described in P.863 [44] is used. P.863 needs the signal at DRP with
diffuse-field equalization.

A score shall be computed for each 8s speech sentence pair. The MOS-L QO values for the reference and test conditions
shall be reported in the form of an histogram covering the range of measured values with a step of 0.1 and the values for
al 20 sentences pairs shall also be reported in the test report. The following pseudo code provides an example
implementation for the histogram:

l o=mi n(floor (MOS- LQQtest condition(i =1...20)/0.1)*0.1)
hi =max(cei | (M3S- LQQest condition(i =1...20)/0.1)*0.1)
[ n, x] =hi st (MOS- LQQest condition(i =1...20),10:0.1:hi)
bar ( x, n)

The synchronization between stimuli and degraded condition shall be done by the test system before applying the P.863
algorithm on each sentence pair.

9 Super-wideband telephony transmission
performance test methods

9.1 Applicability

The test methods in this clause shall apply when testing a UE that is used to provide super-wideband telephony, either
as a stand-alone service, or as part of a multimedia service.

The application force used to apply the handset against the artificial ear shall be 8 £ 2 N. For the headset case, the
application of the headset shall comply with ITU-T Recommendation P.57 [14].

9.2 Overall loss/loudness ratings

9.2.1 General

The SLR and RLR vauesfor GSM, 3G, LTE, NR or WLAN networks apply up to the POI. However, the main
determining factors are the characteristics of the UE, including the analogue to digital conversion (ADC) and digital to
analogue conversion (DAC). In practice, it is convenient to specify loudness ratings to the Air Interface. For the normal
case, where the GSM, 3G, LTE, NR or WLAN network introduce no additional 1oss between the Air Interface and the
POI, the loudness ratings to the PSTN boundary (POI) will be the same as the loudness ratings measured at the Air
Interface.

9.2.2 Connections with handset UE

9.221 Sending loudness rating (SLR)

The test method is the same as for wideband (see sub-clause 8.2.2.1).

9.22.2 Receiving loudness rating (RLR)

The test method is the same as for wideband (see sub-clause 8.2.2.2, observing the signal properties for super-wideband
described in sub-clause 5.4).

9.2.2.3 Receiving loudness rating (RLR) in the presence of background noise

The test method is the same as for wideband (see sub-clause 8.2.2.3, observing the signal properties for super-wideband
described in sub-clause 5.4).
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9.2.3 Connections with desktop and vehicle-mounted hands-free UE

The description is the same as for wideband (see sub-clause 8.2.3).

9.23.1 Sending loudness rating (SLR)

The test method is the same as for wideband (see sub-clause 8.2.3.1).

9.2.3.2 Receiving loudness rating (RLR)

The test method is the same as for wideband (see sub-clause 8.2.3.2, observing the signal properties for super-wideband
described in sub-clause 5.4).

9.2.4 Connections with hand-held hands-free UE

9.24.1 Sending loudness rating (SLR)

The test method is the same as for wideband (see sub-clause 8.2.4.1).

9.24.2 Receiving loudness rating (RLR)
The test method is the same as for wideband (see sub-clause 8.2.4.2, observing the signal properties for super-wideband
described in sub-clause 5.4).

9.25 Connections with headset UE

The description is the same as for wideband (see sub-clause 8.2.5).

9.3 Idle channel noise (handset and headset UE)

For idle noise measurements in sending and receiving directions, care should be taken that only the noise is windowed
out by the analysis and the result is not impaired by any remaining reverberation or by noise and/or interference from
various other sources. Some examples are air-conducted or vibration-conducted noise from sources inside or outside the
test chamber, disturbances from lights and regulators, mains supply induced noise including grounding issues, test
system and system simulator inherent noise as well as radio interference from the UE to test equipment such as ear
simulators, microphone amplifiers, etc.

9.3.1 Sending

The terminal should be configured to the test equipment as described in subclause 5.1.
The environment shall comply with the conditions described in subclause 6.1.

The noise level at the output of the SSis measured from 100 Hz to 16 kHz with A-weighting. The A-weighting filter is
described in |EC 60651.

A test signal may have to be intermittently applied to prevent ‘ silent mode’ operation of the MS. Thisis for further
study.

The measured part of the noise shall be 170,667 ms (which equals 8192 samplesin a 48 kHz sample rate test system).
The spectral distribution of the noiseis analyzed with an 8k FFT using windowing with < 0,1 dB leakage for non bin-
centered signals. This can be achieved with a window function commonly known as a "flat top window". Within the
specified frequency range, the FFT bin that has the highest level is searched for; the level of this bin isthe maximum
level of asingle frequency disturbance.

To improve repeatability, the test sequence (optional activation followed by the noise level measurement) may be
contiguously repeated one or more times.
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The total noise powers obtained from such repeats shall be averaged. The total result shall be 10 * logo of this average
indB.

The single frequency maximum powers obtained from such repeats shall be averaged. The total result shall be 10 * logio
of thisaveragein dB.

9.3.2 Receiving

The terminal should be configured to the test equipment as described in subclause 5.1.

The environment shall comply with the conditions described in subclause 6.1.

A test signal may have to be intermittently applied to prevent ‘silent mode’ operation of the MS. Thisis for further
study.

The noise shall be measured from 100 Hz to 20 kHz with A-weighting at the DRP with diffuse-field correction. The A-
weighting filter is described in IEC 60651.

The measured part of the noise shall be 170,667 ms (which equals 8192 samplesin a 48 kHz sample rate test system).
The spectral distribution of the noiseis analyzed with an 8k FFT using windowing with < 0,1 dB leakage for non bin-
centered signals. This can be achieved with a window function commonly known as a "flat top window". Within the
specified frequency range the FFT bin that has the highest level is searched for; the level of this bin isthe maximum
level of asingle frequency disturbance.

To improve repeatability, the test sequence (optional activation followed by the noise level measurement) may be
contiguously repeated one or more times.

The total noise powers obtained from such repeats shall be averaged. The total result shall be 10 * logso of this average
indB.

The single frequency maximum powers obtained from such repeats shall be averaged. The total result shall be 10 * logio
of thisaveragein dB.

9.4 Sensitivity/frequency characteristics

9.4.0 General

The sengitivity/frequency characteristics are checked against the tolerances at the center frequencies of the fractional
octave bands used in the respective test after interpolating the tolerances according to TS 26.131.

9.4.1 Handset and headset UE sending

94.1.1 Handset UE sending
The headset case is similar to the handset one, except for the application force.

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be —4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. Measurements shall be made at both 1/3-octave and 1/12-
octave intervals as given by the R.10 and R.40 series of preferred numbersin 1SO 3 for frequencies from 100 Hz
to 16 kHz inclusive. For the calculation, the averaged measured level at the electrical reference point for each
frequency band is referred to the averaged test signal level measured in each frequency band at the MRP.

¢) The sensitivity is expressed in terms of dBV/Pa.
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9.4.1.2 Headset UE sending

The headset case is similar to the handset one, except for the application force and measurement intervals (only 1/3-
octave intervals are used).

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be —4,7 dBPameasured at the MRP.
Thetest signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. Measurements shall be made at 1/3-octave intervals as
given by the R.10 series of preferred numbersin 1SO 3 for frequencies from 100 Hz to 16 kHz inclusive. For the
calculation, the averaged measured level at the electrical reference point for each frequency band isreferred to
the averaged test signal level measured in each frequency band at the MRP.

¢) The sensitivity is expressed in terms of dBV/Pa.

9.4.2 Handset and headset UE receiving

9421 Handset UE receiving

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. Measurements shall be made at both 1/3-octave and 1/12-
octave intervals as given by the R.10 and R.40 series of preferred numbersin 1SO 3 for frequencies from 100 Hz
to 16 kHz inclusive. For the calculation, the averaged measured level at each frequency band isreferred to the
averaged test signal level measured in each frequency band.

¢) TheHATSIsdiffuse-field equalized. The sensitivity is expressed in terms of dBPa/V. Information about
correction factorsis available in subclause 5.1.4.

Optionally, the measurements may be repeated with 2 N and 13 N application force. For these test cases no normative
values apply.

9.4.2.2 Headset UE receiving
The headset case is similar to the handset one, except for the measurement intervals (only 1/3-octave intervals are used).

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

b) The handset terminal is setup as described in clause 5. Measurements shall be made at 1/3-octave intervals as
given by the R.10 series of preferred numbersin SO 3 for frequencies from 100 Hz to 16 kHz inclusive. For the
calculation, the averaged measured level at each frequency band is referred to the averaged test signal level
measured in each frequency band.

c¢) TheHATS isdiffuse-field equalized. The sensitivity is expressed in terms of dBPa/V. Information about
correction factorsis available in subclause 5.1.4.

Optionally, the measurements may be repeated with 2 N and 13 N application force. For these test cases ho normative
values apply.
9.4.3 Desktop and vehicle-mounted hands-free UE sending

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be —4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence. The broadband signal level isthen

ETSI



3GPP TS 26.132 version 16.2.0 Release 16 91 ETSI TS 126 132 V16.2.0 (2020-11)

adjusted to —28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-T Recommendation P.581) and the
spectrum is not atered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as references to
determine the sending sensitivity Sy

b) The hands-free terminal is setup as described in clause 5. M easurements shall be made at 1/3-octave intervals as
given by the R.10 series of preferred numbersin SO 3 for frequencies from 100 Hz to 16 kHz inclusive. For the
calculation the averaged measured level at each frequency band is referred to the averaged test signal level
measured in each frequency band.

¢) The sensitivity is expressed in terms of dBV/Pa.

9.4.4 Desktop and vehicle-mounted hands-free UE receiving

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

b) The hands-free terminal is setup as described in clause 5. If aHATS isused, then it is free-field equalized as
described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged
over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-
octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations
or measurements. Measurements shall be made at 1/3-octave intervals as given by the R.10 series of preferred
numbersin 1SO 3 for frequencies from 100 Hz to 16 kHz inclusive. For the calculation, the averaged measured
level at each frequency band is referred to the averaged test signal level measured in each frequency band.

c) The sensitivity is expressed in terms of dBPa/V.

9.4.5 Hand-held hands-free UE sending

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is
calibrated under free-field conditions at the MRP. The test signal level shall be —4,7 dBPa measured at the MRP.
Thetest signal level is calculated over the complete test signal sequence. The broadband signal level isthen
adjusted to —28,3 dBPa at the HFRP or the HATS HFRP (as defined in subclause 9.2.3.1) and the spectrum is not
altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as reference to
determine the sending sensitivity Sy

b) The hands-free terminal is setup as described in clause 5.1.3.3. Measurements shall be made at 1/3-octave
intervals as given by the R.10 series of preferred numbersin 1SO 3 for frequencies from 100 Hz to 16 kHz
inclusive. For the calculation, the averaged measured level at each frequency band is referred to the averaged test
signal level measured in each frequency band.

¢) The sensitivity is expressed in terms of dBV/Pa.

9.4.6 Hand-held hands-free UE receiving

a) Thetest signal to be used for the measurements shall be the British-English single talk sequence described in
ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBmO measured at the digital reference
point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

b) The hands-free terminal is setup as described in clause 5. If aHATS isused, then it is free-field equalized as
described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged
over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-
octave band frequency band; these 1/3-octave band data are considered as the input signal to be used for
calculations or measurements. Measurements shall be made at 1/3-octave intervals as given by the R.10 series of
preferred numbersin 1SO 3 for frequencies from 100 Hz to 16 kHz inclusive. For the calculation, the averaged
measured level at each frequency band is referred to the averaged test signal level measured in each frequency
band.
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¢) The sensitivity is expressed in terms of dBPa/V.

9.5 Sidetone characteristics

95.1 Connections with handset UE

The test method is the same as for wideband (see sub-clause 8.5.1).

9.5.2 Headset UE

The test method is the same as for wideband (see sub-clause 8.5.2).

9.5.3 Hands-free UE (all categories)

No reguirement other than echo control.

9.5.4  Sidetone delay for handset or headset

The test method is the same as for wideband (see sub-clause 8.5.4).

9.6 Stability loss

Where a user-controlled volume control is provided it is set to maximum.
Handset UE: The handset is placed on a hard plane surface with the earpiece facing the surface.

Headset UE: The requirement applies for the closest possible position between microphone and headset receiver within
the intended wearing position.

NOTE: Depending on the type of headset it may be necessary to repeat the measurement in different positions.
Hands-free UE (all categories): No requirement other than echo loss.

Before the actual test a training sequence consisting of the British-English single talk sequence described in ITU-T
Recommendation P.501 [22] is applied. The training sequence level shall be -16 dBmO in order to not overload the
codec.

