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Intellectual Property Rights

IPRs essential or potentially essentia to the present document may have been declared to ETSI. The information
pertaining to these essential 1PRs, if any, is publicly available for ETSI member s and non-member s, and can be found
in ETSI SR 000 314: "Intellectual Property Rights (IPRs); Essential, or potentially Essential, IPRs notified to ETS in
respect of ETS standards’, which isavailable from the ETS| Secretariat. Latest updates are available on the ETSI Web
server (http://www.etsi.org/ipr).

Pursuant to the ETSI IPR Policy, no investigation, including IPR searches, has been carried out by ETSI. No guarantee
can be given asto the existence of other IPRs not referenced in ETSI SR 000 314 (or the updates on the ETSI Web
server) which are, or may be, or may become, essential to the present document.

Foreword

This Technical Specification (TS) has been produced by ETSI Project Telecommunications and Internet Protocol
Harmonization Over Networks (TIPHON).

The present document is part 5 of a TIPHON Working Group 5 multi-part deliverable covering TIPHON Quality of
Service (QoS) classification. The structure of thiswork isillustrated in figure 1

Introductions TR 101329-1 TS 101329-2 Definition
Definitions General QoS of the 4 TIPHON
Explanations classes
Discussions... AspecTs Class
!
of QoS Spec
BN SPEC |
t Generic QoS Definitions
| Specific aspects of TIPHON QoS
TS 101329-3 TS 101329-4 TS 101329-5 TR 101329-6 TR 101329-7
QoS QoS Measure- | Actual Design
Control =~ Manage- ment Test Guide-
ment Methods| Results lines
 EEE | EE | EEE
| |
QoS signalling Reporting on Measurement Repository of Useful info for
requirements QoS Achieved methodologies real results designers

Figure 1: TIPHON WG5 QoS Documentation Structure

The present document describes measurement methodol ogies for assessing the performance of TIPHON systems.
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1 Scope

The present document applies to I P networks that provide voice telephony in accordance with any of the TIPHON
scenarios.

It contains:
- test methodologies for end to end QoS parameters;
- test methodologies for network performance parameters.

It should be noted that the work hastried to reference already developed measurement techniques rather than defining
new techniques unnecessarily.

Background information and discussions are contained in the General Aspects of QoS document TR 101 329-1 [1].

2 References

The following documents contain provisions which, through reference in this text, 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, subsegquent revisions do not apply.

» For anon-specific reference, the latest version applies.

[1] ETS TR 101 329-1: "Telecommunications and Internet Protocol Harmonization Over Networks
(TIPHON); End to End Quality of Servicein TIPHON Systems; Part 1: General aspects of Quality
of Service (QoS)".

[2] ITU-T Recommendation P.800 (1996): "Methods for subjective determination of transmission
quality".

[3] ITU-T Recommendation G.131: "Control of talker echo”.

[4] Draft ITU-T Recommendation P.861 (2000): "Perceptua Evaluation of Speech Quality (PESQ),
an objective method for end-to-end speech quality assessment of narrowband tel ephone networks
and speech codecs'.

[5] ITU-T Recommendation G.169 (1999): "Automatic level control devices'.

[6] ITU-T Recommendation P.340 (2000): "Transmission characteristics of hands-free telephones’.

[N ITU-T Recommendation P.76 (1988): "Determination of loudness ratings, fundamental
principles'.

[8] ITU-T Recommendation P.79 (1999): "Calculation of Loudness Ratings for telephone sets’.

[9] ITU-T Recommendation G.107 (2000): "The E-Model, a computational modd for usein
transmission planning".

[10] ITU-T Recommendation G.108 (1999): "Application of the E-model: A planning guide”.

[17] ITU-T Recommendation G.177 (1999): "Transmission planning for voice-band services over
hybrid Internet/PSTN connections'.

[12] ITU-T Recommendation P.59 (1993): "Artificial conversational speech”.

[13] ITU-T Recommendation P.501 (2000): "Test signalsfor usein telephonometry”.
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[14] ITU-T Recommendation P.502 (2000): "Objective test methods for speech communication
systems, using complex test signals'.

[15] ITU-T Recommendation P.581 (2000): "Use of head and torso simulator (HATS) for hands-free
terminal testing".

[16] ITU-T Recommendation P.831 (1998): " Subjective performance evaluation of network echo
cancellers'.

[17] ITU-T Recommendation P.832 (2000): " Subjective performance eval uation of Hands-free
Terminals'.

[18] ITU-T Recommendation P.51 (1996): "Artificial mouths'.

[19] ITU-T Recommendation P.57 (1996): "Artificial ears'.

[20] ITU-T Recommendation P.58 (1996): "Head and torso simulator for tel ephonometry”

[21] ITU-T Recommendation P.64 (1999): "Determination of sensitivity/frequency characteristics of
local telephone systems”.

[22] ITU-T Recommendation P.50: "Artificial Voices'.

[23] ETSI TBR 8 (1998): "Integrated Services Digital Network (ISDN); Telephony 3,1 kHz teleservice;
Attachment requirements for handset terminals’.

[24] ITU-T Contribution COM12-42 Federal Republic of Germany: Listening only test results for
hands-free tel ephones and their dependence upon room surroundings (1997)

[25] ITU-T Recommendation G.711: "Pulse code modulation (PCM) of voice frequencies'.

[26] ITU-T Recommendation G.726: "40, 32, 24, 16 kbit/s Adaptive Differential Pulse Code
Modulation (ADPCM).

[27] ITU-T Recommendation G.113 Appendix 1: "Transmission Impairments - Appendix |: Provisional
planning val ues for the equipment impairment factor 1"

[28] ITU-T Recommendation G.114 (2000): "One-way transmission time" To be published.

[29] ITU-T Contribution COM12-D139 France Télécom R&D (Q14/12): Study of therelationship
between instantaneous and overall subjective speech quality for time-varying quality speech
sequences: influence of arecency effect (Delayed Contributions 9-18 May 2000).

[30] ANSI T1A1.7/98-031: "Testing the quality of connections having time varying impairments’.

