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Intellectual Property Rights

IPRs essential or potentially essential to the present document may have been declared to ETS The information
pertaining to these essential |PRs, if any, ispublicly 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 is available from the ETSI Secretariat. Latest updates are available on the ETSI Web

server (http://ipr.etsi.org).

Pursuant to the ETSI IPR Policy, no investigation, including IPR searches, has been carried out by ETS 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 Technical Committee Speech and multimedia
Transmission Quality (STQ).

The present document is part 1 of a multi-part deliverable covering the Reference benchmarking, background traffic
profiles and KPIs asidentified below:

Part 1. " Reference benchmarking, background traffic profilesand KPIsfor Vol P and Fol P in fixed
networks";

Part 2. "Reference benchmarking and KPIs for High speed internet”;
Part 3:  "Reference benchmarking, background traffic profiles and KPIsfor UMTS and VOLTE";

Part 4:  "Reference benchmarking for IPTV, Web TV and RCS-e Video Share".

Modal verbs terminology

In the present document "shall”, "shall not", "should", "should not", "may", "need not", "will", "will not", "can" and
"cannot" are to be interpreted as described in clause 3.2 of the ETSI Drafting Rules (Verbal forms for the expression of
provisions).

"must" and "must not" are NOT allowed in ETSI deliverables except when used in direct citation.

Introduction

The present document describes possible key performance indicators for Vol P and Fol P as well as framework
requirements for reference benchmarking particularly with regard to background traffic.

ETSI
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1 Scope

The present document:
. identifies and defines possible key performance indicators for voice and fax telephony services,
e defines benchmarking methods for the spectrum of potential applications.

The offer of new NGN services requires new KPIs, QoS measurement and benchmarking methods which are needed to
ensure the quality of new services. To ensure the comparability of test results, reference benchmarking methods and
background traffic load profiles are needed.

The scope of the defined testing procedures is the evaluation of the network access by Vol P and Fol P fixed-network
services. The measurements are conducted stationary between a subscriber access-point to a measurement point
emulating an idealized termination point in the core network. All access technologies offered by the operator under test
are considered. In this context the measurements and key performance indicators determinations are performed by
analysing signals accessible on the network.

The present document is the first part of the multi-part deliverable which consists of four parts.

The present document contains possible KPIs for Vol P and Fol P as well as framework requirements for reference
benchmarking particularly with regard to background traffic profiles.

2 References

2.1 Normative references

References are either specific (identified by date of publication and/or edition number or version number) or
non-specific. For specific references, only the cited version applies. For non-specific references, the latest version of the
reference document (including any amendments) applies.

Referenced documents which are not found to be publicly available in the expected location might be found at
http://docbox.etsi.org/Reference.

NOTE: While any hyperlinksincluded in this clause were valid at the time of publication, ETSI cannot guarantee
their long term validity.

The following referenced documents are necessary for the application of the present document.

[1] Recommendation ITU-T E.800 (09-2008): "Definitions of terms related to quality of service".

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

[3] ETSI TS 101563 (V1.3.1): "Speech and multimedia Transmission Quality (STQ);
IMS/PES/VoLTE exchange performance requirements’.

[4] Recommendation ITU-T Q.543 (03-1993): "Digital exchange performance design objectives'.

[5] ETSI ES 202 765-2 (V1.2.1): "Speech and multimedia Transmission Quality (STQ); QoS and

network performance metrics and measurement methods; Part 2: Transmission Quality Indicator
combining Voice Quality Metrics'.

[6] Recommendation ITU-T G.131 (11-2003): "Taker echo and its control".

[7] ETSI ES 203 021-3 (V2.1.2): "Access and Terminals (AT); Harmonized basic attachment
reguirements for Terminal s for connection to analogue interfaces of the Telephone Networks;
Update of the technical contents of TBR 021, EN 301 437, TBR 015, TBR 017; Part 3: Basic
Interworking with the Public Telephone Networks'.

[8] ETSI TBR 003 ed.1 (11-1995): "Integrated Services Digital Network (ISDN); Attachment
requirements for terminal equipment to connect to an ISDN using ISDN basic access".