The test signal is a PN-sequence complying with ITU-T Recommendation P.501 with alength of 4 096 points (for a

48 kHz sampling rate system) and a crest factor of 6 dB instead of 11 dB. The PN-sequence is generated as described in
P.501 with W(K) constant within the frequency range 100-16000 Hz and zero outside this range. The duration of the test
signal is 250 ms. With an input signal of -3 dBmoO, the attenuation from input to output of the system simulator shall be
measured under the following conditions:

a) The handset or the headset, with the transmission circuit fully active, shall be positioned on a hard plane surface
with at least 400 mm free space in al directions. The earpiece shall face towards the surface as shown in
figure 20;

b) The headset microphone is positioned as close as possible to the receiver(s) within the intended wearing
position;

¢) For abinaural headset, the receivers are placed symmetrically around the microphone.
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min 400 mm /

Clear Area

min 500 mm

LSS LSS S S S S

: min 400 mm
Clear Area .
S S S

Surface min 500 mm

NOTE:  All dimensions in mm.
Figure 20. Test configuration for stability loss measurement on handset or headset UE

The attenuation from input to output shall be measured in the frequency range from 100 Hz to 16 kHz. The spectral
distribution of the output signal is analysed with a4k FFT (for a 48 kHz sample rate test system), thus the measured part
of the output signal is 85,333 ms. To avoid leakage effects the frequency resolution of the FFT must be the same as the
frequency spacing of the PN-sequence.

9.7 Acoustic echo control

9.7.1 General

The echo loss (EL) presented by the GSM, 3G, LTE, NR or WLAN networks at the POI should be at least 46 dB during
single talk. Thisvalue takesinto account the fact that UE islikely to be used in a wide range of noise environments.

NOTE: A test method fully adapted to super-wideband acoustic echo control is for further study

9.7.2 Acoustic echo control in a hands-free UE

The hands-free UE is setup in aroom with acoustic properties similar to atypical "office-type" room; avehicle-
mounted hands-free UE should be tested in a vehicle or vehicle simulator, as specified by the UE manufacturer (see also
3GPP TS 03.58 [11]). The ambient noise level shall be <-70 dBPa(A). The attenuation from reference point input to
reference point output shall be measured using the compressed real speech signal described in clause 7.3.3 of ITU-T
P.501 Amendment 1 [33].

The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule) but
using the frequency range of 300 Hz to 6 700 Hz (instead of 300 Hz to 3 400 Hz). For the calculation, the averaged
measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency
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band. Thefirst 17,0 s of the test signal (6 sentences) are discarded from the analysisto allow for convergence of the
acoustic echo canceller. The analysisis performed over the remaining length of the test sequence (last 6 sentences).

Thetest signal level shall be -10 dBmO.

9.7.3 Acoustic echo control in a handset UE

The handset is set up according to clause 5. The ambient noise level shall be < -64 dBPa(A). The attenuation from the
reference point input to reference point output shall be measured using the compressed real speech signal described in
clause 7.3.3 of ITU-T P.501 Amendment 1 [33].

The TCLw iscalculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule) but
using the frequency range of 300 Hz to 6 700 Hz (instead of 300 Hz to 3 400 Hz). For the calculation, the averaged
measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency
band. Thefirst 17,0 sof the test signal (6 sentences) are discarded from the analysisto allow for convergence of the
acoustic echo canceller. The analysisis performed over the remaining length of the test sequence (last 6 sentences).

Thetest signal level shall be-10 dBmO.

9.7.4  Acoustic echo control in a headset UE

The headset is set up according to clause 5. The ambient noise level shall be <-64 dBPa(A). The attenuation from the
reference point input to reference point output shall be measured using the compressed real speech signal described in
clause 7.3.3 of ITU-T P.501 Amendment 1 [33].

The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule) but
using the frequency range of 300 Hz to 6 700 Hz (instead of 300 Hz to 3 400 Hz). For the calculation, the averaged
measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency

band. Thefirst 17,0 s of the test signal (6 sentences) are discarded from the analysisto allow for convergence of the
acoustic echo canceller. The analysisis performed over the remaining length of the test sequence (last 6 sentences).

Thetest signal level shall be-10 dBmO.

9.8 Distortion

9.8.1 Sending distortion

The test method is the same as for wideband (see sub-clause 8.8.1).

9.8.2 Receiving

The test method is the same as for wideband (see sub-clause 8.8.2, observing the signal properties for super-wideband
described in sub-clause 5.4).

9.9 Void

9.10 Delay

9.10.0 UE Delay Measurement Methodologies

The test method is the same as in wideband (see clause 8.10.0).

9.10.1 Delay in sending direction (handset UE)

The test method is the same as in wideband (see clause 8.10.1).
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9.10.1a Delay in sending direction (headset UE)

The test method is the same as in wideband (see clause 8.10.14a).

9.10.2 Delay in receiving direction (handset UE)

The test method is the same as in wideband (see clause 8.10.2, observing the test signal properties defined for super-
wideband described in clause 5.4).

9.10.2a Delay in receiving direction (headset UE)

The test method is the same as in wideband (see clause 8.10.2a, observing the test signal properties for super-wideband

described in clause 5.4).

9.10.3 Delay in sending + receiving direction using "echo" method (handset
UE)
The test method is the same as in wideband (see clause 8.10.3, observing the test signal properties for super-wideband

described in clause 5.4).

9.10.3a Delay in sending + receiving direction using "echo" method (headset
UE)
The test method is the same as in wideband (see clause 8.10.3a, observing the test signal properties for super-wideband

in clause 5.4).

9.10.4 Delay and speech gquality in conditions with packet arrival time
variations and packet loss

9.104.1 Delay in sending direction

The test method is the same as in wideband (see clause 8.10.4.1).

9.10.4.2 Delay in receiving direction
For thistest it shall be ensured that the call is originated from the mobile terminal (MO).

NOTE 1: Differences have been observed between mobile originated call and mobile terminated call. For better
consistency MO calls are used.

Thetest signal consists of 3 repeats of the Composite Source Signal (CSS) according to ITU-T Recommendation P.501
[22] followed by a speech signal of 160s. During the first two CSS signals the terminal can adapt itsjitter buffer. The
third CSSis used for measuring the delay in constant-delay condition, and the speech signal is used for delay and
guality measurement in the packet impairment condition.

Constant delay T. corresponding to the minimum delay of the profile (i.e. the compensation value for the profile) shall
be added at the beginning of the different delay/loss profiles, to avoid unecessary delay jumps between the two
measurement phases and realistic conditions for the second measurement test phase.

In receiving direction, the delay between the electrical access point of the test equipment and the DRP, Treap.ore(t) =
Tryiter(t) + Trer, 1S measured in two successive phases:

- Firgt the delay in constant-delay condition Treap-pre-constant 1S Measured as described in steps 1 to 4, clause 9.10.2,
using the third CSS signal. The constant delay T is subtracted from Treap.ore to 0btain Tr-constant-

- Thenthe delay with packet impairment Trjiter(t) iS measured continuously for a speech signal during the
inclusion of packet delay and loss profilesin the receiving direction RTP voice stream.

Packet impairments shall be applied between the reference client and system simulator eNodeB. Separate calls shall be
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established for each packet impairment condition.

The start of the delay profiles must be synchronized with the start of the downlink speech material reproduction
(compensated by the delay between reproduction and the point of impairment insertion, i.e. the delay of the reference
client) in order to ensure a repeatable application of impairments to the test speech signal. Tests shall be performed with
DTX enabled in the reference client.

NOTE 2: RTP packet impairments representing packet delay variations and lossin LTE transmission scenarios are
specified in Annex E. These LTE jitter/loss profiles are reused also for tests with WLAN and NR access.
Care must be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of
packets for transmission.

For the CSS signal repeated 3 times, the pseudo random noise (pn)-part of the CSS has to be longer than the maximum
expected delay. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal
level is-16 dBmO measured at the digital reference point or the equivalent analogue point.

For the speech signal, 8 English test sentences according to ITU-T P.501 Annex C.2.3, normalized to an active speech
level of -16dBmO, are used (2 male, 2 female speakers). The sequences are concatenated in such a way that all
sentences are centered within a 4.0s time window, which resultsin an overall duration of 32.0s. The sequences are
repeated 5 times, resulting in atest file 160.0s long. The first 2 sentences are used for convergence of the UE jitter
buffer manager and are discarded from the analysis. Equivalent implementations of the concatenation by repeating the
test sentences in sequence may be used.

For the delay calculation with the speech signal, a cross-correlation with a rectangular window length of 4s, centered at
each sentence of the stimulusfile, is used. The processis repeated for each sample. For each cross correlation, the
maximum of the envelope is obtained producing one delay value per sentence.

The UE delay in the receive direction, Triiter(t), IS 0btained by subtracting the delay introduced by the test equipment
and the simulated transport network packet delay introduced by the delay and loss profile (as specified for the
respective profile in Annex E) from the first electrical event at the electrical access point of the test equipment to the
first bit of the corresponding speech frame at the system simulator antenna, Trer, from the measured Treap-ore(t).

The difference D+ between maximum receiving delay obtained with at least 5 individual calls (see clause 7.10.2) and
the delay Tr-constant Measured for the CSS signal in constant delay condition is calculated. The quantity " Call-to-Call
Variability Adjustment" (CCVA) = max(0,Dr) shall be added to the obtained delay for the speech signal Trijitter(t).

For stationary packet delay variation test conditions (test condition 1 and 2), the first 2 sentences are used for
convergence of the jitter buffer management and are discarded from the analysis. The CCV A-adjusted UE delay (Tr-
ceva(t) = Tryiter(t) + CCVA) in the receiving direction shall be reported as the maximum value excluding the two
largest values of the remaining sequence of the 38 sentence delay values, i.e. the 95-percentile value of Tr.ccva(t). The
Tr-ccva Values for al 40 sentences shall be reported in the test report.

NOTE 3: The synchronization of the speech frame processing in the UE to the bits of the speech frames at the UE
antenna may lead to a variability of up to 20 ms of the measured UE receive delay between different calls.
This synchronization is attributed to the UE receiving delay according to the definition of the UE delay
reference points The effect of this possible call-to-call variation istaken into account with the CCVA =
max(0,Dr) value.

9.10.4.3 Speech quality loss in conditions with packet arrival time variations and
packet loss

The test method is the same as in wideband (see clause 8.10.4.3, observing the test signal properties for super-wideband
described in clause 5.4).

9.10.5 UE send clock accuracy
The UE clock accuracy in send direction shall be measured according to Annex D.

NOTEZL: For this specific measurement, care should be taken about the clock accuracy of the test equipment. See
Table la.

ETSI



3GPP TS 26.132 version 16.2.0 Release 16 97 ETSI TS 126 132 V16.2.0 (2020-11)

NOTE2: Asrequiredin clause 5, prior to the actual measurements for MTSI-based speech with LTE, NR or
WLAN access, the clocks of the reference client and the UE have to be synchronized. This measurement
of UE send clock accurary does not need to be repeated and can be obtained from this setup procedure.

9.10.6  UE receiving with clock skew

For further study.

9.11 Echo control characteristics

9.11.1 Test set-up and test signals

The test method is the same as for wideband (see sub-clause 8.11.1, observing the signal properties for super-wideband
described in sub-clause 5.4).

9.11.2 Test method

The test method is the same as for wideband (see sub-clause 8.11.2, observing the signal properties for super-wideband
described in sub-clause 5.4).

9.11.2.1 Signal alignment

The test method is the same as for wideband (see sub-clause 8.11.2.1).

9.11.2.2 Signal level computation and frame classification

The test method is the same as for wideband (see sub-clause 8.11.2.2).

9.11.2.3 Classification into categories

The test method is the same as for wideband (see sub-clause 8.11.2.3).

9.12  Quality (speech quality, noise intrusiveness) in the
presence of ambient noise

9.12.1 Handset

The speech quality in sending for super-wideband systemsis tested based on ETSI TS 103 281 [50]. This test method
leads to three MOS-L QOx;, quality numbers:

- N-MOS-LQOx,: Transmission quality of the background noise
- SMOS-LQOs,: Transmission quality of the speech
- G-MOS-LQOx,: Overal transmission quality

The test arrangement is given in clause 5.1.5. For connections with handset UE, the measurement is conducted for 8
noise conditions as described in Table 2i. The measurements should be made in the same unique and dedicated call. The
noi se types shall be presented according to the order specified in Table 2i.
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Table 2i: Noise conditions used for ambient noise simulation in handset mode as specified in ES 202

396-1 [35]
Description File name Duration Level Type

L: 75,0 dB(A)
Recording in pub Pub_Noise_binaural_V2 30s Binaural

R: 73,0 dB(A)

. L: 74,9 dB(A)
Re;\?g::%%? t Outside_Traffic_Road_binaural 30s Binaural

P R: 73,9 dB(A)

. L: 69,1 dB(A)
Rec\c;rcrirl]n%f t Outside_Traffic_Crossroads_hbinaural 20s Binaural

paveme R: 69,6 dB(A)

. L: 68,2 dB(A)
Recording at Train_Station_binaural 30s Binaural

departure platform R: 69,8 dB(A)

. L: 69,1 dB(A)
F;?ﬁ/%gm%giighne Fullsize_Carl1_130Kmh_binaural 30s Binaural

P R: 68,1 dB(A)

. L: 68,4 dB(A)
Recordln%tatr sales Cafeteria_Noise_binaural 30s Binaural

counte R: 67,3 dB(A)

- L: 63,4 dB(A)
Regg][ggﬂ;n a Mensa_binaural 22s Binaural

R: 61,9 dB(A)

. . L: 56,6 dB(A)
Recordlnog%f:gebusmess Work_Noise_Office_Callcenter_binaural 30s Binaural

R: 57,8 dB(A)

1) Before starting the measurements, the calibration procedure described in clause 9.5 of ETSI TS 103 281 [50]
shall be performed with the UE in handset mode. Also, a proper conditioning sequence shall be used. The
conditioning sequence shall be comprised of the four additional sentences 1-4 described in ETSI TS 103 281
[50], applied to the beginning of the 16-sentence test sequence.