3 Definitions, symbols and abbreviations
3.1 Definitions

For the purposes of the present document, the following term and definition applies

codec: combined speech encoder and decoder

3.2 Symbols

For the purposes of the present document, the following symbols apply:
ms milliseconds
S seconds

ETSI



8 ETSI TS 101 329-5 vV1.1.1 (2000-11)

3.3 Abbreviations

For the purposes of the present document, the following abbreviations apply:

QoS Quality of Service

MNRU Modul ated Noise Reference Unit

MOS Mean Opinion Score

GSM FR Global System for Mobile, Full Rate codec
R.M.S. Root mean square, mathematical calculation
SCN Switched Circuit Network

SLR Send Loudness Rating

RLR Receive Loudness Rating

OLR Overall Loudness Rating

VolP Voice over Internet Protocol

IP Internet Protocol

UDP User Datagram Protocol

PDV Packet Delay Variation

CRC Cyclic Redundancy Check

SDSD Start Dial Signal Delay

PDD Post Dial Delay

LR Loudness Ratings

FFT Fast Fourier Transform

DTX Discontinuous Transmission

3.4 Test Set-up for Terminals and Systems Including Terminals

The general accessto terminalsisdescribed in figure 2. The preferred way of testing is the connection of the termina to
anetwork simulator or a complete network. When testing without acoustical access, the test sequences can be fed to the
eectrical interface asindicated in figure 2. The test sequences are fed in either electrically, using areference codec or
using the direct signal processing approach or acoustically using ITU-T specified devices such as artificial ear and
mouth according to the Recommendations P.51 [18], P.57 [19] and P.58 [20]. The positioning and set-up for handset
type telephonesis described in ITU-T Recommendation P.64 [21], for hands-free type telephones the set-up is
described in ITU-T Recommendation P.581 [15]. The test set-up can be used on both sides of a connection if complete
configurations are tested.

ITU-T Reference Codec TU-T
test sequences i > G.711, G.726 test sequences
(P.50, P.501) ; or GSM FR (P.50, P.501)

acoustical access

0 dBr
Reference point

TIPHON Terminal

‘ —

Ly| Electrical
Part

Electrical Acoustic
Part Part

Network Simulator

electrical access

Figure 2: Methodology for testing TIPHON Terminal/Systems Speech Quality

NOTE: Packet lossdistribution isfor further study.
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4 Call Establishment Measurements

4.1 Start Dial Signal Delay
Definition
Timein milliseconds for the dial tone to be audible after the phone is placed off-hook from theidle state.
Test Metrics
- dartdial signal delay/ms;
- percentage of callswith no dial tone.
Comments

None.

4.2 Post Dial Delay
Definition

Time in milliseconds between dialling the last digit and an audible tone being heard at the originating end. The audible
toneistypically ring-back or the engaged tone.

Test Metrics
- post dia delay/ms.
Comments

Some systems have shown to present the user with aring-back tone before a connection has been established, this gives
the impression that the PDD islow. If the connection failsthisislater switched to an engaged tone. Thisis unacceptable
operation and should be tested.

4.3 Call Duration
Definition

The time in seconds between bi-directiona media path establishment and media path closure at both ends of the
connection.

Test Metrics
- Cal duration/s (accurateto 1ms);
- Percentage of premature rel eases.
Comments

The call duration information can be used to check hilling system accuracy.

ETSI
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4.4 Release on Request
Definition
Check to identify that connection is rel eased when placing phone on-hook.
Test Metrics
- Percentage of correctly terminated calls.
Comments

None.

5 Speech Quality Measurements

5.1 Subjective Speech Quality
Definition

A subjective quality measure, or Mean Opinion Score (MOS), is determined from performing a subjective test in
accordance with P.800 [2]. A MOS s an average opinion of quality for a system based on asking people their opinion of
quality under control conditions. Further evaluation procedures specifically for echo canceller and hands-free terminal
testing can be found in ITU-T Recommendations P.831 [16] and P.832 [17].

Test Metrics
- Listening quality absolute category rating (P.800 [2] annex B);
- Listening distortion category rating (P.800 [2] annex D).
Comments
A subjective test, for TIPHON QoS class classification, should include the following reference conditions:
- Clean speech;
- G.711[25] with no additional distortions;
- G.726[26] at 32 kbit/s with no additional distortions;
- GSM FR with no additiona distortions;
- MNRU conditions (Q = 6, 12, 24 and 30).

5.2 Objective Speech Quality
Definition

A measure of speech quality by a computer based software program. The ETSI TIPHON project endorses the ITU-T
Draft Recommendation P.861 [4].

Test Metrics
- Speech Quality MOS prediction (P.861 [4]).
Comments

It is paramount to use an appropriate speech or speech-liketest signal. The signal should be at least 8 to 10 secondsin
duration to ensure both system stahility and the opportunity for errorsto be assessed.

ETSI
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5.3 Advanced Objective Speech Quality Parameters
Definition

Various measures of speech quality parameters based on test signals and procedures are described in ITU-T
Recommendations P.501 [13], P.502 [14] and P.340 [6].

Test Metrics
- Convergence parameters of echo cancellers (section 4 of P.502 [14]);
- Speech quality parameters during double talk (section 5 of P.502 [14]);
- Companding and AGC characteristics (section 6 of P.502 [14]);
- Quality of background noise transmission (section 7 of P.502 [14]);
- Switching parameters (section 8 of P.502 [14]).
Comments

The tests require various (speech-like) test signals as described in P.501 [13] and P.50 [22]. Thetest duration should be
at least 8 to 10 seconds in duration to ensure both system stability and the opportunity for errorsto be assessed. In
addition to the test method described in clause 5.2 individual parameters influencing the speech quality can be assessed,
in single and double talk situations. The test methodol ogy allows the assessment of terminals as well as of network
components and configurations.

Further details can be found in annex D.

54 Mean One Way Delay
Definition

Mean one way delay is the time taken in milliseconds for atest signal to go from the near-end voice test point, traverse
the network, get looped back at the far voice test point and arrive back at the near voice test point divided by two.

Test Metric

- Mean one-way delay/ms;

- Average of 10 delay measures or 90 % of largest delay (whichever is greatest).
Comments

VolP systems exhibit bulk delay variations and therefore a number of delay measures should be made to have a
statistical average. Delays should be measured over 30 seconds.