ETSI
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[9]
[10]

[11]
[12]
[13]
[14]

[15]

[16]

[17]

[18]
[19]

[20]

[21]
[22]

[23]

2.2
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ETSI TBR 004 ed.1 (11-1995): "Integrated Services Digital Network (ISDN); Attachment
requirements for terminal equipment to connect to an ISDN using ISDN primary rate access'.

ETSI EN 300 175-8: "Digital Enhanced Cordless Telecommunications (DECT); Common
Interface (Cl); Part 8: Speech and audio coding and transmission".

Recommendation ITU-T O.41 (10-1994): "Psophometer for use on telephone-type circuits”.
Recommendation ITU-T P.56 (12-2011): " Objective measurement of active speech level”.
Recommendation ITU-T P.501 (01-2012): "Test signalsfor use in telephonometry".

ETSI ES 202 737 (V1.4.1): "Speech and multimedia Transmission Quality (STQ); Transmission
requirements for narrowband Vol P terminals (handset and headset) from a QoS perspective as
perceived by the user”.

ETSI ES 202 739 (V1.4.1): "Speech and multimedia Transmission Quality (STQ); Transmission
requirements for wideband Vol P terminals (handset and headset) from a QoS perspective as
perceived by the user”.

Recommendation ITU-T P.340 (05-2000): "Transmission characteristics and speech quality
parameters of hands-free terminals’.

Recommendation ITU-T P.502 (05-2000): " Objective test methods for speech communication
systems using complex test signals’.

IETF RFC 4122 (07-2005): "A Universally Unique I Dentifier (UUID) URN Namespace'.

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

Recommendation ITU-T P.501 Amendment 2 (10-2014): "New Annex C - Speech files prepared
for use with ITU-T P.800 conformant applications and perceptual -based objective speech quality
prediction”.

Recommendation ITU-T E.458 (02-1996): "Figure of merit for facsimile transmission
performance”.

Recommendation ITU-T E.453 (08-1994): "Facsimile image quality as corrupted by transmission-
induced scan line errors'.

ETSI TS 102 250-2 (V2.3.1): " Speech and multimedia Transmission Quality (STQ); QoS aspects
for popular servicesin mobile networks; Part 2: Definition of Quality of Service parameters and
their computation".

Informative references

References are either specific (identified by date of publication and/or edition number or version number) or
non-specific. For specific references, only the cited version applies. For non-specific references, the latest version of the
reference document (including any amendments) applies.

NOTE:

While any hyperlinksincluded in this clause were valid at the time of publication, ETSI cannot guarantee
their long term validity.

The following referenced documents are not necessary for the application of the present document but they assist the
user with regard to a particular subject area.

[i.1]

NOTE:

[i.2]

[.3]

RTR-NetTest - Testing Methodol ogy.

Available at https://www.rtr.at/de/tk/netztestmethodik.

ETSI ETR 138 (12-1997): "Network Aspects (NA); Quality of service indicators for Open
Network Provision (ONP) of voice telephony and Integrated Services Digital Network (ISDN)".

ETSI EG 202 425 (V1.1.1): "Speech Processing, Transmission and Quality Aspects (STQ);
Definition and implementation of Vol P reference point”.

ETSI
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[i.4]

[i.5]

[.6]
[i.7]

[i.8]

[i.9]
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ETSI EG 202 057-2: " Speech and multimedia Transmission Quality (STQ); User related QoS
parameter definitions and measurements; Part 2: V oice telephony, Group 3 fax, modem data
servicesand SMS'.

ETSI TR 103 138: " Speech and multimedia Transmission Quality (STQ); Speech samples and
their use for QoS testing".

IEC 61260:1995: "Electroacoustics - Octave-band and fractional-octave-band filters'.

Recommendation ITU-T T.30 (09-2005): " Procedures for document facsimile transmission in the
genera switched telephone network™.

Recommendation ITU-T T.38 (09-2010): Procedures for real-time Group 3 facsimile
communication over |P networks'.

Recommendation ITU-T T.24: "Standardized digitized image set".

3
3.1

Definitions and abbreviations

Definitions

For the purposes of the present document, the following terms and definitions apply:

benchmark: evaluation of performance value/s of a parameter or set of parameters for the purpose of establishing
value/s as the norm against which future performance achievements may be compared or assessed

NOTE:

3.2

The definition is taken from Recommendation ITU-T E.800 [1].