NOTE: The sequence of speech samples concatenated for the test signal, consisting of aternating talkersin the
sending direction, reduces the overall test time but may represent an unrealistic behaviour for certain
voice enhancement technologies. Alternative concatenations are for further study.

2) The send speech signal consists of the 16 sentences of speech as described in ETSI TS 103 281 [50] The test
signa level is- 1.7 dBPaat the MRP, measured as active speech level per ITU-T P.56 [37]. Two signalsare
required for the tests:

- The clean speech signal is used as the undisturbed reference (see ETSI TS 103 281 [50])
- Thesend signal isrecorded at the POI.

3) N-MOS-LQOxsp, S MOS-LQO+, and G-MOS-LQOx, are calculated according to the Model A objective predictor
described in ETSI TS 103 281[50] on a per sentence basis and averaged over all 16 sentences. The final results
are derived asfollows:

- SMOS-LQOs = SMOS-LQO_ modela
- N-MOS-LQO¢, = 1.438*N-MOS-LQOx;_modeia — 1.959
- G-MOS-LQOs, = G-MOS-LQOsh_modeia
4) The measurement is repeated for each ambient noise condition described in Table 2i.

5) The average of the results derived from all ambient noise typesis cal culated.
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NOTE: Recent investigations indicated an improved prediction performance when combining both models A and B.
The usage of model B according to ETSI TS 103 281 [50] isfor further study, pending a commercially
available implementation.

9.12.2 Hand-held hands-free

For connections with hand-held hands-free UE, when using the simulation method described in TS 103 224 [43], the
measurement is conducted for 5 noise conditions as described in Table 2i2. When using the ES 202 396-1 method, the
equivalent binaurally recorded noises described in Table 2i2, and available in the source file directory of TS 103 224
[43], are used.

Table 2i2: Noise conditions used for ambient noise simulation in hand-held hands-free mode as
specified in TS 103 224 [43], A-weighted

Name Description Length |Hands-free Levels Binaural |Binaural R
L
Full-size car HATS and microphone array at |30 s 1: 69,5dB 2: 68,6 dB [68.7 dB 70.7 dB
130 km/h co-drivers position 3: 68,6 dB 4: 68,7 dB
(FullSizeCar_130) 5: 68,8 dB 6: 68,8 dB
7:69,2 dB 8: 69,7 dB
Crossroadnoise HATS and microphone array 30s 1:69,9dB 2: 69,6 dB |70.8dB 71.6 dB
(Crossroadnoise) standing outside near a 3: 69,6 dB 4: 69,9 dB
crossroad 5: 69,6 dB 6: 69,5 dB
7:69,6 dB 8: 69,7 dB
Cafeteria (Cafeteria) |HATS and microphone array 30s 1:69,0dB 2: 69,7dB |69.8 dB 70.3dB
inside a cafeteria 3:69,6 dB 4: 69,8 dB
5: 69,5 dB 6: 69,5 dB
7.69,7dB 8: 70,0 dB
Sales Counter HATS and microphone array ina (30 s 1:65,5dB 2: 65,3dB |66.7 dB 66.6 dB
(SalesCounter) supermarket 3: 65,2 dB 4: 65,5 dB
5: 65,6 dB 6: 65,3 dB
7: 65,2 dB 8: 65,3 dB
Callcenter 2 HATS and microphone array in 30s 1:59,3dB 2:59,3dB (60,2 dB 60,0 dB
(Callcenter) business office 3:59,5dB 4: 59,6 dB
5:59,4 dB 6: 59,3 dB
7.59,3dB 8:59,5dB

1) Before starting the measurements, the calibration procedure described in clause 9.5 of ETSI TS 103 281 [50]
shall be performed with the UE in hands-free mode. Also, a proper conditioning sequence shall be used. The
conditioning sequence shall be comprised of the four additional sentences 1-4 described in ETSI TS 103 281
[50], applied to the beginning of the 16-sentence test sequence.

NOTE: The sequence of speech samples concatenated for the test signal, consisting of aternating talkersin the
sending direction, reduces the overall test time but may represent an unrealistic behaviour for certain
voice enhancement technologies. Alternative concatenations are for further study.

2) The send speech signal consists of the 16 sentences of speech as described in ETSI TS 103 281 [34]. For
connections with a hand-free UE, the test signal level is+1.3dBPa at the MRP, measured as active speech level
according to ITU-T P.56 [37]. Two signals are required for the tests:

- The clean speech signal is used as the undisturbed reference (see ETSI TS 103 281 [50])
- Thesend signal isrecorded at the POI.

3) N-MOS-LQOxp, SMOS-LQOs, and G-MOS-L QOx, are calculated according to the Model A objective predictor
described in ETSI TS 103 281 [50] on a per sentence basis and averaged over all 16 sentences. The final results
are derived asfollows:

- S—MOS—LQOfb = S—MOS—LQOfb_modeaA
- N-MOS-LQOx, = 1.438*N-MOS-LQO¢p_modeia — 1.959
- G-MOS-LQOs = G-MOS-LQOsb modeia

ETSI



3GPP TS 26.132 version 16.2.0 Release 16 100 ETSI TS 126 132 V16.2.0 (2020-11)

4) The measurement is repeated for each ambient noise condition described in Table 2i2.
5) The average of the results derived from all ambient noise typesis calculated.

NOTE: Recent investigations indicated an improved prediction performance when combining both models A and B.
The usage of model B according to ETSI TS 103 281 [50] isfor further study, pending a commercially
available implementation.

9.13  Jitter buffer management behaviour

9.13.0 General

For MTSl-based speech-only with LTE, NR or WLAN access, ajitter buffer is used in receiving to handle the variation
in packet receiver timing. To minimize the additional latency introduced by thejitter buffer, adaptation is used to
minimize delay while preventing packet losses due to packet delivery timing variations. See clause 8 of TS 26.114 [39]
for the definition of jitter buffer and minimum performance requirements on JBM.

The test method is used to characterize different possible strategies and trade-offs in the design of JBM implementations
used in MTSI terminals.

9.13.1 Delay histogram
For thistest it shall be ensured that the call is originated from the mobile terminal (MO).

NOTE 1: Differences have been observed between mobile originated call and mobile terminated call. For better
consistency MO calls are used.

Thetest signal consists of 3 repeats of the Composite Source Signal (CSS) according to ITU-T Recommendation P.501
[22] followed by a speech signal of 160s. During the first two CSS signals the terminal can adapt itsjitter buffer. The
third CSSis used for measuring the delay in constant-delay condition, and the speech signal is used for delay and
quality measurement in the packet impairment condition.

Constant delay T corresponding to the minimum delay of the profile (i.e. the compensation value for the profile) shall
be added at the beginning of the different delay/loss profiles, to avoid unnecessary delay jumps between the two
measurement phases and realistic conditions for the second measurement test phase.

In receiving direction, the delay between the electrical access point of the test equipment and the DRP, Treap.ore(t) =
Triitter(t) + Trer, IS Measured in two successive phases:

- First the delay in constant-delay condition Treap-pre-constant 1S Measured as described in steps 1 to 4, clause 7.10.2,
using the third CSS signal. The constant delay T is subtracted from Treap-ore to Obtain Tr-constant-

- Then the delay with packet impairment Trjiter(t) iS measured continuously for a speech signal during the
inclusion of packet delay and loss profilesin the receiving direction RTP voice stream.

Packet impairments shall be applied between the reference client and system simulator eNodeB. Separate calls shall be
established for each packet impairment condition.

The start of the delay profiles must be synchronized with the start of the downlink speech material reproduction
(compensated by the delay between reproduction and the point of impairment insertion, i.e. the delay of the reference
client) in order to ensure a repeatable application of impairments to the test speech signal. Tests shall be performed with
DTX enabled in the reference client.

NOTE 2: RTP packet impairments representing packet delay variations and loss are specified in Annex F. Care must
be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of packets for
transmission.

For the CSS signal repeated 3 times, the pseudo random noise (pn)-part of the CSS has to be longer than the maximum
expected delay. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal
level is-16 dBmO measured at the digital reference point or the equivalent analogue point.
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For the speech signal, 8 English test sentences according to ITU-T P.501 Annex C.2.3, normalized to an active speech
level of -16dBmO, are used (2 male, 2 female speakers). The sequences are concatenated in such a way that al
sentences are centred within a 4.0s time window, which resultsin an overall duration of 32.0s. The sequences are
repeated 5 times, resulting in a test file 160.0s long. The first 2 sentences are used for convergence of the UE jitter
buffer manager and are discarded from the analysis. Equivalent implementations of the concatenation by repeating the
test sentences in sequence may be used.

For the delay calculation with the speech signal, a cross-correlation with a rectangular window length of 4s, centered at
each sentence of the stimulusfile, is used. The process is repeated for each sample. For each cross correlation, the
maximum of the envelope is obtained producing one delay value per sentence.

The UE delay in the receive direction, Triier(t), IS 0btained by subtracting the delay introduced by the test equipment
and the simulated transport network packet delay introduced by the delay and loss profile (as specified for the
respective profilein Annex F) from the first electrical event at the electrical access point of the test equipment to the
first bit of the corresponding speech frame at the system simulator antenna, Trer, from the measured Treap-ore(t).

The difference Dt between maximum receiving delay obtained with at least 5 individual calls (see clause 7.10.2) and
the delay Tr-constant Measured for the CSS signal in constant delay condition is calculated. The quantity "Call-to-Call
Variability Adjustment” (CCVA) = max(0,Dr) shall be added to the obtained delay for the speech signal Trjitter(t)-

The UE delay in the receiving direction shall be reported in the form of an histogram covering the range of measured
CCVA-adjusted values (Tr-ccva(t) = Tryiter(t) + CCVA) with a step of 20 ms. The following pseudo code provides an
example implementation for the histogram:

I o=m n(floor(Trcova(t=1...40)/20)*20)
hi =max(cei | (Trceva(t=1...40)/20)*20)
[ n, x] =hi st ( Treceva(t=1...40),10:20: hi)
bar ( x, n)
The Tr-ccva vValues for all 40 sentences shall aso be reported in the test report.

NOTE 3: The synchronization of the speech frame processing in the UE to the bits of the speech frames at the UE
antenna may lead to a variability of up to 20 ms of the measured UE receive delay between different calls.
This synchronization is attributed to the UE receiving delay according to the definition of the UE delay
reference points. The effect of this possible call-to-call variation is taken into account with the CCVA =
max(0,Dr) vaue.

9.13.2 Speech quality loss histogram

For the evaluation of speech quality lossin conditions with packet arrival time variations and packet |oss, the speech
test signal described in clause 7.13.1 shall be used. Two 48 kHz recordings are used to produce the speech quality loss
metric:

- A recording obtained in jitter and error free conditions with the test signal described in clause 7.13.1 (reference
condition)

- A recording obtained during the application of packet arrival time variations and packet loss as described in
clause 7.13.1 (test condition)

The speech quality of the signal is estimated using the measurement algorithm described in ITU-T Recommendation
P.863 [44]. Level pre-alignment to -26 dBov of recordings shall be used — see P.863.1 clause 10.2 [45].

NOTE: The setup for acoustical measurement described in P.863 [44] is used. P.863 needs the signal at DRP with
diffuse-field equalization.

A score shall be computed for each 8s speech sentence pair. The MOS-LQO values for the reference and test conditions
shall be reported in the form of an histogram covering the range of measured values with a step of 0.1 and the values for
all 20 sentences pairs shall also be reported in the test report. The following pseudo code provides an example
implementation for the histogram:
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[ o=mi n(floor ( MOS- LQQest condition(i =1...20)/0.1)*0.1)
hi =max(cei | (MOS- LQQest condition(i =1...20)/0.1)*0.1)
[ n, x] =hi st (MOS- LQQtest condition(i =1...20),10:0.1:hi)
bar (x, n)

The synchronization between stimuli and degraded condition shall be done by the test system before applying the P.863
algorithm on each sentence pair.

10 Fullband telephony transmission performance test
methods

10.1  Applicability

The test methods in this clause shall apply when testing a UE that is used to provide fullband telephony, either asa
stand-alone service, or as part of a multimedia service.

The application force used to apply the handset against the artificial ear shall be 8 + 2 N. For the headset case, the
application of the headset shall comply with ITU-T Recommendation P.57 [14].

10.2  Overall loss/loudness ratings

10.2.1 General

The test method is the same as for super-wideband (see sub-clause 9.2.1).

10.2.2 Connections with handset UE

The description is the same as for super-wideband (see sub-clause 9.2.2).