One methodol ogy to measure delay is described in annex E.

5.5 Echo Path Loss
Definition
Theratio of r.m.svalues of the incident to reflected speech signals with the echo path delay removed.
Test Metrics

- Steady stateresidual and returned echo level (ITU-T Recommendation G.169 [5], test 1).
Comments

The eectrical performance of echo cancellersin a TIPHON system should conform to ITU-T Recommendation
G.169 [5], guidelines for measuring acoustical echo are given in section 10 of ITU-T Recommendation P.340 [6].
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5.6 Loudness Ratings
Definition

A Loudness Rating (LR) isa single-figure weighted average of the frequency-dependent | oss between two reference
points.

Test Metrics
- SLR(ITU-T Recommendation P.76 [7] and P.79 [8)]);
- RLR (ITU-T Recommendation P.76 [7] and P.79[8]);
- OLR (ITU-T Recommendation P.76 [7] and P.79 [8]).
Comments

LR calculations are traditionally performed using sine waves placed at 1/3 octave centre frequencies. However, when
assessing complex non-linear systems thereis aneed to use a speech-liketest signals to pass through low-bit rate
codecs. The LR calculations are performed on the speech-like signal by cal culating Fast Fourier Transform based
1/3-octave parameters.

5.7 Overall Transmission Quality Rating [R]
Definition

The 'Overall Tranamission Quality Rating [R]" isthe output of the eemodel, a planning tool, which relates aspects of
telephony transmission performanceto asinglefigure R. R isrepresentative of a users perceived conversational
performance of a system. The E-model is described in ITU-T Recommendation G.107 [9] and guidance can be found in
ITU-T Recommendations G.108 [10] and G.177 [11].

Test Metrics
- R-value
Comments

A default telephone-handset profileis used for TIPHON classification. This profile is based on a "traditiona” telephone
handset by using the default values for eemodel calculations. Acoustic characterigtics of TIPHON terminasare not
considered in order to focus on the parameters specific to TIPHON network related issues (i.e. where TIPHON
networks differ from existing SCN networks).

One methodol ogy to passively monitor the overall transmission quality is described in annex E.

ETSI



13 ETSI TS 101 329-5 vV1.1.1 (2000-11)

6 Transport Layer Measurements

6.1 One Way Transmission Time
Definition

Time in milliseconds between the emission of a signal and the time it isreceived, includes delays due to equipment
processing as well as propagation delay.

Test Metrics

- Mean packet transmission time/ms;

- Minimum and maximum packet transmission times/ms.
Comments

Measurement requires two synchronised test boxes.

6.2 Roundtrip Transmission Time
Definition

Time in milliseconds for a packet to be transmitted from host A and received at host B and to be re-transmitted from
host B and received back at host A.

Test Metrics

- Mean roundtrip packet transmission time/ms;

- Minimum and maximum packet transmission times/ms.
Comments

Thereflection of a packet for roundtrip measurement should be at the protocol layer that the measurement is addressing.

6.3 2 Point Packet Delay Variation
Definition

PDV isthe difference between upper and lower percentiles on the packet delay distribution. 2pt PDV uses 2 monitoring
points. The measurement uses the difference between the inter-packet sending and inter-packet arrival times.

Test Metrics
- 2pt packet delay variation/ms.
Comments

Measurement requires two synchronized test boxes.
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6.4 1 Point Packet Delay Variation
Definition

PDV isthe difference between upper and lower percentiles on the packet delay distribution. 1pt PDV usesonly 1
monitoring point. The measurement is based on theinter-packet arrival times.

Test Metrics
- 1pt packet delay variation/ms.
Comments

Measurement requires a single test box and therefore no synchronization. This measure gives a clear illustration of the
end-systems view of PDV but cannot be used so easily to quantify where any PDV has occurred.

6.5 Network Packet loss
Definition
Percentage of packets lost at an | P test point; this metric does not include any losses due to the end-terminal equipment.
Test Metric
- Percentage network packet loss;
- Total number of lost packets.
Comments

None.

6.6 Effective Packet loss
Definition
Percentage of packets lost as measured at the input of the speech codec, affecting the speech coder performance.
Test Metric
- Percentage network packet loss;
- Total number of lost packets;
- Packet loss distribution.
Comments
None.

One methodol ogy to measure effective packet lossis described in annex E.

6.7 Packet Errors
Definition
Packets that fail the CRC when received at an | P test point.
Test Metric
- Percentage of errored packets;
- Total number of errored packets.

ETSI
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Comments

Errorsin a data packet will normally result in a packet being dropped by the layer 2 protocol which have checksums for
the whole packet. However CRC can sometimes fail and this can be monitored using the test tool s available.

6.8 Mis-sequenced Packets
Definition
Out of sequence packets at thereceiving | P test point.
Test Metrics

- Number of mis-sequenced packets.
Comments

A large number of mis-sequenced packets may indicate a congested network or that load balancingisin use.

6.9 Voice Client Induced PDV
Definition
A measure of the inter-packet delay variations as packets are transmitted onto the network by a voice client.
Test Metrics
- Client transmit PDV/ms.
Comments

Client Induced PDV isa sgnificant contributory factor in the total delay variation experienced on a connection.

6.10 Packet Loss Correlation
Definition
A description of the'burstiness of packet losses at atest point.
Test Metrics

- Average number of successive lost packets;

- Distribution of burst loss lengths;

- Markov loss model (as described in annex E).
Comments

None.
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7 QoS Mechanism Tests

7.1 Simulated Media for QoS Calibration
Definition
A smulated media stream is used to determine anetwork's ability to deliver arequired QoS levdl.
Test Metrics
- Deéay variation;
- Packet loss,
- Packet loss correlation;
- Packet delay.
Comments

The use of a simulated media stream ensures that the QoS mechanism is fully tested for it'sin-service use.

7.2 Passive Media Path Monitoring for QoS
Definition
A non-intrusive monitoring of media paths to determine customers QoS
Test Metrics
- Packet loss,
- Packet |oss correlation;
- Dday variation.
Comments
None.