Abbreviations

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

alb port

AGCF
AGW
AS
BRI
BST
CFR
Cl
CPE
CSCF
CSSs
DL
DSS1
DTMF
ERP
FM
FolP
FOM
HTTP
IAD
IMS
IP
IPTV
ISDN
IVR
KPI
LTE
MBT
MG
MGC

interface for connecting analogue end devices
Access Gateway Control Function
Aces Gateway

Application Server

Basic Rate Interface

Broadband Speed Test

Call Failure Rate

Common Interface

Customer Premises Equipment

Call Session Control Function
Composite Source Signal

Down link

Digital Subscriber Signalling System No. 1
Dual-Tone Multi-Frequency signalling
Ear Reference Point

Feature Manager

Fax over IP

Figure of Merit

Hypertext Transfer Protocol

Integrated Access Device

Internet M ultimedia Subsystem
Internet Protocol

IPTV

Integrated Services Digital Network
Interactive V oice Response

Key Performance I ndicator

Long Term Evolution

Multithreaded Broadband Test

Media Gateway

Media Gateway Controller

ETSI



9 ETSITS 103 222-1 V1.1.1 (2015-11)

MGW Media Gateway
MMTéel MultiMedia Telephony service
MOS Mean Opinion Score
MOS-LQO MOS Listening Quality Objective
MRP Mouth Reference Point
MSAN Multi-Service Access Nodes
NGN New Generation Network
OoVvL OverLoad Point
P-CSCF Proxy Call Session Control Function
PES PSTN Emulation Subsystem
PRI Primary Rate Interface
PSTN Public Switched Telephone Network
RSSI Received Signal Strength Indicator
S-CSCF Service Call Session Control Function
SDP Session Description Protocol
SIP Session I nitiation Protocol
SNR Speech signal level/noise level
SSL Secure Sockets Layer
SWB Super Wide Band
TCP Transmission Control Protocol
TCP/IP Transmission Control Protocol / Internet Protocol
TELR Talker Echo Loudness Rating
TLS Transport Layer Security
TR Technical Report
TV TeleVision
UA User Agent
UAS User Agent Server
UE User Equipment
UL UpLink
UL/DL Uplink / Downlink
UMTS Universal Mobile Telecommunications System
UNIA User Network interface A
UNiB User Network interface B
UuIiD Universally Unique Identifier
VGW Voice GateWay
VolP Voiceover IP
VOLTE Voiceover LTE
4 Management Summary
4.1 Introduction

The spectrum of potential applications of a benchmarking platform requires measurements including but not limited to
the following: analogue (a/b), ISDN, Vol P (including SIP trunking) and high-speed internet.

The performance data which are collected will be relevant for areal-world environment encompassing a mix of
technologies. The scope of the defined testing procedures is the evaluation of the network access by Vol P and FolP
fix-network services. The measurements are conducted stationary between a subscriber access-point to a measurement
point emulating an idealized termination point in the core network.

4.2 Scope of functionality

A benchmarking platform can be distributed across a larger region or an entire country. In this case severa server
systems should be also part of the setup, including: a business intelligence platform; a data warehouse, a management
system and a system for evaluating of media (e.g. video, audio and voice) quality.

The measurement systems at the user premises are connected electrically to ISDN portsviaa VGW (IAD) or directly to
a CPE or Ethernet port (e.g. MMTel fixed access).

The test system (QoS control and data server) is connected through ISDN connections (via M S PES with AGCF (or
PSTN or ISDN Access) or IMS PES with VGW) or MMTél (IMS) fixed access lines for voice quality measurements.

ETSI
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Web Server

Provider A

Public -
Network !i

Test s&lstem

E!
-

Test system

Test system

Figure 1: Setup of the benchmarking platform

5 Technical concept

5.1 Voice over IP

The conduction of voice quality measurements is following the descriptions that can be found in ETSI
EG 202 057-2 [i.4], Recommendation ITU-T Q.543 [4], ETSI TS 101 563[3] and ETSI TS 102 250-2 [23],
clauses 6.6.3.1 and 6.6.3.2.