10.2.2.1 Sending loudness rating (SLR)

The test method is the same as for super-wideband (see sub-clause 9.2.2.1).

10.2.2.2 Receiving loudness rating (RLR)

The test method is the same as for super-wideband (see sub-clause 9.2.2.2, observing the signal properties for fullband
described in sub-clause 5.4).

10.2.2.3 Receiving loudness rating (RLR) in the presence of background noise

The test method is the same as for super-wideband (see sub-clause 9.2.2.3, observing the signal properties for fullband
described in sub-clause 5.4).

10.2.3 Connections with desktop and vehicle-mounted hands-free UE

The description is the same as for super-wideband (see sub-clause 9.2.3).

10.2.3.1 Sending loudness rating (SLR)

The test method is the same as for super-wideband (see sub-clause 9.2.3.1).
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10.2.3.2 Receiving loudness rating (RLR)

The test method is the same as for super-wideband (see sub-clause 9.2.3.2, observing the signal properties for fullband
described in sub-clause 5.4).

10.2.4 Connections with hand-held hands-free UE

10.2.4.1 Sending loudness rating (SLR)

The test method is the same as for super-wideband (see sub-clause 9.2.4.1).

10.2.4.2 Receiving loudness rating (RLR)

The test method is the same as for super-wideband (see sub-clause 9.2.4.2, observing the signal properties for fullband
described in sub-clause 5.4).

10.2.5 Connections with headset UE

The description is the same as for super-wideband (see sub-clause 9.2.5).

10.3 Idle channel noise (handset and headset UE)

The test method is the same as for super-wideband (see sub-clause 9.3).

10.3.1 Sending

The terminal should be configured to the test equipment as described in subclause 5.1.
The environment shall comply with the conditions described in subclause 6.1.

The noise level at the output of the SSis measured from 100 Hz to 20 kHz with A-weighting. The A-weighting filter is
described in |EC 60651.

A test signal may have to be intermittently applied to prevent ‘silent mode’ operation of the MS. Thisis for further
study.

The measured part of the noise shall be 170,667 ms (which equals 8192 samplesin a 48 kHz sample rate test system).
The spectral distribution of the noise is analyzed with an 8k FFT using windowing with < 0,1 dB leakage for non bin-
centered signals. This can be achieved with a window function commonly known as a "flat top window". Within the
specified frequency range, the FFT bin that has the highest level is searched for; the level of this bin isthe maximum
level of asingle frequency disturbance.

To improve repeatability, the test sequence (optional activation followed by the noise level measurement) may be
contiguously repeated one or more times.

The total noise powers obtained from such repeats shall be averaged. The total result shall be 10 * logso of this average
indB.

The single frequency maximum powers obtained from such repeats shall be averaged. The total result shall be 10 * logio
of thisaveragein dB.

10.3.2 Receiving

The test method is the same as for super-wideband (see sub-clause 9.3.2, observing the signal properties for fullband
described in sub-clause 5.4).
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10.4  Sensitivity/frequency characteristics

10.4.0 General

The sengitivity/frequency characteristics are checked against the tolerances at the center frequencies of the fractional
octave bands used in the respective test after interpolating the tolerances according to TS 26.131.

10.4.1 Handset and headset UE sending

The test method is the same as for super-wideband (see sub-clause 9.4.1).

10.4.2 Handset and headset UE receiving

The test method is the same as for super-wideband (see sub-clause 9.4.2, observing the signal properties for fullband
described in sub-clause 5.4).

10.4.3 Desktop and vehicle-mounted hands-free UE sending

The test method is the same as for super-wideband (see sub-clause 9.4.3).

10.4.4 Desktop and vehicle-mounted hands-free UE receiving

The test method is the same as for super-wideband (see sub-clause 9.4.4, observing the signal properties for fullband
described in sub-clause 5.4).

10.4.5 Hand-held hands-free UE sending

The test method is the same as for super-wideband (see sub-clause 9.4.5, observing the signal properties for fullband
described in sub-clause 5.4).

10.4.6 Hand-held hands-free UE receiving

The test method is the same as for super-wideband (see sub-clause 9.4.6, observing the signal properties for fullband
described in sub-clause 5.4).

10.5 Sidetone characteristics

10.5.1 Connections with handset UE

The test method is the same as for super-wideband (see sub-clause 9.5.1).

10.5.2 Headset UE

The test method is the same as for super-wideband (see sub-clause 9.5.2).

10.5.3 Hands-free UE (all categories)

No reguirement other than echo control.

10.5.4 Sidetone delay for handset or headset

The test method is the same as for super-wideband (see sub-clause 9.5.4).
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10.6  Stability loss

Where a user-controlled volume control is provided it is set to maximum.
Handset UE: The handset is placed on a hard plane surface with the earpiece facing the surface.

Headset UE: The requirement applies for the closest possible position between microphone and headset receiver within
the intended wearing position.

NOTE: Depending on the type of headset it may be necessary to repeat the measurement in different positions.
Hands-free UE (all categories): No requirement other than echo loss.

Before the actual test atraining sequence consisting of the British-English single talk sequence described in ITU-T
Recommendation P.501 [22] is applied. The training sequence level shall be -16 dBmO in order to not overload the
codec.

Thetest signal is a PN-sequence complying with ITU-T Recommendation P.501 with alength of 4 096 points (for a

48 kHz sampling rate system) and a crest factor of 6 dB instead of 11 dB. The PN-sequence is generated as described in
P.501 with W(K) constant within the frequency range 100-20000 Hz and zero outside this range. The duration of the test
signal is 250 ms. With an input signal of -3 dBmoO, the attenuation from input to output of the system simulator shall be
measured under the following conditions:

a) The handset or the headset, with the transmission circuit fully active, shall be positioned on a hard plane surface
with at least 400 mm free space in al directions. The earpiece shall face towards the surface as shown in
figure 21,

b) The headset microphone is positioned as close as possible to the receiver(s) within the intended wearing
position;

¢) For abinaural headset, the receivers are placed symmetrically around the microphone.
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min 400 mm /

Clear Area

min 500 mm

LSS LSS S S S S

: min 400 mm
Clear Area .
S S S

Surface min 500 mm

NOTE:  All dimensions in mm.
Figure 21. Test configuration for stability loss measurement on handset or headset UE

The attenuation from input to output shall be measured in the frequency range from 100 Hz to 20 kHz. The spectral
distribution of the output signal is analysed with a4k FFT (for a 48 kHz sample rate test system), thus the measured part

of the output signal is 85,333 ms. To avoid leakage effects the frequency resolution of the FFT must be the same as the
frequency spacing of the PN-sequence.

10.7  Acoustic echo control

10.7.1 General

The description is the same as for super-wideband (see sub-clause 9.7.1).

10.7.2 Acoustic echo control in a hands-free UE

The test method is the same as for super-wideband (see sub-clause 9.7.2, observing the signal properties for fullband
described in sub-clause 5.4).

10.7.3 Acoustic echo control in a handset UE

The test method is the same as for super-wideband (see sub-clause 9.7.3, observing the signal properties for fullband
described in sub-clause 5.4).
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10.7.4 Acoustic echo control in a headset UE

The test method is the same as for super-wideband (see sub-clause 9.7.4, observing the signal properties for fullband
described in sub-clause 5.4).

10.8 Distortion

10.8.1 Sending distortion

The test method is the same as for super-wideband (see sub-clause 9.8.1).

10.8.2 Receiving

The test method is the same as for super-wideband (see sub-clause 9.8.2, observing the signal properties for fullband
described in sub-clause 5.4).

10.9 Void

10.10 Delay

10.10.0 UE Delay Measurement Methodologies

The test method is the same as in super-wideband (see clause 9.10.0).

10.10.1 Delay in sending direction (handset UE)

The test method is the same as in super-wideband (see clause 9.10.1)..

10.10.1aDelay in sending direction (headset UE)

The test method is the same as in super-wideband (see clause 9.10.14).

10.10.2 Delay in receiving direction (handset UE)

The test method is the same as in super-wideband (see clause 9.10.2, observing the test signal properties for fullband
described in clause 5.4).

10.10.2aDelay in receiving direction (headset UE)

The test method is the same as in super-wideband (see clause 9.10.2a, observing the test signal properties for fullband
described in clause 5.4).

10.10.3 Delay in sending + receiving direction using "echo” method (handset
UE)

The test method is the same as in super-wideband (see clause 9.10.3, observing the test signal properties for fullband
described in clause 5.4).
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10.10.3aDelay in sending + receiving direction using "echo" method (headset
UE)

The test method is the same as in super-wideband (see clause 9.10.3a, observing the test signal properties for fullband
described in clause 5.4).

10.10.4 Delay and speech quality in conditions with packet arrival time
variations and packet loss

10.10.4.1  Delay in sending direction

The test method is the same as in super-wideband (see clause 9.10.4.1).

10.10.4.2  Delay in receiving direction

The test method is the same as in super-wideband (see clause 9.10.4.2, observing the test signal properties for fullband
described in clause 5.4).

10.10.4.3  Speech quality loss in conditions with packet arrival time variations and
packet loss

For further study.

10.10.5 UE send clock accuracy

The test method is the same as in super-wideband (see clause 9.10.5, observing the test signal properties for fullband
described in clause 5.4).

10.10.6 UE receiving with clock skew
For further study.

10.11 Echo control characteristics

10.11.1 Test set-up and test signals

The test method is the same as for super-wideband (see sub-clause 9.11.1, observing the signal properties for fullband
described in sub-clause 5.4).

10.11.2 Test method

The test method is the same as for super-wideband (see sub-clause 9.11.2, observing the signal properties for fullband
described in sub-clause 5.4).

10.11.2.1 Signal alignment

The test method is the same as for super-wideband (see sub-clause 9.11.2.1).

10.11.2.2  Signal level computation and frame classification

The test method is the same as for super-wideband (see sub-clause 9.11.2.2).

10.11.2.3 Classification into categories

The test method is the same as for super-wideband (see sub-clause 9.11.2.3).
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10.12 Quality (speech quality, noise intrusiveness) in the
presence of ambient noise

10.12.1 Handset

The test method is the same as in super-wideband (see sub-clause 9.12.1).

10.12.2 Hand-held hands-free

The test method is the same as in super-wideband (see sub-clause 9.12.2).

10.13 Jitter buffer management behaviour

The test method is the same as in super-wideband (see clause 9.13, observing the test signal properties for fullband
described in clause 5.4).
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Annex A (informative): Void
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Annex B (informative):
Reference algorithm for echo control characteristics

evaluation.

B.1 General

In this annex, a reference algorithm for evaluation of the echo control characteristics is described in pseudo code. The
output of an implementation of the test method with the stimuli from the file "echo_control_reference files.zip" should
equal the results presented in Table 3aand Table 3b. To run the verification, the additional file named "p501-
downlink_WB.pcm" in the pseudo code shall be created from the concatenated full band speech samples
FB_female_conditioning_seq long.wav and FB_male female single-talk_seq.wav from ITU-T Recommendation
P.501, and processed with the following set of commands based on ITU-T Recommendation G.191.:

filter -down HQ3 far_end_signal _48k. pcm far_end_si gnal _16k. pcm
filter P341 far_end_signal _16k. pcm p501-downl i nk_WB. pcm

Table 3a: Characterization of segment 1.