One methodol ogy to estimate effective packet loss and the overall transmission rating is described in annex E.
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Annex A (Normative):
Call Establishment Measurements

Thisannex provides a description of how to calculate the call establishment measurementsin clause 4.
From a TIPHON QoS perspective call set-up measures are generally timereated, athough there are other equally
important measures such as the number of correctly connected calls. With aTIPHON system, there are two different
scenarios to consider:

- Thetraditiona telephone user;

- New TIPHON terminal user.

Figure 3 shows the call set-up sequence used by general telephony services. However, with TIPHON terminal
equipment, such as PC clients, thereislikely to be no off-hook, dial tone sequence. For this situation the act of a user
pressing the ‘connect button' isregarded as step C - last digit dialed.

NOTE: Connect button describes the process by which a user ingigates a call.

> &
@ ) >
& \K\Q‘%b\\&‘ @Q}Q)-o‘\
SN SO & &
0 \® N & N QQQ)
& ® & @ X P
A B CcC D,D, E F time

Figure 3: call set-up sequence

From the users perspective the significant time sequences are
Start dial signal delay (SDSD): B-A
Post dial delay (PDD): D,-C

NOTE 1: Traditionaly, call set-up progression is signified by audible tones, thisisnow being supplemented or
replaced by text based messages.

NOTE 2: Itisworth noting that there should not be a significant delay between D, and D, delays can result in the

receiving party answering the phone before the calling party is aware a connection has been made.
Similarly it isinappropriate to allow D, to occur before the far-end connection has been identified as

being accessible; either intermsthat it exists or in that it isnot engaged.

Measurement of these set-up times shall be based on the progression mechanisms presented to the user, and not lower
level signalling information.
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Annex B (Normative):
Speech Quality Measurements

B.1 Delay Measurement

A single assessment of a TIPHON system's delay is inadequate. For Vol P systems, it isimportant to determine a
statistical average of the delay.

It is proposed that TIPHON use the mean delay from at least 10 measurements or 90 % of the largest delay measure,
whichever is greatest.

The delay measurement test Sgnal isillustrated in figure 4.

Talk 1 Silence Talk2 Silence
15s 5s 30s 10s

< » <
> <4

»
—— < >4

S~ S————

A
v

N
v

pauses

S

talk ><
spurts

Figure 4: Delay measurement test signal compaosition

Thetest signal contains periods of speech activity (Talkl and Talk2) and periods of silence. Talk 1isan initialization
sequence, allowing the dynamic jitter buffer to converge.

Both Talk1 and Talk2 contain periods of talk spurts and silence intervals. Thisisimportant because jitter buffers are
generally designed to adjust their length, so altering the delay of a system, during silence intervals. In ITU-T
Recommendation P.59 [12], the average measured talk spurt is 1,0 seconds and the average pause is 1,6 seconds. Itis
further recommended that the silence intervals are at least 300ms long.

Deay assessments, using cross-correlation or another appropriate technique, will be made for each talk spurt. At least
10 measurements are required to determine the TIPHON delay measure during 'pseudo-stable’ operation, which implies
10 opportunities for the jitter buffers to adjust. Therefore, the Talk2 period will contain at least 11 talk spurts.

The measured stable delay for the TIPHON system is the mean delay from all measurements (at least 10) during Talk2
or 90 % of the largest delay measure, whichever is greatest.

Delay measures should be performed for each speech burst during the Talk1 period. Although these measurements are
not used for TIPHON classification, they are important, as aslow convergence time maybe unacceptable to a user.

(Study isrequired into jitter buffer convergence time effects on perceived performance)
NOTE 1: For the delay measurement the talk spurts consist of either a speech-like test signal or natura speech.

NOTE 2: Dday measurements should be accurate to within £5ms.
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B.2 Loudness Rating

LR calculations are traditionally performed using sine waves placed at 1/3 octave centre frequencies. However, when
assessing complex non-linear systems thereis aneed to use a speech-like test stimulusto pass through devices such as
low-hit rate codecs. Since Loudness Ratings are a measure of frequency-dependent loss, it is possible to use wide-band
signalsto obtain equivalent results. When using a speech-like test stimulusit isimportant to ensure a reasonable degree
of spectrum coveragein the reference signal.

Offsets between reference and recorded signals should be removed and a Fast Fourier Transform (FFT) performed on
each. The FFT signals should then be divided into 1/3 octave bands and the loss in each band cal culated. These losses
can then be used in the LR formulas.

NOTE: Theuseof theartificial test stimulus to determine LR will be more susceptible to error from circuit noise
contributions at higher frequencies.
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Annex C (Normative):
QoS Mechanism Tests

C.1  Simulated Media for QoS Calibration

The purpose of this measurement isto allow intrusive testing of network performance for determining network class.

A measurement is made by transmitting a smulated Vol P media stream between two measurement hosts. It isimportant
that the simulated stream represents the in-service Vol P traffic for which the network will transport. The measurement
isround-trip (e.g. MH1 - MH2 - MH1) to emulate a full-duplex Vol P call, but one-way measurements (MH1-MH2 and
MH2-MH1) can be performed as a part of the round-trip measurement. The measurement hosts can be located within
the same domain, such as the core network as shown in figure 5, or different domains. The measurement methodol ogy
isindependent of wherein the end-to-end path the measurement hosts are located. Locating the measurement hosts in
different parts of the network allows for various parts of a network to be qualified.

End-to-end
< >

Terminal 1

Access network 1 Core network Access network 2

< >

L {1 core network [
VolP
terminal

MH1 000 MH2
E—

Terminal 2

multimedia
workstation

Figure 5: A test scenario for determining core-network QoS level

The measurement is performed in an application-level fashion using the same protocol stack asa Vol P application
(figure 6). The streams are transmitted through the UDP interfacesin both MH1 and MH2.

)]

upbp

P

LL / PHY

MH1

P

LL / PHY

router

1]

ubp

P

LL / PHY

MH2

Figure 6: Protocol stack view of the application-level measurement principal
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Simulated Stream Definition and M easur ement Pr ocess

The design process for constructing a simulated media stream is described bel ow. The stream needs to be representative
of packet sizes, transmission intervals, codec type and more. For a constant bit-rate traffic stream the following
parameters need defining:

- Packet size.
- Packet transmission interval.
- Number of packets transmitted.