The access points of the test equipment which are used for inserting or retrieving the signals needed for determining the
speech quality parameters shall conform to the reference characteristics as laid down in the following rel evant
standards:

. ETSI EG 202 425 [i.3] for Vol P access,
o ETSI TBR 21 [7] for analogue access;
. ETSI TBR 3 [8] for ISDN BRI access,
. ETSI TBR 4[9] for ISDN PRI access,

. ETSI EN 300 175-8 [10]: "Digital Enhanced Cordless Telecommunications (DECT); Common Interface (Cl);
Part 8: Speech and audio coding and transmission”.

The properties of the test equipment shall be known and the values measured for each parameter shall be corrected
accordingly by the impairments introduced by the test equipment. Especially any delay introduced by the test equipment
shall be known and the measurement results shall be corrected by the delay introduced by the test equipment.

The simultaneous transmission of voice and data through uploads, downloads or IPTV use is an additional user related
scenario. For this reason voice quality measurements have been included where in parallel to the voice connection
active upload and download of datais simulated. This provides information about any potential prioritization of voice
data when the entire bandwidth is being utilized.

The KPI listed in table 1 are recorded as part of the voice quality measurements.

ETSI
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Table 1: Overview of KPI for voice quality measurements

call set-up delay [4] and session initiation call set-up delay [3]
call set-up time (Post Dialling Delay) [5]

Premature release probability (Call Failure Rate), see clause 5.4
Telephony Cut-off Call Ratio [%] (Call drop rate), see clause 5.5
Media establishment delay, see clause 5.6

Level of active speech signal, see clause 5.7

Noise level, see clause 5.8

Signal to Noise ratio, see clause 5.9

Speech signal attenuation, see clause 5.10

10. |Talker echo delay, see clause 5.11

11. |Double talk, see clause 5.12

12. |Interrupted voice transmission, see clause 5.13

13. |Listening speech quality, see clause 5.14

14. |Listening speech quality stability, see clause 5.15

15. |End-to-end audio delay, see clause 5.16

16. |End-to-end audio delay variation, see clause 5.17

17. |Frequency response, see clause 5.18

18. |Fax transmission T.30 (Fax, bit rate < 14,4 kbit/s and Fax, bit rate = 14,4 kbit/s) see clause 5.19
19. |Early media, see clause 5.20

20. |Jitter Buffer and IP periodization response time, see clause 5.21

©OXIN| O~ W N =

5.2 Call set-up delay and Session initiation call set-up delay

The testing methodology for the call set-up delay is described in ETSI TS 101 563 [3].

Call set-up delay is defined as the interval from the instant when the signalling information required for outgoing circuit
selection is received from the incoming signalling system until the instant when the corresponding signalling
information is passed to the outgoing signalling system.

For SIP (e.g. SIP Trunking, IMS) Session initiation call set-up delay is defined as the interval from the instant when the
INVITE signalling information is received from the calling user on the originating Gm interface until the instant when
the corresponding INVITE signalling information is passed on the terminating Gm interface to the called user.

Figure 2 depicts some of the call set up measurement options between AGCFV GW and the Gm Interface.

ETSI
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AGCF/NGW | [ IBCF/term Gm

ISDM line

SETUP

| INvITE

AGCFIVGW | [ AGCFNVGW

ISDM line ISDM line

SETUR

¥ | SETUP

[Gm interface | [Gm intarface |

SIP line SIP line

INWVITE

INVITE

Figure 2: Call set up delay and Session initiation call set-up delay: en-bloc sending is used

Table 2 gives an overview of the call set-up delay configuration options.

Table 2: Call set-up delay configurations

From To
MMTel (IMS) fixed access MMTel (IMS) fixed access
MMTel (IMS) fixed access IMS PES with AGW (PSTN or ISDN
Access)
MMTel (IMS) fixed access IMS PES with VGW
Call set up delay xiezs)s with AGW (PSTN or ISDN MMTel (IMS) fixed access
Sessionai“n‘]:tiaﬂon IMS PES with AGW (PSTN or ISDN___|IMS PES with AGW(PSTN or ISDN
call set-up delay Access) - Access) -
IMS PES with AGW (PSTN or ISDN IMS PES with VGW
Access)
IMS PES with VGW IMS PES with VGW
IMS PES with VGW IMS PES with AGW (PSTN or ISDN
Access)
IMS PES with VGW IMS PES with VGW
NOTE: The Call set-up delay values are specified in ETSI TS 101 563 [3].