Double talk Single talk
Category Activity Av. Level [dB] Activity Av. Level [dB]
Al 60,8% -1,2 95,1% 0,1
A2 39,2% -5,1 1,4% -4,8
B 0,0% 0 0,0% 0
Cc 0,0% 0 0,0% 0
D 0,0% 0 0,0% 0
E 0,0% 0 0,3% 9,4
F 0,0% 0 3,2% 8,7
G 0,0% 0 0,0% 0
Table 3b: Characterization of segment 2.
Double talk Single talk
Category Activity Av. Level [dB] Activity Av. Level [dB]

Al 50.2% -1.1 93,8% 0,2
A2 40.8% -7.3 0,3% -5.6
B 1.2% -16,9 0,0% 0
C 7.1% -17,2 0,0% 0
D 0,0% 0 0,0% 0
E 0,0% 0 0,5% 9,5
F 0,7% 4.0 5.5% 6,2
G 0,0% 0 0,0% 0

The pseudo-code reference algorithm produces a text file output, and the implementation of the test method may be
tested with the test script on the datain the file "echo_control_reference files.zip" for which the result shall equal

ms01-rec2; segm 1; Processed signal;

active speech level [dBovl]; -45.8; RVS level [dBovl]; -51.5; speech activity; 0.269
ns01-rec2; segm 1; Near end signal;

active speech level [dBovl]; -42.6; RVS |l evel [dBovl]; -49.1; speech activity; 0.225
ms01-rec2; segm 1; Downlink signal;

active speech level [dBovl]; -26.6; RVS |level [dBovl]; -27.4; speech activity; 0.823
ns01-rec2; segm 1; delay 0; DL delay O;

DT activity 0.100; 0.608; 0.392; 0.000; 0.000; 0.000; 0.000; 0.000; 0.000;

ms01-rec2; segm 1; delay 0; DL delay O;

DT level diff; -1.2; -5.1; 0.0; 0.0; 0.0; 0.0; 0.0; 0.0;

ns01-rec2; segm 1; delay 0; DL delay O;

ST activity 0.664; 0.951; 0.014; 0.000; 0.000; 0.000; 0.003; 0.032; 0.000;

ms01-rec2; segm 1; delay 0; DL delay O;

ST level diff; 0.1, -4.8; 0.0; 0.0; 0.0; 9.4; 8.7, 0.0;

nms01-rec2; segm 2; Processed signal;

active speech level [dBovl]; -42.0; RVS | evel [dBovl]; -44.4; speech activity; 0.581
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nms01-rec2; segm 2; Near end signal;

active speech level [dBovl]; -40.6; RVS |level [dBovl]; -42.7; speech activity; 0.625
ns01-rec2; segm 2; Downlink signal;

active speech level [dBovl]; -26.5; RVS |level [dBovl]; -27.2; speech activity; 0.841
ms01-rec2; segm 2; delay -1; DL delay O;

DT activity 0.348; 0.502; 0.408; 0.012; 0.071; 0.000; 0.000; 0.007; 0.000;

ns01-rec2; segm 2; delay -1; DL delay O;

DT level diff; -1.1; -7.3; -16.9; -17.2; 0.0; 0.0; 4.0; 0.0;

ms01-rec2; segm 2; delay -1; DL delay O;

ST activity 0.362; 0.938; 0.003; 0.000; 0.000; 0.000; 0.005; 0.055; 0.000;

ns01-rec2; segm 2; delay -1; DL delay O;

ST level diff; 0.2; -5.6; 0.0; 0.0; 0.0; 9.5; 6.2; 0.0;

B.2  Test script

%

% Set data format

%

fs = 16000;

condi tioningTime = 23.5;
downl i nkSyst enDel ay = 0;

%
% Segnment the data
%

of f set Doubl eTal k
of f set Near End

= condi ti oni ngTi ne;

= condi ti oni ngTi ne;
segment Doubl eTal kl ndex(1) = {[0, 20]};
segnent Near Endl ndex(1) = {[0, 20]};

segnent Doubl eTal kl ndex(2) = {[20, 35]};
segnent Near Endl ndex(2) = {[20, 35]};

| engt hDoubl eTal k = max(cel | 2mat (segment Doubl eTal kl ndex(end)));
| engt hNear End = max(cel | 2nat ( segnent Near Endl ndex(end)));

firstSanpl eDoubl eTal k
firstSanpl eNear End

= round(fs*of f set Doubl eTal k) + 1;
= round(fs*of fset Near End) + 1;
| ast Sanpl eDoubl eTal k
| ast Sanpl eNear End

= round(fs*(of fsetDoubl eTal k+l engt hDoubl eTal k) ) ;
= round(fs*(of f set Near End+l engt hNear End) ) ;

i ndexDoubl eTal k
i ndexNear End

= [firstSanpl eDoubl eTal k, | ast Sanpl eDoubl eTal k] ;
= [firstSanpl eNear End, | ast Sanpl eNear End] ;

%

% Read data fromfile

%

fid = fopen(' ns01_WB_rec2.pcm, 'r');

fseek(fid, 2*round(fs*offsetDoubl eTal k), 'bof');

processedData = fread(fid, round(fs*lengthDoubleTalk), 'intl6');
fclose(fid);

fid = fopen(' ns01_WB ref.pcmi, 'r');

fseek(fid, 2*round(fs*offsetNearEnd), 'bof');

nearendData = fread(fid, round(fs*lengthNearEnd), 'intl6');
fclose(fid);

fid = fopen(' p501-downl i nk_WB. pcmi, 'r');

fseek(fid, 2*round(fs*offsetDoubleTal k), 'bof');

downl i nkData = fread(fid, round(fs*lengthDoubl eTal k), "intl6');
fclose(fid);

%

% Eval uat e

%

ecEval uati on(processedData, nearendData, downlinkData,
segnent Doubl eTal kl ndex, segment Near Endl ndex,
"ms01-rec2', downlinkSystenDel ay,
fs, 'bitExactTest.txt");
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B.3  Reference algorithm

B.3.1 Main algorithm

%

% pr ocessedDat a: processed sanpl es

% ori gi nal Dat a: near - end-onl y sanpl es

% downl i nkDat a: down-1ink (loudspeaker) sanples

% pr ocessedSegnent Set : set of indices to processed data segnents

% ori gi nal Segment Set : set of indices to original data segments

% PROC_FI LE: nane shown in di agrans

% downl i nkSyst enDel ayl nMs: delay in DL signal fromdata to acoustic out
% sanpl eRat e: sanpl i ng frequency of the data

% resul tsFile: output file

function ecEval uation(...
processedDat a,
near endDat a,
downl i nkDat a,
i ndexPr ocessed,
i ndexNear end,
PROCC FILE, ...
downl i nkSyst emDel ayl nMs,
sanpl eRat e,
resultFile)

fid = fopen(resultFile, '"a');

% Define the categories
global D1 D2 D3 D4 L1 L2 L3;

D1 = 25;
D2 = 150;
D3 = 25;
D4 = 150;
L1 = 4

L2 = -4,
L3 = -15;

gl obal FRAME_LENGTH NS ...
MAX_DURATI ON_MS . . .
MAX_DURATI ON_FRAMES . . .
MAX_LEVEL_ DI FFERENCE . ..
M N_LEVEL_DI FFERENCE . ..
H STOGRAM_RESOLUTI ON_MS

FRAMVE_LENGTH MS = 5;
MAX_DURATI ON_MS = 200;

MAX_DURATI ON_FRAMES = MAX_DURATI ON_MS/ FRAVE_LENGTH_MS;
MAX_LEVEL_DI FFERENCE = 40;

M N_LEVEL_DI FFERENCE = - 40;

H STOGRAM RESOLUTI ON_M5 = FRAVE_LENGTH_MB;

% Mai n processing | oop
franeLengt hl nSanpl es = FRAME_LENGTH_MS*sanpl eRat e/ 1000; % 5ns franes

for segnent = 1:1ength(indexProcessed)
% CGet the data sanples for the segnent
segnent Dat aProcessed = cel | 2mat (i ndexPr ocessed(segnent));
segnent Dat aNearend = cel | 2rmat (i ndexNear end(segnent) ) ;

i ndex = (sanpl eRat e*segnent Dat aPr ocessed(1) +1) : sanpl eRat e* segnment Dat aPr ocessed( 2) ;
X = processedDat a(i ndex) ;

z = downl i nkDat a(i ndex) ;

i ndex = (sanpl eRat e*segnent Dat aNear end( 1) +1) : sanpl eRat e* segnment Dat aNear end( 2) ;

y = nearendDat a(i ndex);

% Estimate and conpensate for delay between processed and near end
[x, y, z, delay] = conpensateDel ay(x, y, z, 0.5*sanpleRate);
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% Conmput e the signal levels and classify the frames
[Rx, Ry, Rz, doubl eTal kFranes, singleTal kFrames] = ...
conput eSi gnal Level s(x, vy, z, ...

sanpl eRate, franeLengthl nSanpl es,

downl i nkSyst emDel ayl nMs,

PROC FI LE, segnent, fid);

% Eval uat e doubl e-tal k performance
nunber O Doubl eTal kFranes =0;
% lterate over blocks of consecutive indices

Hdt =1[];
doubl eTal kFranmesBl ocks = findConsecuti veBl ocks(doubl eTal kFrames) ;
for i = 1:size(doubl eTal kFramesBl ocks, 1)

| dxFrom = doubl eTal kFr amesBl ocks(i, 1);
I dxTo = doubl eTal kFr anesBl ocks(i, 2);
current Bl ockLength = 1 dxTo - | dxFrom
if currentBl ockLength > 1
[H.dt _Trp, Id_ax_dt, dur_ax_dt] = level TimeStatistics(Rx(ldxFromldxTo), Ry(ldxFrom|dxTo));
if isempty(H._dt)
H dt = H.dt_Tnp;

el se
Hdt = Hdt + H.dt_Tnp;
end
nunber O Doubl eTal kFranmes = nunber O Doubl eTal kFrames + current Bl ockLengt h;
end
end

[Cdt, L_dt] = evaluateH stogran(H dt, |d_ax_dt, dur_ax_dt,
nunber O Doubl eTal kFr anes) ;
activi tyFact or Doubl eTal k = nunber O Doubl eTal kFranes/ | engt h( Rx) ;

% Eval uat e single-tal k performance
nunber O Si ngl eTal kFrames = 0;
% |terate over bl ocks of consecutive indices

Hst =1[1];
si ngl eTal kFranmesBl ocks = fi ndConsecuti veBl ocks(si ngl eTal kFrames) ;
for i = 1:size(singl eTal kFranmesBl ocks, 1)

I dxFrom = si ngl eTal kFranesBl ocks(i, 1);
I dxTo = singl eTal kFranesBl ocks(i, 2);
current Bl ockLength = I dxTo - | dxFrom
if currentBlockLength > 1
[H.st_Tnp, Id_ax_st, dur_ax_st] = level TimeStatistics(Rx(ldxFromldxTo), Ry(ldxFrom|dxTo));
if isenpty(H st)
Hst = Hst_Tnp;

el se
Hst = Hst + Hst_Tnp;
end
nunber O Si ngl eTal kFrames = nunber O Si ngl eTal kFranmes + current Bl ockLengt h;
end
end

[C.st, L_st] = evaluateH stogran(H st, |d_ax_st, dur_ax_st,
nunber O Si ngl eTal kFr anes) ;
activi tyFact or Si ngl eTal k = nunber O Si ngl eTal kFranes/ | engt h( Rx) ;

% Save to result file

witeResultsToFile(fid, ...
PROC_FI LE,
segnent,
del ay, .
round(downl i nkSyst enDel ayl nMs) ,
activi tyFact or Doubl eTal k,
activityFactor Si ngl eTal k,

C dt,
C st,
L_dt,
L_st);
end
fclose(fid);
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B.3.2 Delay compensation

% Conpensate for delay in processed file

z, delay] = ...

Y,

conpensat eDel ay(. . .

function [x,

I ength(x));

= 1: m n(1000000,

X,
Y,
z,
maxLag)

maxLag) ;

y(ii),

max(abs(r));

xcorr (x(ii),

del ay]

r
[~

del ay- maxLag- 1;
x((del ay+1):end);
z((del ay+1):end);
y(1: (end-del ay));

f (delay < 0)
((-delay+1):end);
(1: (end+del ay) ) ;
(1: (end+del ay));

y
X
z

{1 | ey B [ 1
X N >0 XXX NT
- c

e

B.3.3 Signal level computation and frame classification

if (delay > 0)

del ay

| evel s

% Det ermi ne speech activity and signal

si ngl eTal kFr anmes]

doubl eTal kFr anes,

Ryr Rz,

unction [Rx,
conput eSi gnal Level s(x,

fid)

' f raneLengt hl nSanpl es,
segnent,

z

Y,

downl i nkSyst enDel ayl nMs,

sanpl eRat e,

PROC_FI LE,

LEVEL_METER_INI T_TI ME_M5 = 100;

DOMNLI NK_HANGOVER _FRAMES = 40;

NEAREND HANGOVER _FRAMES = 40;

npl eRat e/ 1000;

level MeterlnitTinme = LEVEL_METER | NI T_TI ME_M5*sal

12.5);
12.5);
12.5);

sanpl eRat e,
sanpl eRat e,
sanpl eRat e,

mn(Rz(level MeterlnitTinme:end));

according to | EC61672

| EC61672( X,

| EC61672(y,

| EC61672( z,
| engt h(Rz);

% Correct for system del ay

% Level

Rx
nRz
m nRz
Rz
Rz

Ry
Rz

Rz];

nRz*ones(fl oor (downl i nkSyst enDel ayl nMs* sanpl eRat e/ 1000), 1);

[m

Rz(1l: nRz);

met er

| evel

Rx(1 evel Met er I ni t Ti ne: f raneLengt hl nSanpl es: end) ;

% Sub- sanpl e and avoid initialization period of

Rx
Ry
Rz

Ry(l evel Met erl ni tTi ne: f raneLengt hl nSanpl es: end) ;
Rz(| evel Met er | ni t Ti ne: f raneLengt hl nSanpl es: end) ;

according to P.56

% Active speech |evel

[acti veSpeechLevel Processed

sanpl eRaf éj;

activi tyFact or Processed]

| ongTer nm_Level Processed,
speechLevel Met er (X,
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[acti veSpeechLevel Near end,
| ongTer nmLevel Near end,
activityFactorNearend] = ...
speechLevel Meter(y, sanpleRate);

[activeSpeechLevel Downl i nk,
| ongTer nLevel Downl i nk,
activityFactorDownlink] = ...
speechLevel Meter (z, sanpl eRate);

% Wite active speech levels to file
wr i t eSpeechLevel sToFi | e(PROC_FI LE, segnent, fid,

acti veSpeechLevel Processed,

acti veSpeechLevel Near end,

acti veSpeechLevel Downl i nk,

| ongTer m_evel Processed,

| ongTer mLevel Near end,

| ongTer mLevel Downl i nk,

activityFact or Processed,

activi tyFact or Near end,

acti vi tyFact or Downl i nk) ;

%
% Only evaluate for active downlink/near-end speech including hang-over
%

acti veRyFranes
activeRzFranes

= find(Ry > activeSpeechLevel Near end- 15. 9);

= find(Rz > activeSpeechLevel Downl i nk-15.9);

% Downl i nk wi th added hangover

acti veDownl i nkSpeechFranmes = zeros(size(Rz));

acti veDownl i nkSpeechFranes(acti veRzFranmes) = ones(size(acti veRzFrames));

acti veDownl i nkSpeechFranmes = conv(activeDownl i nkSpeechFranes, ...
ones( DOMLI NK_HANGOVER _FRAMES, 1));
acti veDownl i nkSpeechFranmes = acti veDownl i nkSpeechFrames(1:1ength(Rz));

% Near - end
acti veNear EndSpeechFranmes = zeros(size(Ry));
acti veNear EndSpeechFranes(acti veRyFranmes) = ones(size(activeRyFrames));
acti veNear EndSpeechHt Frames = conv(acti veNear EndSpeechFranes, ...
ones( NEAREND HANGOVER FRAMES, 1));
acti veNear EndSpeechHt Frames = acti veNear EndSpeechHt Franmes(1: 1 ength(Rz));

% Only eval uate doubl e tal k when both rx+hangover and near-end
doubl eTal kSpeechFranmes = (activeDownl i nkSpeechFranes & ...

acti veNear EndSpeechFr anes) ;
doubl eTal kFranmes = find(doubl eTal kSpeechFranmes > 0);

% Single talk defined as rx and no near-end includi ng 200 nms hangover
si ngl eTal kSpeechFranmes = (acti veDownl i nkSpeechFranes & ...