If discontinuous transmission (DTX) isto be simulated then talkspurt/silence alternation characteristics must be
included in the stream description.

An exampletest stream isa 20ms framed, continuoudly transmitted, G.711 [25] stream. This can be simulated by
transmitting 200-byte | P packets (the size includes payl oad and protocol headers) every 20ms.

- Payload (20ms of speech) =160 bytes
- RTP = 12 bytes
- UDP + IPheaders = 28 bytes

Timing and Sequence information is then inserted into each packet as the packets are transmitted between the two hosts
asshown infigure 7.

Measurement
1P UDP data dummy length

TS1 | TS2 | TS3 | TS4 SEQ1 SEQ 2

Figure 7: Structure of a measurement packet

The appropriate protocol layers add 1P and UDP headers and padding is used to make the measurement packet
correspond to requirements of the smulated stream specifications. The TS and SEQ fields arefilled as the packet is
tranamitted between MH1 and MH2. The process by which these are filled is described below.

Field Description Set

TS1 Transmission timestamp at host 1 Set immediately before sending packet to host 2
through UDP interface

TS2 Reception timestamp at host 2 Set immediately after receiving packet at host 2
through UDP interface

TS3 Transmission timestamp at host 2 Set immediately before sending packet to host 1
through UDP interface

TS4 Reception timestamp at host 1 Set immediately after receiving packet to host 1
through UDP interface

SEQ 1 Transmission sequence number at host 1 |Set in host 1

SEQ 2 Received sequence number at host 2 Set in host 2

Thefirst packet that MH1 transmits in ameasurement isassigned SEQ1 = 0. For subsequent packets, SEQ1 in
incremented by one for each transmitted packet. The first packet that MH2 receivesis assigned SEQ2 = 0. For each
subsequent packet, SEQ2 isincremented by one. Packets are transmitted from host2 to host1 in the order of arrival.
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Metric Calculations
Round-trip transmission time, for theroute from MH1 - MH2 - MH1, isgiven by:
do. =(TS4-TS3-TS2+TSl)
Packet delay variation is given by:
j = [TSX, ~TSX,,, ~ (SEQY, — SEQY,,,)A]
where TSX, is the reception timestamp of the Nt received measurement packet and SEQY), isthe transmission
timestamp of the Nt received measurement packet.
Packet lossratio isgiven by

M
N

pkt
where M isthe number of packets received at the application level and Npkt isthe total number of packets transmitted.

Packet |oss correlation isillustrated below. In the figure, there are three different loss sequences LS1, LS2, and LS3.
The length of the loss sequences indicates the number of adjacent packets lost, and is 1, 2, and 3 respectively.

LSS

DDDD D DD 00

11 12 13 14

Figure 8: Illustration of packet loss correlation

The packet loss correlation is the number of lost packets divided by the number of 1oss sequences.
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Annex D (normative):
Testing procedures for TIPHON terminals and systems

D.1 Introduction

Typical TIPHON terminals and systems may be very likely not of the traditiona type using handset telephony. It may
be expected, that the typical terminals are more hands-free type tel ephones. Such the acoustical test set-up should take
into account the typical use conditions, test procedures are to be defined to take into account the advanced signal
processing expected in such terminals. TIPHON system components may introduce similar complex signa processing.
Many of the subjective relevant parameters can be adopted from the intensive investigations of hands-free telephony
terminals. In general the same procedures can be used for testing complete TIPHON systems. This annex concentrates
on theterminal and system aspects. The general aspects have been introduced aready in ITU-T Contribution
COM12-42 [24] (see also in the Bibliography). A brief overview introducing the general concepts for subjective
(auditory) evaluation and extracting the relevant objective quality parameter isgiven in clause D.2.

D.2  Parameters, Defining Speech Transmission Quality
including Terminals

When evaluation the overall speech transmission quality, networks and terminals may influence quite significantly the
speech quality of a connection: Coding, delay and processing techniques like speech echo cancellers or DCME are
mainly introduced by the network(s) but smilar signal processing can be found in terminals aswell. The transfer
functions and loudness ratings of a connection are mainly determined by the terminals, the background noise and the
background noise transmission are highly influenced by the termina and the acoustical environment theterminal is
exposed to. The conversational properties which are the most important ones in a conversation are determined by the
terminal in combination with the network: double talk capability, switching characteristics and delay are dominant
impairments often introduced.

In order to find the determining factors a set of subjective test procedures have been devel oped allowing to extract the
dominant quality aspects. Conversational test, talking and listening tests, double talk tests and listening only tests as
described in ITU-T Recommendation P.832 [17], ITU-T Contribution COM12-42 [24], ITU-T Recommendation
P.831[16] (see also in the Bibliography) arethe basis of the parameter extraction procedure.

The subjectively relevant parameters determining the "speech transmission quality” are as follows:

The overall quality is determined by:

= sound quality;

= quality of background noise transmission at idle, in single talk and double talk conditions;

= gpeech levd variations during single talk and doubl e talk;

= disturbances caused by switching during single talk and double talk (completeness of speech transmission);
= disturbances caused by echoes during single talk and doubl e talk.

Conseguently the objective eval uation needs to be divided into single talk measurements and double talk evaluations. In
addition evaluations arerequired during periods of silence where only background noise is present.

Since thetypical test set-up should include all componentsinvolved in the mouth to ear transmission atest arrangement
should include the terminal s "attached" to arealistic substitution of a user and his typical environment. Figure 9
illustrates how atest set-up from end to end may look like typically.
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"B" subscriber

2,

"A"- subscriber

Network(s): Delay, Coding,
Switching ...

including =
Echo

cancaller,

Figure 9: Typical test set-up for determining the speech transmission quality from end to end by
subjective evaluation of the speech quality relevant parameters
(example for handset/hands-free communication)

Test set-ups as shown in figure 3 are used in auditory (subjective) tests to determine the quality aspects subjectively
(see ITU-T Recommendation P.832 [17] and ITU-T Contribution COM12-42 [24]). From these eval uations procedures
have been derived which allow the objective testing of the rdevant parameters of terminals (or even end to end
scenarios).

D.3  Test Set-up for Terminals and Systems Including
Terminals

See clause 3.4.