Figure 3 illustrates the session processing model used by the AGCF and VGW functional entities.

An AGCF ismodelled as comprising H.248 Media Gateway Controller (MGC), Feature Manager (FM), and SIP UA
functionality. An AGCF interfaces to a Media Gateway (MG) and also to the S-CSCF (via P1 and Mw reference points
respectively).

A functional modelling of the VGW contains an entity similar to H.248 Media Gateway Controller, a Feature Manager,
aSIP UA, and MGW functionality. The VGW interfaces to the P-CSCF using the Gm reference point.

The SIP UA functionality provides the interface to the other components of the IM S-based architecture. It isinvolved in
registration and session processing as well asin event subscription/notification procedures with application servers.
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The MGC functionality enables the session processing functionality to interface with existing line signalling such as
analogue signalling or DSS1.
Session and registration processing in the AGCF or VGW involves two halves: H.248 based MGC processing and SIP

User Agent (UA) processing (see figure 3). MGC processing focuses on the interactions with the media gateway
functions, while SIP UA processing focuses on the interactions with the IMS components. The Feature Manager (FM)
coordinates the two processing activities.

Figure 3: AGCF/VGW session processing models

5.3 Call set-up time (post dialling delay)

Call set-up time: the period starting when the address information required for setting up acall is received by the
network (e.g. recognized on the calling user's access line) and finishing when the called party busy tone or ringing tone
or answer signal isreceived by the calling party (e.g. recognized on the calling user's access line) (see ETSI

ETR 1387]i.2]).

To determine the call setup time in an ISDN implementation, the time in seconds from the sending of the DSS1 SETUP
signal through the " A" side (calling number + " Sending complete" information) until the receipt of the DSS1
CONNECT signal is measured onthe" A" side is measured, or the time in seconds from the sending of the DSS1
SETUP signal through the "A" side (calling number + " Sending complete” information) until the receipt of the DSS1
ALERTING signal is measured on the"A" side is measured. In figures 4 and 5, thistime isindicated by the green
arrow.

For ANALOGUE SUBSCRIBER LINES the Post Dialling Delay shall be used. It isthe time interval between the end
of dialling by the caller and the reception back by him of the appropriate ringing tone or recorded announcement.

To determine the call setup time in a Vol P implementation, the time in seconds from the sending of the INVITE signa
through the "A" side until the receipt of the 200 OK signal is measured on the "A" side is measured, or thetimein
seconds from the sending of the INVITE signal through the "A" side until the receipt of the 180 Ringing signal on the
"A" sideisrecorded. Infigures 6 and 7, thistimeisindicated by the grey arrow.

Table 3 gives an overview of the call set-up time configurations options.
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Table 3: Call set-up time configurations

Call set up time

From

To

MMTel (IMS) fixed access

MMTel (IMS) fixed access

MMTel (IMS) fixed access

IMS PES with AGW (PSTN or ISDN
Access)

MMTel (IMS) fixed access

IMS PES with VGW

IMS PES with AGW (PSTN or ISDN
Access)

MMTel (IMS) fixed access

IMS PES with AGW (PSTN or ISDN
Access)

IMS PES with AGW(PSTN or ISDN
Access)

IMS PES with AGW (PSTN or ISDN
Access)

IMS PES with VGW

IMS PES with VGW

IMS PES with VGW

IMS PES with VGW

IMS PES with AGW (PSTN or ISDN
Access)

IMS PES with VGW

IMS PES with VGW
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Figure 4: Measurement of the call setup duration, option A with CONNECT
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Figure 5. Measurement of the call setup duration, option B with ALERTING
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Figure 6: VolP Measurement of the call setup duration, option A with 200 OK
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Figure 7: VolP Measurement of the call setup duration, option B with 180 Ringing

54 Premature release probability (call failure rate; telephony
service non accessibility)

Premature release probability (call failure rate (CFR) is based on the measurement of the number of released
communications in comparison with the number of established communications. Released communications are defined
as communications released before voluntary action from one of the ends of the transmission. See ETSI

TS 102 250-2 [23] for the formula.