~act i veNear EndSpeechHt Fr anes) ;
si ngl eTal kFranmes = find(singl eTal kSpeechFrames > 0);

[...

acti veSpeechLevel
I ongTer m_evel ,
activityFactor

1] =...
speechLevel Met er (x, sanpl eRat e)
SPEECH_LEVEL_HANGOVER TI ME_IN_MS = 200;

% Filter data

g = exp(-1/(0.03*sanpl eRate));
p=filter((1-g), [1, -g]. abs(x));
q=filter((1-9), [1, -g], abs(p)):

% Add 200ns hangover
hTi mel nSanpl es = SPEECH_LEVEL_HANGOVER Tl ME_I N_M5* sanpl eRat e/ 1000;
ght = q;
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for loop = 1:hTi nel nSanpl es
ght = max(ght, [zeros(loop, 1); q(1:end-lo0p)]);
end

% Conput e cumnul ati ve histogram of signal power with hangover
nData = | engt h(x);

cBins = 2.0.7(0:14)";

hi st ogranCsum = zeros(si ze(cBins));

for loop = 1:1ength(cBins)
hi st ogranCsun{ | oop) = | ength(find(ght>cBins(loop)));
end

% Get the |evels
sunBquare = sum(x.”"2);
refdB = 20*1 0g10(32768);

| ongTer mLevel = 10*| oglO(suntSquare/ nData) - refdB;
A = 10*1 0og10( sunSquar e. / hi st ogranCsum) - refdB;
C = 20*1 0g10(cBins) - refdB;

Dff = AC

if ((A(1) ==0) || ((A(1) - (1)) <= 15.9))
activeSpeechLevel = -100;

el se

index = find(Diff <= 15.9, 1, 'first');

if (Diff(index) == 15.9)
activeSpeechLevel = A(index);
el se
C level = C(index) + ...
(15.9 - Diff(index))* ...
(C(index)-C(index-1))/ (D ff(index)-Diff(index-1));
activeSpeechLevel = A(index) + ...
(C_level - C(index))* ...
(A(i ndex) - A(i ndex-1))/ (C(i ndex)-C(index-1));
end
end

activityFactor = 10.0"( (!l ongTernLevel -activeSpeechLevel )/ 10);

% Speech | evel neter according to | EC61672

function Rx = | EC61672(x, sanpl eRate, tc)

%

%

% Thi s functions conmputes the power of a sanpled signal

% using a discrete filter with time constant equivalent to a first order
% continous time exponential averaging circuit,

%

% 1/tc
% RX = -----nn--- XN 2
% s + 1/tc

%
% according to | EC 61672 (1993, section 7.2).
%

T = 1/ sanpl eRat e;
tc = tc/1000;

%

% Desi gn H by sanpling of Hc
%

la = exp(-T/tc);

B 1-1a;

[1, -la];

A
Rx = filter(B, A x.72);

%
% Transform Rx to dBov (square wave),
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5;20 dBov <=> power of maxi mum square wave signal, 32768
82 1070 = 3276872/ X => X = 32768"2

Z;EAvoid 1 0og(0) by using | og(max(eps, Rx))

g( = 10*1 og10(max(eps, Rx)/32768/32768);

% Conput ati on of level and time statistics

[...
| evel VsDur ati onHi st ogram
I evel Di fferenceAxi s,
durationAxis] = ...
| evel Ti meStati stics(processedLevel, nearEndLevel)

gl obal MAX_DURATI ON_FRAMES MAX_ LEVEL_DI FFERENCE M N_LEVEL_DI FFERENCE
FI RST_OCCURENCE = 1,

%

% Conmput e | evel difference

%

| evel Di fference = processedLevel - near EndLevel;

%
% Only evaluate in integers (rounded towards 0) of dB and linmt to nmax/mn difference
%

I evel Di fference
| evel Di fference
I evel Di fference

fix(level Difference);
m n(l evel Di fference, MAX_LEVEL_DI FFERENCE) ;
max( | evel Di fference, M N_LEVEL_DI FFERENCE) ;

%

% Produce axi s

%

level Di fferenceAxis = M N_LEVEL_ DI FFERENCE: MAX_LEVEL_DI FFERENCE;
durationAxis = 1:( MAX_DURATI ON_FRAMES+1) ;

%

% Set initial values for conputations and | oop through all frames
%

nunber O Eval uat edFranmes = | ength(l evel Di fference);

I evel I ncl udedl nEval uati on = (MAX_LEVEL_DI FFERENCE+1) *. . .
ones(nunmber O Eval uat edFranes, 1);
| evel AndRunLengt h = zeros(nunber O Eval uat edFr anes, 4);
| evel VsDur ati onHi st ogram = zer os( MAX_LEVEL_DI FFERENCE+ . . .
(-M N_LEVEL_DI FFERENCE) +1,
MAX_DURATI ON_FRAVES+1) ;

previ ousLevel Di fference = 0;

for frane = 1: nunber O Eval uat edFr anes- 1;
currentLevel Difference = |l evel Difference(frane);

%

% Eval uate all levels fromthe previous |level up to the current |evel

%

if currentLevel Difference <= 0
firstEval uatedLevel Di fference

max(m n(0, previousLevel Difference),
current Level Di f f erence);
step = -1;
el se
firstEval uat edLevel Di fference = m n(max(0, previousLevel Difference),
current Level Di f ference);
step = 1,
end
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%
% Loop the levels to be eval uated
%
for eval uatedLevel Difference = ...
firstEval uat edLevel Di fference: step: current Level Di fference
%
% Check that the current frame is not already included
% in evaluation for earlier frames
%
if (evaluatedLevel Difference ~= | evel | ncl udedl nEval uati on(frane))
if (evaluatedLevel Difference > 0)
duration = find(level Difference(frane+l:end) < ...
eval uat edLevel Di fference, FI RST_OCCURENCE) ;
el se
duration = find(level Difference(frane+l:end) > ...
eval uat edLevel Di fference, FI RST_OCCURENCE) ;
end

if (isenpty(duration))
durati on = nunber O Eval uat edFr anes- f r ame+1;
end

%
% Set the frames during duration of the |evel difference
% as bei ng eval uat ed
%
if (duration > 1)
I evel I ncl udedl nEval uati on(frame: (frame+duration-1)) = ...
eval uat edLevel Di f f erence*ones(duration, 1);
end;

%
% Add the nunber of frames in the duration that have
% absol ute level diff greater or equal to eval utedLevel
%
durationlndex = mn(duration, MAX DURATI ON_FRAMES) ;
| evel | ndex = eval uat edLevel Di fference+(-M N_LEVEL_D|I FFERENCE) +1;
| evel VsDur ati onHi st ogran(| evel | ndex, durationlndex) = ...
| evel VsDur ati onHi st ogran(| evel | ndex, durationlndex) + duration;
end
end

previ ousLevel Di fference = currentLevel Di fference;
end

%

eval uat eHi stogrant. ..
hi st ogr anDat a,
I evel D ff_ax,
dur ati on_ax, .
nunber O Fr anmes)

global D1 D2 D3 D4 L1 L2 L3 H STOGRAM RESCLUTI ON_MS;

D1_scal ed = D1/ H STOGRAM RESCLUTI ON_MS;
D2_scal ed = D2/ H STOGRAM RESCLUTI ON_MS;
D3_scal ed = D3/ H STOGRAM RESCOLUTI ON_MS;
D4_scal ed = D4/ H STOGRAM RESOLUTI ON_MS;

| evel | ndex_L1
| evel | ndex_L2
| evel I ndex_L3

find(level Diff_ax == L1);
level D ff_ax == L2;
find(level Diff_ax == L3);

duration_A2 = duration_ax;
duration_B = duration_ax<=D1_scal ed;
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duration_C
duration_D
duration_E
duration_F
duration_G

(D1_scal ed<durati on_ax) & durati on_ax<=D2_scal ed) ;
duration_ax>D2_scal ed;

duration_ax<=D3_scal ed;

(D3_scal ed<durati on_ax) & durati on_ax<=D4_scal ed);
duration_ax>D4_scal ed;

framesl nCat egoryB
franmesl nCat egoryC
f ramesl nCat egoryD
framesl nCat egor yE
framesl nCat egor yF
franmesl nCat egoryG

sun( hi st ogranDat a(l evel | ndex_L3, duration_B));
sun( hi st ogranDat a(l evel | ndex_L3, duration_Q));
sun( hi st ogranDat a(l evel I ndex_L3, duration_D));
sun( hi st ogranDat a(l evel I ndex_L1, duration_E));
sun( hi st ogranDat a(l evel | ndex_L1, duration_F));
sun( hi st ogranDat a(l evel | ndex_L1, duration_Q);

f ramesl| nCat egor yA2
f ramesl| nCat egor yA2

sun( hi st ogranDat a(l evel I ndex_L2, duration_A2));
framesl nCat egoryA2 -

framesl nCat egoryB -

framesl nCat egoryC -

f ramesl nCat egor yD;

framesl nCat egoryAl = nunberOf Franes - ...
framesl nCat egoryA2 -
framesl nCat egoryB -
framesl nCat egoryC -
framesl nCat egoryD -
f ramesl nCat egor yE -
f ramesl nCat egor yF -
framesl| nCat egoryG

categori es = [framesl nCat egor yAl;
f ramesl| nCat egor yA2;
f ramesl| nCat egor yB;
framesl nCat egor yC;
framesl nCat egor yD;
f ranmesl nCat egor yE;
f ranesl nCat egor yF;
framesl| nCat egor y@ / nunber O Fr anes;

aver agelLevel sl nCategories = zeros(8, 1);

% Cat egory Al

index = level Diff _ax < L1;
index = |l evel D ff_ax(index) > L2;
wei ght = |l evel Di ff_ax(i ndex);

duration = duration_ax;
| evel Ti mesDuration = (wei ght*hi stogranDat a(i ndex, duration)).*duration;
nData = sun( hi st ogranDat a(i ndex, duration)*duration');
if (frameslnCategoryAl > 0)
aver agelLevel sl nCat egori es(1) = sun(level Ti nesDurati on)/nDat a;
end

% Cat egory A2

index = level Diff_ax <= L2;
index = level D ff_ax(index) > L3;
wei ght = level Di ff_ax(i ndex);

duration = duration_ax;
| evel Ti mesDurati on = (wei ght *hi st ogranDat a(i ndex, duration)).*duration;
nDat a = sun( hi st ogranDat a(i ndex, duration)*duration');
if (frameslnCategoryA2 > 0)
aver agelLevel sl nCat egori es(2) = sun(l evel Ti nesDurati on)/nDat a;
end

% Category B, C, D
index = find(level D ff_ax <= L3);
wei ght = level Di ff_ax(i ndex);

duration = duration_ax(duration_B);
| evel Ti mesDurati on = (wei ght*hi st ogranDat a(i ndex, duration_B)).*duration;
nData = sun(hi stogranDat a(i ndex, duration_B)*duration');
if (frameslnCategoryB > 0)
aver agelLevel sl nCat egori es(3) = sun(l evel Ti mesDurati on)/ nDat a;
end

duration = duration_ax(duration_QC);

| evel Ti mesDurati on = (wei ght *hi st ogranDat a(i ndex, duration_C)).*duration;
nData = sun{( hi st ogranDat a(i ndex, duration_C)*duration');
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if (frameslnCategoryC > 0)
aver agelLevel sl nCat egori es(4) = sun(l evel Ti mesDurati on)/ nDat a;
end

duration = duration_ax(duration_D);
| evel Ti mesDurati on = (wei ght *hi st ogranDat a(i ndex, duration_D)).*durati on;
nData = sun{ hi st ogranDat a(i ndex, duration_D)*duration');
if (frameslnCategoryD > 0)
aver agelLevel sl nCat egori es(5) = sun(l evel Ti nesDurati on)/nDat a;
end

% Category E, F, G
index = find(level D ff_ax >= L1);
wei ght = level D ff_ax(index);

duration = duration_ax(duration_E);
| evel Ti mesDurati on = (wei ght *hi st ogranDat a(i ndex, duration_E)).*duration;
nDat a = sun( hi st ogranDat a(i ndex, duration_E)*duration');
if (frameslnCategoryE > 0)
aver agelLevel sl nCat egori es(6) = sun(l evel Ti nesDurati on)/nDat a;
end

duration = duration_ax(duration_F);
| evel Ti mesDurati on = (wei ght *hi st ogranDat a(i ndex, duration_F)).*durati on;
nDat a = sun( hi st ogranDat a(i ndex, duration_F)*duration');
if (frameslnCategoryF > 0)
aver agelLevel sl nCat egori es(7) = sun(level Ti nesDuration)/nDat a;
end

duration = duration_ax(duration_Q;
| evel Ti mesDurati on = (wei ght*hi st ogranDat a(i ndex, duration_G).*duration;
nData = sun(hi stogranDat a(i ndex, duration_G *duration');
if (frameslnCategoryC > 0)
aver agelLevel sl nCat egori es(8) = sun(l evel Ti mesDurati on)/ nDat a;
end

B.3.6 Auxiliary functions for reporting data

PROC_FI LE,

segnent,

del ay, ...

downl i nkSyst enDel ay, ...
acti vi tyFact or Doubl eTal k,
activi tyFact or Si ngl eTal k,
C dt, .