D.3.1 Test Signals

Due to the speech sgnal based signal processing, standard test signals are not applicable for the tests, appropriate test
signals (general description) are defined in ITU-T Recommendation P.50 [22] and P.501 [13].

For narrow band terminal s the test signal used shall be bandfiltered between 200 Hz and 4 kHz with a bandpass filter
providing a minimum of 24 dB/Oct. filter steepness, when feeding into the receiving direction.

Thetest signal levels arereferred to the average level of the (band filtered in receiving direction) test signal, averaged
over the completetest signal length.

D.4 Measurement of Standard Parameters

The standard parameter and the according measurements to be included here are the following:

- Frequency Response in Sending and Receiving Direction

- SR Sending Loudness Rating;

- RLR Receiving Loudness Rating;

- (OLR Overall Loudness Rating);

- STMR Sidetone Masking Rating;

- LSTR Listener Sidetone Rating;

- D D-Value of Terminal;

- TCLw Terminal Coupling Loss (weighted);
- WEPL Weighted Echo Path Loss;

- TELR Talker Echo Loudness Rating;
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- (qdu Number of Quantizing Distortion Units);

- Nc Circuit Noise referred to the 0 dBr-point;

- Digtortion in Sending and Receiving Direction;

- Out of Band Signalsin Sending and Receiving Direction.

A more detailed description isfound e.g. in ETSI TBR 8 [23]. This description of measurement parameters and
measurement procedures need to be adapted to the TIPHON terminal/system situation.

In general the measurement principles are the same but special consideration needs to be given to the following points:

» The appropriate measurement signal (especially with respect to the codec) needs to be chosen. It is
recommended to use a speech-like test signal. Speech like test stimuli can be found in ITU-T Recommendation
P.50[22] and P.501 [13].

* Theaveraging times used to determine the transfer characteristics need to be adapted to the measurement signal
chosen.

* Ingead of level measurements using sSine wave signal excitation, typically Fourier transformation is used for
calculation /estimation of the output spectra.

» Themeasured output spectrum is aways referred to the signal spectrum in order to determine transfer functions,
loudnessratings etc.

* New procedures need to be established in order to determine distortion, especially to determine the parameter
"speech sound quality” in combination with the acoustical interface. The objective speech quality measure
described in Draft ITU-T Recommendation P.861 [4] may be used for this purpose.

NOTE: When using the E-modd for predicting the speech quality in terms of R-values the following, additional
parameter need to be determined:

I Equipment Impairment Factor (low bit-rate Codecs), see ITU-T Recommendations G.107 [9] and
ITU-T Recommendation G.113 [27];

Nfor Noise Floor at the Receive-side;
Ps Room Noise at the Send-side;

Pr Room Noise at the Receive-side;

D.5 Advanced Measurements, Taking Into Account the
Conversational Situation

In cases where the terminal signal processing cannot be assumed to be linear and time invariant (except the codec),
signal processing may influence the speech transmission quite substantially, especially in the conversational situation.
The signal processing procedures to be expected are the ones found in hands-free terminals: voice activated switching
and amplification, echo cancellation (acoustic and € ectric), noise reduction, etc. Based on results of subjective tests the
ITU-T Recommendation P.340 [6] defines different categories of hands-free telephones. Therelevant classification
parameter isthe objectively measured attenuation range [6]. This parameter highly influences the doubl e talk
performance and the quality of background noise transmission. Theimportance of double talk performance and
background noise transmission was derived by conversational tests and investigated more in detail by using specific
doubletalk tests and listening only tests. Table 1 gives an overview of the parameters subjectively relevant for the
perceived speech quality.

In theleft column of table 1 some of the subjectively most relevant parameters are highlighted as they were identified in
subjective tests. The two other columns give a more detailed description and indicate some of the correlating objective
parameters. Note, that the given parameters and its combination depend on the technical implementation and they are
not necessarily implemented together.
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Table 1: Subjectively relevant parameters and correlating objective parameters (SND: send direction,

RCV: receive direction)

No. Subjectively More detailed Correlating
relevant parameter description Objective parameter
1 quality of typically thetransmission in » aftenuation range
background noise  [SND direction
transmission e attenuation in SND direction
e atidemode
* switching characterigtics
» with far end speech
e minimum activation level in SND
e with near end speech direction
» frequency response
» design of NLP or center clippersin
conjunction with EC's
* design of noise reduction systems
* senditivity of background noise
detection (activation level, absolute
level, level fluctuations)
2 double talk typically in SND and RCV e attenuation range
performance direction
» attenuation in SND/RCV direction
* loudness variation during double talk
between single and
doubletalk periods * switching characterigtics
» |oudness variation e minimum activation level to switch
during double talk over from RCV to SND direction and
from SND to RCV direction
» echo disturbances
* echo attenuation
» occurrence of speech
gaps » gpectral and time dependent echo
characteristics
» design of NLP or center clippersin
conjunction with EC's
3 echo disturbances  |measured between RCV and e echolevd
under single talk SND direction
conditions » echoleve fluctuation vs. time
» gpectral echo attenuation
4 speech in SND and RCV direction » frequency responses
sound quality « distortions
5 loudness in SND and RCV direction * loudnessratings in SND and RCV
6 noise in SND and RCV direction * noiselevd
e leve fluctuations
» gpectral characteristics
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NOTE 1: Thereevant subjective and the correlating objective parameters may be incomplete as future technol ogies

may possi bly introduce additional parameters.

NOTE 2: The behaviour of subjects during subjective tests clearly demonstrate that the individual speech levels on

both sides of the connection highly influence the transmission performance of the HFT under test.
Conseguently the measurement level s must be adapted in an appropriate way to represent the possible
levd variations at the RCV input port and the microphone of the HFT.

NOTE 3: Additionally the room characteristics highly influence the transmission quality [24]. This leads to the

demand of testing in an appropriate environment.

NOTE 4: Recent subjective tests emphasize the importance of speech clipping and echo disturbances during double

talk. It was found, that echo during double talk may influence the speech quality more than expected in
the padgt. Theimpact on the speech quality, test procedures and limits can be found in ITU-T
Recommendations P.340 [6], P.502 [14] and Appendix Il to G.131[3].