5.5 Telephony Cut-off Call Ratio [%] (Call drop rate)

The Cut-off Call Ratio (Call drop rate) is the percentage of number of calsthat are dropped after connection to the
system or network has been established. See ETSI TS 102 250-2 [23] for the formula.

In alSDN implementation acall is completely established with the Connect message [23] and is considered dropped if
the call is not ended intentionally. See figure 8 for details.

In a SIP implementation a call is completely established with the arrival of the INVITE 200 OK on the caller sideand is
considered dropped if the call is not terminated intentionally. See figure 9 for details.
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Figure 8: Determination of the call drop ratio
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Figure 9: VoIP: determination of the call drop ratio

5.6 Media establishment delay

The Media establishment delay determines on one of the two access of the communication, between off hock of the
called and the beginning of voice signal receive. The detailed testing method is described in ETSI ES 202 765-2 [5].

5.7 Level of active speech signal in receive direction

A typical method for the measurement of this parameter, based on a sample by sample approach and a moving threshold
between noise and speech, is given in Recommendation ITU-T P.56 [12].

5.8 Noise level in receive direction

Level of noise determined in receive direction in the non-speech segments of a speech sample. For the actual
measurement the noise in between speech signals (idle noise) is analysed. The analysis window length needs to be
adapted accordingly.
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The noise level is measured in the frequency range from 100 Hz to 4 kHz in narrowband and from 100 Hz to 8 kHz in
wideband. The analysis window is applied directly to the end of a speech signal until the start of the following speech
signal. The averaging time is determined by the length of this segment.

In narrowband, the noise level is measured in dBmOp (psophometric weighting, see Recommendation
ITU-T 0.41[11]). In wideband the noise level is determined in dBmO (A).

5.9 Signal to noise ratio in receive direction

The noiseto signal ratio in receive direction is defined as the difference between the active speech level and the level of
noise in receive direction (Speech signal level/noise level = SNR).

The signal level isthe average level of the complete speech signal. The signal level is measured using a speech level
voltmeter according to Recommendation ITU-T P.56 [12]. Thislevel isthe speech signal level.

The noise level in receive direction is determined as described in clause 5.8.

The weighted noise signal level isreferenced to the speech signal level.

5.10  Speech signal attenuation (or gain)

The speech signal attenuation is the difference between the active speech level at the receiving and at the sending point.

5.11  Talker echo delay

In telecommunications, the term talker echo describes delayed and undesired feedback from the send signal into the
receive path. The so-called echo source is the reflection point between send and receive directions. Talker echo delay is
the round-trip delay of the echo path. The impact of user perception of talker echo in conjunction with delay is
explained in Recommendation ITU-T G.131 [6]. The detailed test description isto be found in ETSI ES 202 765-2 [5].

In general the test of talker echo delay can be based on cross correlation between the speech signal inserted and the echo
signal received. The measurement is corrected by delays which are caused by the test equipment. The maximum of the
cross-correlation function is used for the determination. However, it shall be noted that such measurements can only be
made in case the echo signal is sufficiently high to allow areliable calculation of the cross correlation.

NOTE: In casethetalker echoisreceived at avery low level, the echo loss might be artificially decreased in
order to allow for the calculation of talker echo delay.

5.12  Double talk performance

This parameter looks into the situation when the talk spurts of both partners of a conversation overlap for a period of
time. Degradations due to bad double talk performance can be perceived as very annoying because this impairment has
apotential to frequently interrupt the flow of the conversation.

During double talk the speech is mainly determined by two parameters. I mpairment caused by echo during double talk
and level variation between single and double talk (attenuation range).

In order to alow for sufficient quality under double talk conditions the Talker Echo Loudness Rating (TELR) should be
high and the attenuation inserted should be as low as possible. Connections which do not allow double talk in any case
should provide a good echo attenuation which is realized by a high attenuation range in this case.

The most important parameters determining the speech quality during double talk are (see Recommendations
ITU-T P.340[16] and ITU-T P.502 [17]):

e Attenuation rangein send direction during double talk A, g -
e Attenuation range in receive direction during double talk Ay g ;-

. Echo attenuation during double talk.