C st,

L_dt,

L_st)

str = sprintf('%,; segm %l; delay %; DL delay %; DT activity %.3f; %.3f; %.3f; o%d.3f; %.3f;
%.3f; 9d.3f; 9d.3f; 9. 3f;", ...

PROC _FI LE, segnent, delay, downlinkSystenDel ay, activityFactorDoubl eTal k,

cdt(1l), Cdt(2), Cdt(3), Cdt(4),

C dt(5), Cdt(6), Cdt(7), C.dt(8));

di sp(str);

if (fid>-1)

fprintf(fid, [str, "\n1]);
end,

str = sprintf('%,; segm %l; delay %l; DL delay %l; DT level diff; %d.1f; o%d.1f; %d.1f; . 1f;
. 1f; od. 1f; od. 1f; od. 1f;"', ...

PROC_FI LE, segnent, delay, downlinkSystenDelay, ...

L_dt(1), L_dt(2), L_dt(3), L_dt(4), L_dt(5), L_dt(6), L_dt(7), L_dt(8));

di sp(str);

if (fid > -1)

fprintf(fid, [str, "\n1]);
end,
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str = sprintf('%,; segm %l; delay %l; DL delay %l; ST activity %.3f; %d.3f; %d.3f; %.3f; %.3f;
9. 3f; 94.3f; 94.3f; 94.3f;", ...

PROC FI LE, segnent, delay, downlinkSystenDel ay, activityFactorSingleTalk,

Cst(1l), Cst(2), Cst(3), Cst(4),

C.st(5), Cst(6), Cst(7), Cst(8));

di sp(str);

if (fid > -1)

fprintf(fid, [str, "\n']);
end;

str = sprintf('%,; segm %l; delay %l; DL delay %l; ST level diff; %.1f; o%d.1f; %d.1f; . 1f;
%u. 1f; °9d. 1f; od. 1f; o%d. 1f;"', ...

PROC _FI LE, segnent, delay, downlinkSystenDel ay, ...

L_st(1), L_st(2), L_st(3), L_st(4), L_st(5), L_st(6), L_st(7), L_st(8));

di sp(str);

if (fid>-1)

fprintf(fid, [str, "\n']);
end,

% Wite the signal levels to file

acti veSpeechLevel Processed,
acti veSpeechLevel Near end,
acti veSpeechLevel Downl i nk,
| ongTer nLevel Processed,

| ongTer mLevel Near end,

| ongTer nLevel Downl i nk,
activityFact or Processed,
activi tyFact or Near end,
activi tyFact or Downl i nk)

str = sprintf('%,; segm %l; Processed signal; active speech level [dBovl]; 93.1f; RVS |evel
[dBovl]; 9B.1f; speech activity; 9%.3f", .

PROC FI LE, segnent, activeSpeechLevel Processed,

I ongTer mLevel Processed, activityFactorProcessed);

di sp(str);

if (fid > -1)

fprintf(fid, [str, "\n']);
end;

str = sprintf('%,; segm %l; Near end signal; active speech level [dBovl]; 93.1f; RVS |evel [dBovl];
98. 1f ; speech activity; %.3f', ...

PROC _FI LE, segnent, activeSpeechLevel Nearend,

I ongTer mLevel Nearend, activityFactor Nearend);

di sp(str);

if (fid > -1)

fprintf(fid, [str, "\n']);
end;

str = sprintf('%,; segm %l; Downlink signal; active speech level [dBovl]; 93.1f; RVS | evel [dBovl];
93. 1f; speech activity; 9%.3f", ...

PROC _FI LE, segnent, activeSpeechLevel Downli nk,

| ongTer mLevel Downl i nk, acti vityFactor Downl i nk);

di sp(str);

if (fid > -1)

fprintf(fid, [str, "\n']);
end;

B.3.7 Other helper functions

%
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function [ ConsecutiveBl ocks] = findConsecuti veBl ocks(Franel ndi ces)

D = di ff(Franel ndi ces);

Changes = find(D > 1);

ConsecutiveBl ocks = zeros(| ength(Changes) +1, 2);
ConsecutiveBl ocks(1,1) = Franel ndi ces(1);

for i = 1:1ength(Changes)
Consecut i veBl ocks(i, 2) = Franel ndi ces(Changes(i));
if i <= |ength(Changes)
ConsecutiveBl ocks(i +1,1) = Franel ndi ces(Changes(i) +1);
end
end

if ConsecutiveBl ocks(end,2) == 0

Consecuti veBl ocks(end, 2) = Franel ndi ces(end);
end
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Annex C (informative):
Measurement method for determining the one way radio

delays of LTE radio network simulators

The method decribed in this Annex can be used to determine or verify the delay introduced by a LTE radio network

simulator.

NOTE.

Thereis an inherent uncertainty in the method due the unknown delay of the modem delay (software
stack in the modem). If this delay is known the measurement uncertainty can be reduced.

C.1

Measurement setup

IPlogger

Overall delay fromr efere nce gateway
to radio networ k simulator

A

IP logger

[

4

Radio network
simulator

Tethering delay part LTEdelay part
RTP Padkets modem RTP Padkets
e
Reference USB LTE
gateway
RTP Padkets RTPPackets
1 Tethering delay part LTE de?ay part

TSRO rOCoOTUOR
ANY—rn

{

Overall delay from radio network simulator
to reference gateway

Ethemet cable, for pinging only
disconneded during mea sureme nt

Figure C1l: Measurement setup
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Annex D (normative):
Clock skew measurement

This Annex describes a method to measure the clock skew between the reference client and the device under test.

D.1Test procedure

As speech test signal, the second sentence of the first female speaker (femalel.wav) of the English test sentences
according to ITU-T P.501 is used. . When measuring in receiving direction the signal is pre-filtered according to the
used bandwith and normalized to an active speech level of -16dBm0. When measuring in sending direction the signal is
normalized to an active speech level of -4.7 dBPa. The sequence is centered within a 4.0s time window and repeated 40
times, resulting in atest file of 160.0s length. Alternatively CSS signals may be used with the corresponding adaptation
of the step size to 333ms. Thetest signal used shall be reported.

NOTE- Care should be taken to apply the test procedure to the receive direction, since the measurement could
lead to biased results due to jitter buffer adaptation of the DUT during the test.

The clock skew is determined as follows:

- Thevariable delay per time step is calculated as the time shift of the maximum of the cross correlation between
measured and source signal for each time step.

- The step size of the calculation of the variable delay is 4.0s for the above test signal, which corresponds to one
single sentence of the source signal.

- Thisanalysis provides the output signa Y (tn) consisting of one single delay value for each time step, i.e., for
each sentence of the above source signal.

- A median filter of length 3 is applied to the delay vs. time series Y (tn) yielding the time series Y (tn). This
smoothes small spikes without soften the delay jumps.

- Delay jumps due to jitter buffer over- or underrun are detected as the time steps where the absolute delay
difference abs(Y (tn+1) - Y(tn)) islarger than athreshold AY max, which is appropriate to detect a maximum
clock skew of 500 PPM.

- A "continuous' delay vs. time seriesis generated where the delay jumps are eliminated, e.g., by cutting out the
delay jumps and "stitching" together the jump-free segments.

- Theclock skew is estimated as the regression coefficient § of the "continuous’ delay vs. time seriesin parts per
million (PPM):
B

D= ———-10° PPM.
step size

In case of clock skews higher than 50 PPM the accuracy of the cross-correlation calculation decreases. In such event it
is recommended to take a two-step approach. In the first step a coarse skew compensation is performed and the clock of
the reference client is adjusted to the PPM derived in the first step. A fine compensation is performed in the second step
by applying the same procedure. The final clock skew in PPM isthe sum of both clock skews.

D.2  Clock skew estimation algorithm

function Skew = Esti mat ePPM Del ayVsTi ne, StepSize, D ffMaxPPM=500)

% Di fference threshold fromwhich on a difference is assuned to be a packet
%1 oss or insertion. Wth larger step sizes, the normal clock skew

% results in higher differences between steps and therefore requires a

% | arger threshol d.

Del ayDi ff Threshol d = mi n( nmax( D ffMaxPPM le- 6* St epSi ze, 1le-3 ), 4e-3 );

% Cal cul ate nmedian filter of length 3 to snooth away small spi kes w thout
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% soften the steps.
Del ayMedi an = Del ayVsTi ne(:);

for i = 2:nunel (Del ayVsTine)-1
Del ayMedi an(i) = nedi an(Del ayVsTi ne(i-1:i+1));
end

% Cal cul ate delay difference per time step.
Del ayDi ff = diff( Del ayMedian );

% Exclude all indices with high delay differences as well as sone
% transition range before and after.
Mask = true(size(DelaybDiff));

Junps = find( abs(DelayDiff) > DelayDiffThreshold );
for i = 1:1ength(Junps)

Mask(Junps(i)-1:Junps(i)+1l) = false;
end

% CGenerate "continuous" delay vs. time series
Delay = [ 0; cunsun( Del ayDi ff(Msk) ) ];
Time = ( 0:nurel (Delay)-1)";

% Estimate clock skew in PPM as slope of linear regression |ine

P = polyfit( Time, Delay, 1);
Skew = P(1) / StepSize * 1le6;
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Annex E (normative):
Packet delay and loss profiles for UE delay testing of MTSI-
based speech with LTE access

E.1 General

This Annex provides packet delay and loss profiles to be inserted on the IP packets in the test system when testing the
UE delay and speech quality for M T Sl-based speech with LTE access in jitter and error conditions. The profiles are
based on the assumption that one I P packet corresponds to 20ms of the speech sequence. In order to preserve the
synchronization of the elementsin the profile and the timing of the speech sequence (e.g. the RTP time stamp) when the
speech codec does not produce one packet every 20ms, e.g. during speech codec DTX operation, the profiles needs to
be sub-sampled in accordance with the rate of production of the packets containg the speech frames.

The variation in the packet arrival time and the |loss rate of the speech packets experienced by the receiving UE in an
LTE connection will vary depending on several parameters and operating conditions of the LTE network. Standardized
characteristics with respect to Packet Delay Budget (PDB) and Packet Error Loss Rate (PELR) for different QoS Class
Identifiers (QCI) for an LTE access network are defined in 3GPP TS 23.203 [42]:

- The PDB of aQCI defines an upper bound for the time that a packet may be delayed between the UE and the
PCEF. For a certain QCI the value of the PDB isthe same in uplink and downlink. The purpose of the PDB isto
support the configuration of scheduling and link layer functions (e.g. the setting of scheduling priority weights
and HARQ target operating points). The PDB shall be interpreted as a maximum delay with a confidence level
of 98 percent.

- The PELR of aQCI defines an upper bound for the rate of SDUs (e.g. | P packets) that have been processed by
the sender of alink layer protocol (e.g. RLC in E-UTRAN) but that are not successfully delivered by the
corresponding receiver to the upper layer (e.g. PDCP in E-UTRAN). Thus, the PELR defines an upper bound for
arate of non congestion related packet losses. The purpose of the PELR isto allow for appropriate link layer
protocol configurations (e.g. RLC and HARQ in E-UTRAN). For a certain QCI the value of the PELR isthe
samein uplink and downlink.