D.5.1 Measurement Set-up for Objective Tests

The measurement set-up should be chosen as described above. In addition some changes are suggested in order to
improve the accuracy of the measurements:

A possible delay in SND or RCV direction of the HFT-type terminals and the acoustical propagation delay
between artificial mouth and the HFT microphone should be considered. Thisis especially important for
anayses, where the measured signals are referred to the original test signals. These analyses require an exact
synchronization of both signals.

When anaysing hands-free type telephones, in addition a microphone should be positioned very close to the
HFT loudspeaker in order to record the RCV signd. Thisrecorded signal can easier be distinguished from the
signal introduced by the artificial mouth under double talk measurement conditions.

D.5.2 Practical Realization of Test Signals

Objective parameterslike frequency responses, digtortions, loudness ratings or noise can be determined with test signals
like the Composite Source Signal, artificial voice or others asthey are given in ITU-T recommendation P.501 [13]. The
signals described in the following are suggested to determine additional parametersas given in table 1. In case
background noise simulation isrequired, care should be taken when choosing the type of background noise. Time and
frequency characteristics should be chosen to simulate the typical environment the system is supposed to operate, e.g.
car type noise for HFT'sin car type environments. In case of specific acoustic pre-processing provided by the terminal,
the spatial characterigtics of the background noise may be important. In order to simplify the description, long term
power density spectrum and long term level density during the measurement should be noted.

D.5.3 Test Procedures

Depending on the system under evaluation the following test should be conducted:

Convergence parameters of echo cancellers (section 4 of ITU-T Recommendation P.502 [14]);
Speech quality parameters during double talk (section 5 of ITU-T Recommendation P.502 [14]);
Companding and AGC characteristics (section 6 of ITU-T Recommendation P.502 [14]);
Quiality of background noise transmission (section 7 of ITU-T Recommendation P.502 [14]);

Switching parameters (section 8 of ITU-T Recommendation P.502 [14]).

When measuring hands-free type of telephones or including them in an overall connection measurement all reevant
information can be found in ITU-T Recommendations P.340 [6] and P.581 [15].
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Annex E (informative):
Method for determining an Equipment Impairment Factor
using Passive Monitoring

E.1 Introduction

This annex describes a method of passively monitoring aVVoice over |P stream that produces an Equipment Impairment
(1) factor that may be used with the E-Modd to calculate an R factor. The |, factor determined using this approach

incorporates the effects of the Voice over IP CODEC, packet |oss, packet 1oss distribution, jitter and recency. This
process can be applied on a per-call or continuous session basis.

Passive monitoring comprises the extraction of performance metrics from an in-process call or session. Thisprocessis
non-intrusive, i.e. does not interfere with the data stream, and adds little or no overhead to network traffic. Thereal time
elements of the algorithms described below have been designed to be computationally efficient.

The preferred location of the monitoring point is a the Voice over IP CODEC, a which the monitoring function has
access to information such as CODEC type, jitter buffer size and post-jitter buffer packet |oss events. The monitoring
point may be placed at other |ocations however may not have access to all the necessary information.

NOTE: The methodology described in this annex requires further validation by subjective testing. Based on these
tests numerical constants used in this annex may be modified. After validation of the methodol ogy and
some more practical experience annex E should become normative.

E.2 Passive QoS Monitor Framework

The Equipment Impairment factor determined using the methodology described in this annex contains the following
elements:

0) | (packet 10ss)

The digtribution of packets lost and received is measured from observation of the received packet stream and
modelled using a Markov process. The parameters of the Markov process are mapped onto an |, factor using

the CODEC specific curves described in G.113 [27].
(i) I(PDV)

The packet delay variation level is determined during the call and is assumed to be constant throughout the call
and bounded by the jitter buffer level and discard thresholds. In many implementations the jitter buffer is of
sufficient depth that received packets are either properly aligned in time or discarded, which would render this
step un-necessary.

(iii) | (CODEC)

The CODEC typeis assumed to be constant throughout the call and is mapped to an |, value using the
parameters specificed in G.113 [27], Appendix 1

(iv) Delay
The estimated one-way delay, including transmission, jitter buffer and CODEC rdated delays, is estimated.
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E.3 Determining Equipment Impairment Factor for Packet
Loss

IP network packet loss distribution can be modelled using aMarkov process. Theresulting model can be used in both
andytical and numerical performance estimation and haswell known and understood properties.

In typical Voice over IPimplementations packet 10ss can occur if packets are excessively delayed. It istherefore
preferable to measure packet | oss after the receive jitter buffer or with prior knowledge of the packet delay which would
cause packets to be discarded. If packet loss is measured before the jitter buffer then it is preferable to measure the per-
packet jitter and to assume that any packets that are delayed by more than the jitter buffer level are discarded.

The channd is assumed to have high packet loss (burst) and low packet loss (gap) conditions. During the Voice over |P
call packet loss events and inter-loss gaps are counted. At the end of the call, or on request from a service management
system, the trangtion probabilities of the Markov model are determined and used to compute an R factor for the call.

If the number of packets received between two successive lost packets is less than a minimum value g, , then the

sequence of thetwo lost packets and the intervening received packetsisregarded as part of a burst. If a sequence of
Omin OF More packets are correctly received the sequence isregarded as being part of a gap.

The Markov model is defined as having the following states and associated transitions.
State 1 - gap - no loss

P4 - Packet received
P53 - packet loss (start of burst)
P14 - isolated packet loss
State 2 - burst - no loss
P, - packet received within burst
Pog - Packet lost within burst
State 3 - burst - packet loss
P31 - packet received (end of burst)
P, - packet received within burst
P33 - packet lost

State 4 - gap - packet loss

P41 - Packet received

Thismodel can be constructed either by accumulating packet loss information during fixed sampling intervals or at
packet |oss events. An example of a computationally efficient method for determining the parameters of the Markov
model is given below.