The categorization of a connection is based on the three categories defined in the following clauses and this
categorization is given by the "worst” of the three parameters, e.g. if Ay gy provides 2a, A g 4 2b and echo loss 1, the

categorization of the terminal is 2b.
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Test Signal

The test signal to determine the attenuation range during double talk is the double talk speech sequence as defined in
clause 7.3.5 of Recommendation ITU-T P.501 [13] as shown in figure 10. The competing speaker is always inserted as
the double talk sequence su(t) either in send or receive and is used for analysis.

Double-Talk Sequence

Function: a b c d a b < d : e e e e

[

I
B i
& Il
S bk b i L L HL
= P F FE 1 i i il
o ——8—8—8—8%—8—4 ‘
Z r Fr I 1 1 1 m
& ] i I J |
3 I

rt
33}
=Tt

2
-
=
1555
—
=
135
-

Double-talk
(cross-hatch)

s YIRS
t

Main speakers
(single-talk sequence)

5.
Time (s)

Figure 10: Double talk test sequence with overlapping speech sequences in send
and receive direction

M easur ement method

The attenuation range during double talk is determined as described in Appendix |11 of Recommendation
ITU-T P.502[17]. The double talk performance is analysed for all sequences of the competing speaker. The
requirement has to be met for each word and sentence produced by the competing speaker.

5.13 Interrupted voice transmission

A call isdefined asinterrupted if the duration of the interruption of the voice transmissionis> 1 sand the call
connection is maintained.

5.14  Listening speech quality
5.14.1 General aspects of Listening Speech Quality

The listening speech quality represents the intrinsic quality of speech signal as perceived by the user at the receiving
end. Thisindicator takes into account the impairments introduced by the transmission system. The MOS-LQO scoreis
obtained by comparing speech samples:

. the original undistorted reference speech signal;
e thedegraded signal received at the local end, where the measurement is applied.

Recommendation ITU-T P.863 [2] recommends two samples from each of two male and two female speakers, i.e. eight
sentence pairs. Some applications may only permit shorter test durations. Typically, test sentence material in subjective
tests has a 0,5 second silence lead in, two sentences, and then a 0,5 s silence at the end of the signal. Further information
can be found in ETSI TR 103 138 [i.5] and Recommendation ITU-T P.863.1[19].
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To ensure comparable voice quality resultsit shall be ensured that the test equipment uses the codec described in the
first line of the m line in the SDP Part which is the preconfigured codec by the network operator.

5.14.2 General aspects of voice channel test calls

For the all voice channel tests, an aligned structure of the voice call shall be used. In this call sentence pairs (male/
female) fulfilling the requirements of Recommendation ITU-T P.863.1 [19] shall be transmitted from A to B and from
B to A. Speech files especially tested for the use with Recommendation ITU-T P.863 [2] are published in
Recommendation ITU-T P.501, annex C [13], where samples in different languages are covered.

In principle al voice channel tests consist of three parts:
. Channel Convergence Quality test;
. Listening Speech Quality test;
. DTMF test.
Which parts are actually used and how they are structured is defined for the individual test cases in the clauses below.

The Channel Conver gence quality test starts with alistening speech quality test from B to A after the connectionis
established. Thisinitial test provides information about the listening quality during convergence of the channel.

For the analysis of the initial listening speech quality during convergence of the channel the method according to
Recommendation ITU-T P.863 [2] in SWB mode based on only two sentences (one femal e voice and one male voice)
isused. For this purpose a male voice (e.g. "Four hours of steady work faced us') and afemale voice (e.g. "The hogs
were fed chopped corn and garbage") can be selected from the test sentences provided in Recommendation

ITU-T P.501, annex C [13].

After convergence of the channel the regular Listening Speech quality test starts and is using Recommendation
ITU-T P.863[2] in SWB mode based on eight sentences (two male and two female voices, two sentences each).

Usually, the listening speech quality tests should start 10 seconds after the connection is established. This 10 spauseis
recommended for converging the speech processing components and building up the IP-buffer at receiving side and can
be used for the Channel Convergence quality test as described above. It is assumed that the convergence has finished
after 10s. In the event of a proven shorter convergence, the pause can be shorter.