The stipulated PDB and PELR as defined in 3GPP TS 23.203 for QCI 1 intended for Conversational V oice services
results in that on each link 99 percent of the packets will be successfully delivered over an LTE air interface with a
maximum delay of less than 80ms with a confidence level of 98 percent.

E.2  Simulation model for generating packed delay and
loss profiles

This clause describes a simulation model that generates packet arrival time variations and packet loss experienced by
the receiving UE for M TSI -based speech with an end-to-end LTE access.

The model is derived solely for the purpose of testing the UE delay for MTSI-based speech with LTE access. As
discussed in Section E.1, several LTE network parameters have a significant impact on the packet delay variations
experienced by the UE. This model includes the effect of the DRX cycle, the BLER on the MAC/PHY layer, the HARQ
re-transmission and RMC scheduler [46]. In addition, jitter in the EPC and the effect of the mis-alignment of the DRX-
cycle between the uplink and downlink eNBs are included.

The model is described in Table E.1 and operates on the following input parameters
- Uplink and downlink block error rate (BLER), respectively.
- Maximum number of HARQ re-transmissions on uplink and dowblink, respectively.
-  DRX cyclelength.

- Time differnce between the uplink and the downlink eNB DRX cycle.
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- Maximum and minimum network delay between the uplink and the downlink eNB.

The random number generator used in the model produces pseudorandom values drawn from the standard uniform
distribution on the open interval (0, 1).

The model generates packet delay and loss profiles for two different test system configurations of the UE delay:

- When the system simulator is transparent in the downlink at the MAC/PHY layer and does not operate in DRX.
This approach requires the variations of the delay due to downlink HARQ re-transmissions and mapping to the
DRX cycleto be simulated. In this case, the model simulates the delay and jitter profiles for the packets from the
antenna of the sending UE to the antenna receiving UE (end-to-end simulation). Thisis the testing condition
used in 3GPP TS 26.132.

- When the system simulator is configured for error insertion in the downlink at the MAC/PHY layer and DRX
operation, and the system simulator implements the HARQ re-transmissions and the mapping of the packets to
the DRX cycle time at the downlink. In this case, the model simulates the delay and loss profiles from the
sending UE up to the receiving eNB. Thistesting condition is currently not used in 3GPP TS 26.132.

It should be noted that the model does not fully utilize the PDB for QCI 1 as defined in 3GPP TS 23.203 and does not
include temporary variations of the packet arrival time variation and the loss rate that may be experienced during e.g.
hand-over or congestion. Hence, the packet delay and loss profiles generated by the model do not fully exercise the
conditions that the jitter buffer management of the UE may be exposed to in LTE systems and the profiles generated by
the model are only intended for the testing of the UE delay in stationary operating conditions.

Table E.1: Simulation model for generating packet delay and loss profiles for MTSI-based speech
with LTE access

function [UEL_UE2_dly, UEl_eNB2_dly, plr, conp_e2e, conp] = ...
VOLTEDel ayProfile_vPHY(BLER tx, BLER rx, nmax_tx, nmax_rx, drx_cycle_length, nms_eNBl_eNB2,
max_net _del ay, m n_net_del ay, nFrames, seed)

% BLER_t x : The block error rate in uplink.

% BLER_r x : The block error rate in downlink.

% max_t x : The maxi mum nunber of transm ssion attenpts in uplink.
% max_r x : The nexi num nunber of transmi ssion attenpts in downlink.
% drx_cycle_length : The length of the DRX cycle

% m s_eNBl_eNB2 : Scheduling time mis-alignnent between eNBl1 and eNB2

% max_net _del ay : The maxi mum network del ay between eNBl to eNB2

% m n_net _del ay : The m ni num network del ay between eNBl to eNB2

% nFr arres . The nunber of franes for the sinulation

% seed : Random nunber generator seed

rng(seed);

UE1l_UE2_tine = zeros(nFranes, 1);

UE1l_eNB2_tine = zeros(nFranes, 1);

eNBl_eNB2_dly = round(m n_net _del ay + (max_net_del ay- m n_net _del ay). *rand(nFranes, 1));
ackl = zeros(nFranes, 1);

ack2 zeros(nFranes, 1);

wal | _cl ock = 20;
frame = 1,
frame_size = 20;
simul ati onTi mre = nFranes*frane_si ze;
% Cal cul ate the delay from UEL speech encoder delivery to eNB2. |f
% transm ssion to eNBl is not successful after nmax_tx attenpts, dly = 0 (packet |oss)
whil e (wal | _cl ock<=si nul ati onTi ne)
% Set the scheduling time
if drx_cycle_length == 0
UE1l_schedul i ng_ti me=wal | _cl ock;
el se
UE1l_schedul i ng_tine=ceil (wall _cl ock/drx_cycl e_|l ength)*drx_cycl e_l engt h;
end

% Add the tx effect for the scheduling time
n=0;
eNBl_receive_delay = 0;
while n < max_tx
if (rand(1l) < BLER tx)
eNBl_receive_del ay = eNBl_receive_del ay+8;
n=n+1;
ack=0;
el se
ack=1;
n=max_t X;
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end
end

whil e (wal | _cl ock<=UE1_schedul i ng_ti ne)
UE1_eNB2_ti ne(frane)=ack*(UELl_schedul i ng_ti ne+eNBl_recei ve_del ay+eNB1_eNB2_dl y(frane));
wal | _cl ock=wal | _cl ock+frane_si ze;
ackl(frame)=ack;
frame=frame+l,
end;
end

% Transl ate arrival time to packet delay for UL simulation
wal | _clock = frame_size*(1:nFranes)';
UEl_eNB2_dly = max(-1, UEl_eNB2_time-wall_cl ock);

% Sort for nmonotonic arrival tinme to DL for sinmulation
[ UEL_eNB2_t i nme, monot oni c_i ndex] =sort (UE1_eNB2_ti ne);

% Cal cul ate the delay fromeNB2 to UE2 (only for those packets that
% successfully arrived at the eNB2!). If transmission to UE2 is not
% successful after max_tx attenpts, dly = 0; (packet |oss)

frame = 1,

UE2_schedul i ng_ti ne=m s_eNB1_eNB2;

whi | e frane<=nFranes
% Add the rx effect for the scheduling tine
n=0;
eNB2_transnit_delay = O;
while n < max_rx
if (rand(1l) < BLER rx)
eNB2_transmt_delay = eNB2_transm t_del ay+8;
n=n+1;
ack=0;
el se
ack=1;
N=max_rX;
end
end

whi | e ((frame<=nFranes)&&( UE1_eNB2_ti me(frame) <UE2_schedul i ng_tinme))
if (UEl_eNB2_time(frame)==-1)
UE1_UE2_time(frane)=-1,;
el se
UE1l_UE2_ti me(frane)=ack*(UE2_schedul i ng_ti me+eNB2_transnit_del ay);
end
ack2(frane)=ack;
frame=frame+l,
end

% Updat e the scheduling tine
UE2_schedul i ng_ti me=UE2_schedul i ng_t i me+dr x_cycl e_| engt h;
end

% Re-order for orignal transnit order
UE1_UE2_ti me(nonotonic_i ndex) = UE1_UE2_ti ne;

% Transl ate arrival tine to packet del ay
wal | _clock = frame_size*(1:nFranes)’;
UEl UE2 dly = max(-1, UELl_UE2_tine-wall _cl ock);

% Set conpensation val ues
if drx_cycl e_| engt h==0
conp_e2e=ni n_net _del ay;
conp=m n_net _del ay;
el se
conp_e2e=m n( UE1_UE2_dl y( UE1_UE2_dl y>0));
conp=m n( UE1_eNB2_dl y( UEL_eNB2_dl y>0));
end

% Cal cul ates the overall packet |loss fromUEl to UE2
pl =0;
for frane=1: nFranes

if UE1_UE2_dly(frame)==-1,

pl =pl +1;

end
end
pl r=pl / nFr anes,;
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E.3 Packet delay and loss profiles for simulated
stationary operating conditions with DRX 20 ms and

DRX 40 ms

Three delay and loss profiles simulating the packet delay variations and packet loss that a UE may experiencein
stationary operating conditions with 20ms, 40ms DRX and 40ms DRX with higher BLER, respectively, are generated
from the model with the parameter settings as described in Table E.2. The delay profiles are attached as text files and as
binary trace filesin the form of TCN network emulator.

Table E.2: Parameter settings for packet delay profile generation.

Operating Parameter setting System simulator Delay and Loss profile
condition operation
Stationary BLER t x 0.1 Transparent system dly_profile_20msDRX_10pct_BLER e2e
BLER r x 0 0.1 . .
DRX 20 ms nex £x .3 simulator downlink
MRX_r X -3 System simulator dly _profil e_20m;DBX_10pct _BLER uel_to_eNB2
drx_cycle_l ength 20 generating HARQ re- (Not used in 3GPP TS 26.131)
m s_eNB1_eNB2 10 transmissions and
max_net _del ay 33 DRX i th
m n_net _del ay 27 c_)pera lon on the
nFranes . 8ooo |downlink
seed 0
Stationary BLER t x 0.1 Transparent system dly_profile_40nmsDRX _10pct _BLER e2e
BLER r x 0 0.1 . .
DRX 40 ms max. fx i3 simulator downlink
max:rx -3 System simulator dly_profile_40nmsDRX _10pct_BLER uel_t o_eNB2
drx_cycle_l ength 40 generating HARQ re- (Not used in 3GPP TS 26.131)
m s_eNB1_eNB2 30 transmissions and
max_net _del ay 33 DRX ti th
m n_net _del ay 27 Qpera lon on the
nFr anes . 8000 |downlink
seed 0
Stationary gtgs_t X 0.22 Transparent system dly_profile_40msDRX 22pct_BLER e2e
rx :0.22 . .
DRX 40 ms max tx -3 simulator downlink
(22% BLER) max:r X . 3
drx_cycle_length : 40
ms_eNB1_eNB2 : 30
max_net _del ay 36
m n_net _del ay 24
nFr ames 8000
seed 0

Since the model simulates the packet transmission end-to-end, the delay profiles include a packet delay component that
according to the definition of the UE delay in 3GPP TS 26.131 [1] is not attributed to the UE delay. This delay shall be
included in the test equipment delay when deriving the UE delay from the delay measurments based on the cross-
correlation of the injected and measured signals. Values for the compensation attributed to the packet delay profiles are
shown in Table E.3.

Table E.3: Packet delay profiles compensation values.

Delay and Loss profile Compensation value
dly_profile_20msDRX_10pct _BLER e2e 30 ms
dly_profile_40msDRX_10pct _BLER e2e 30 ms
dly_profile_40msDRX 22pct BLER e2e 30 ms
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Annex F (normative):
Packet delay and loss profiles for jitter buffer management
behaviour

F.1 General

This Annex provides packet delay and loss profiles to be inserted on the IP packets in the test system when testing the
UE delay and speech quality for speech-only with LTE or WLAN accessin jitter and error conditions, to characterise
thejitter buffer management behaviour. The profiles are based on the assumption that one I P packet corresponds to
20ms of the speech sequence. In order to preserve the synchronization of the elementsin the profile and the timing of
the speech sequence (e.g. the RTP time stamp) when the speech codec does not produce one packet every 20ms, e.g.
during speech codec DTX operation, the profiles needs to be sub-sampled in accordance with the rate of production of
the packets containg the speech frames.

F.2  Packet delay and loss profiles

[The profileslisted in Table F.1 are under consideration.

Table F.1: Packet delay profiles.

Delay and Loss profile Packet loss (%) |Description
dly_profile_volte 0.425 Real VOLTE capture
dly_ext_profile_error_profile_1 0 MTSI profile #1 [19]
extended to 8000 frames
dly_ext_profile_error_profile_2 0.2375 MTSI profile #2 [19]
extended to 8000 frames
dly_ext_profile_error_profile_3 0.475 MTSI profile #3 [19]
extended to 8000 frames
dly_ext_profile_error_profile_4 2.25 MTSI profile #4 [19]
extended to 8000 frames
dly_ext_profile_error_profile_6 0 MTSI profile #6 [19]

extended to 8000 frames

NOTEL: MTSI profile #5 is not included because it assumes frame bundling, which may
not be supported by test equipments.

NOTE2: MTSI profiles have alength of 7500 frames; they have been extended to 8000
frames by appending the first 500 values at the end of the profile.

Since the model simulates the packet transmission end-to-end, the delay profiles include a packet delay component that
according to the definition of the UE delay in 3GPP TS 26.131 [1] is not attributed to the UE delay. This delay shall be
included in the test equipment delay when deriving the UE delay from the delay measurments based on the cross-
correlation of the injected and measured signals. Values for the compensation attributed to the packet delay profiles are
shown in Table F.2.
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Table F.2: Packet delay profiles compensation values.

Delay and Loss profile Compensation value
dly_profile_volte 20 ms

dly profile_error_profile_1 100 ms

dly profile_error_profile_2 100 ms

dly profile_error_profile_3 100 ms

dly profile_error_profile_4 100 ms

dly profile_error_profile_6 100 ms
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Annex G (informative):
Change history
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