Assume a counter pkt tracks the number of received packets, lost tracks the number of lost packetsin aburst, g,,,,, isthe
minimum gap size, and that an event can be generated if a packet loss is detected:

Packet 1oss event->
C5 = Cg + pkt
if pkt >= g;,, then

if lost = 1 then
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C1g=Cyt1

else
Ci3=Czt1l

lost=1
C11 = €y + Pkt

ese

lost =lost + 1

if lost >8thenc; =0

if pkt = O then
C33=Cg3+1

ese
Cp3=Cpg+1l
Cpp = Cpp + Pkt
pkt=0

The series of counters ¢4 to ¢, are used to determine the corresponding Markov mode! transition probabilities (i.e ¢
is used to calculate p;4). Counter ¢ is used to measure the delay since the last "significant” burst of lost packets.
Parameter g,;;,, the minimum gap size, istypically 16.

The key metrics needed for determining application performance are;

C31=Cy3

C32 = Ca3

C11=Cyy+Cyy (for smplicity - combine states 4 and 1)

P11 = C14/(C1y * C13)

P1z=1-Py

P31 = C31/(C1 + C3p + C33)

P32 = C32/(C31 + C3p + C33)

P33 =1-Pa; - Psy

P2z = ol (Cop + Cp3)

P23 =1-Ppn
d= (P23 P31+ P13 P32 * P13 P23)

P1= P31 Pos/d

P2= P13 P3o/d

P3= P13 Pogld
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framesze F = frame size (in seconds)

average packet lossrate L =100 p3 percent
gap length g=F(1-pyy) seconds
gap loss density Dg= 100 ¢;4/Cyq percent
burst length b=F(1-pl)/(pl pl3) seconds
burst loss density Dy, = 100 p23/(p23 + p32) percent

delay since last bursty = Fc; ~ seconds

An estimate of the published "Provisional Planning values for the Equipment Impairment Factor" is given by the
equation below:

l(Loss) =0 D <0,5 percent
l(Loss)=d; D 0,5< D < d, percent
l(Loss)=d3+dy,D dy,<D  percent

This can be separately applied to the packet lossrates for the gap and burst state (Dg and Dy), giving Ieg and | 4.

CODEC dy d, dg d,
G.723.1+VAD 6,3k 4,25 4,8 12 1,75
G.729A

E.4  Determining Equipment Impairment Factor for Packet
Delay Variation

The packet delay variation is bounded by the jitter buffer, which removes small amounts of variation by increasing
delay, and by the discard threshold. In many implementations the discard threshold is effectively equal to the jitter
buffer delay, which would result in packets either be properly retimed or discarded - in this case the | (PDV) value

would be 0.

The effect of low levels of packet delay variation on voice quality is substantially less than that of packet loss. Packet
loss and packet delay variation are often correlated ashigh levels of packet delay variation will lead to an increased
level of packet discard.

Let the packet inter-arrival time bet, the jitter buffer delay be denoted t;;,, the discard delay be denoted t ;4,4 and the
adjusted packet inter-arrival time bet' - all given in milliseconds.

t'=0 t<ty,
r=t-t, tip <t <tiscara
omit measurement  t >ty
adjusted PDV = average(t’)
|(PDV) = 0,1 adjusted PDV
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E.5 Measuring Delay

The monitoring function estimates the round trip transmission delay using an echo mechanism, for example RTCP. This
valueis divided by two to give the estimated one way transmission delay t,.q

NOTE: thisassumesthat the delay is symmetric.
The processing delay through the "tranamitter” and "receiver” is:

CODEC encoder delay t

enc
Framing delay trame
Jitter buffer delay tip
Decoding delay toec

The values of these parametersfor typical CODECs can be found in ITU Recommendation G.114 Appendix 1 [28].

The overall one-way delay istherefore

td = tovvtd + tenc + tframe + tjb + tdec

E.6  Determining Equipment Impairment Factor for
CODEC

ITU Recommendation G.113 Appendix 1 [27] gives the following Equipment Impairment factors for certain CODECs

CODEC G.711[25] G.729A + VAD G.723.1 + VAD 6,3Kbit/s
I, (CODEC) 0 11 15

E.7  Determining Overall Equipment Impairment Factor

E.7.1 Determining Average Equipment Impairment Factor

It is generally accepted that perceived quality does not change abruptly but exponentialy "decays' from oneleve to
another. Thisisintuitively obvious, asa 100mS burst of noise would be less annoying than a 10S burst.

Determine the Equipment Impairment value for the burst condition and the gap condition as:
leg = 1g(LOSS) + [(PDV) + | (CODEC)
lep = 1g(LOSS) + [(PDV) + | (CODEC)

Let 1, bethe quality level at the change from burst condition | 4, to gap condition Ieg and let I, be the quality level at the
change from I to | 4,

l1= 1y~ (leg- 1) €T wheret; istypically 5
=l + (- 1o €92 wheret2istypicaly 15
Combining these gives

= (lgg (1- e92) + 1 (1-ebtl) e92)(1 - gbtl-gt2)
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Integrating the expressions for 1, and |, to give atime average gives

1 @) = (blgy + leg -ty (Igy- 1) (L- €PD) +t, (I, - 1) (1- €92))/(b+ g)

E.7.2 Recency Effect

It has been noted by a number of researchersthat the perceived quality of a cal varies with the location of impairments.
Impairments occurring late in a call have more effect than those occurring early in the call.

ANSI T1A1.7/98-031 [30] described an experiment in which both mutes and noise bursts were introduced at the
beginning, middle and end of a 60 second call. For the "high burst” result given:

burst at start of call MOS = 3,82
burst at middieof call MOS = 3,28
burst at end of call MOS= 3,18

ITU-T Contribution COM.12-D.139 [29] conducted an experiment in which a burst of high packet loss of duration 15,
30 or 60 seconds was introduced at the start, middle and end of a 180 second call and noted similar effects.

Itis proposed that a smplified "adjustment” for recency be used, to minimize complexity. The delay since the last burst
of packet lossis given above asy. It is assumed that the value of |, at the end of the previous burst is given by |, and

that the adjusted average quality approaches | (av) exponentially.
I (end of call) = I (av) + (k(I, - | (av)) e V'8

wherey is the delay to the previous burst, t; isatime constant (assumed to be 30) and k is a constant (assumed to
be 0,7).

E.8 Use of the E Model

The Equipment Impairment val ue and the estimated one-way delay determined above may be used as inputsto the E-
Model (G.107[9]) in order to calculate an R factor for the call. If other parametersrequired for the E-Mode are
unavailable then they should be set to their default values.
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