In case the channel can be assumed as converged from the beginning, and/or the separation of the Channel Convergence
quality is not of interest, the Listening Quality test can start at any time after the connection is established.

Within the Listening Speech quality test, for example the following English samples can be selected from the test
sentences provided in Recommendation I TU-T P.501, annex C [13]:

. Female 1:
- These daysachickenlegisararedish.
- The hogs were fed with chopped corn and garbage.
. Female 2:
- Riceis often served in round bowls.
- A largesizein stockingsis hard to sell.
. Male 1
- The juice of lemons makes fine punch.
- Four hours of steady work faced us.
. Male 2:
- The birch canoe slid on smooth planks.

- Glue the sheet to the dark blue background.
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If aglobal application is of interest, optionally the male and female tests sentences of other languages provided in
Recommendation ITU-T P.501, annex C [13] can be used.

After conducting all evaluations, the derived MOS scores for each sample in the listening test are averaged over all
received and scored samples separately for each direction A-B and B-A.

DTMF Test: DTMF tones are often used for remote controlling equipment and need to be tested in an established voice
channel too for correct transmission. It is recommended to test DTMF before or after the Listening Speech quality test
but in each case after the channel has converged. The DTMF Test should consist of DTMF tones (100 ms signal,

100 ms pause) and shall contain thetonesO, 1, 2, 3,4,5,6,7,8,9,A,B,C, D, *, #.

Technical comments:

o If the interrupted voice transmission timeis> 1 sand the call connection is maintained, the call israted as
interrupted (see clause 5.13).

. If all 8 sentences (4 samples) are sent within one file, the score calculation according to Recommendation
ITU-T P.863[2] shal be performed separately for each sample (2 sentences per sample).

. In case the sampling frequency at the input measuring interface is 8 kHz - asit usual for ISDN and narrowband
applications - the input speech signal used shall be band limited at 3 800 kHz (see ETSI TR 103 138 [i.5]).

e  When the sampling frequency at the input measuring interface is 16 kHz as required for wideband telephony
the input speech signal used shall be band limited between 100 Hz and 7 600 kHz with a band pass filter
providing a minimum of 24 dB/Oct. filter roll off, when feeding into the receive direction (see ETSI
TR 103 138 [i.5]).

e  Theinput test signal levels are referred to the average level of the (band limited in receive direction) test
signal, averaged over the complete test sequence unless specified otherwise. It is recommended to adjust the
active speech level to -26 dB OVL as specified in ETSI TR 103 138[i.5].

5.14.3 Connections without parallel data transfer

5.14.3.1 Connections with one voice channel

For the single voice channel Test, atest call consisting of the three following parts should be used:
. Channel Convergence Quality test;
. Listening Speech Quality test;
. DTMF test.

Figures 11 to 13 depict the detailed description of the single voice channel test. The genera technical aspects are
described in clause 5.14.2.

Table 4 gives an overview of the connection options without parallel datatransfer.

Table 4. Connection options without parallel data transfer

Connections
without parallel
data transfer

From

To

MMTel (IMS) fixed access

MMTel (IMS) fixed access

MMTel (IMS) fixed access

IMS PES with AGW (PSTN or ISDN
Access)

MMTel (IMS) fixed access

IMS PES with VGW

IMS PES with AGW (PSTN or ISDN
Access)

MMTel (IMS) fixed access

IMS PES with AGW (PSTN or ISDN
Access)

IMS PES with AGW(PSTN or ISDN
Access)

IMS PES with AGW (PSTN or ISDN
Access)

IMS PES with VGW

IMS PES with VGW

IMS PES with VGW

IMS PES with VGW

IMS PES with AGW (PSTN or ISDN
Access)

IMS PES with VGW

IMS PES with VGW
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The derived MOS scoresin the listening test are averaged over all received and scored samples separately for each

direction A-B and B-A.
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Relative Time

Test equipment A | | NETWORK | | TestequipmentB

CALL Ato B
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Listening Speech Quality test
TO+10s
1ls
1ls

Figure 13: Single voice channel test
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5.14.3.2 Multiple voice channel access

In the case of multiple voice channel access or SIP trunking, during the compl ete testing phase the first call (single
voice channel test) from user A to user B is active (see figure 14).

The single voice channel test consists of the following parts:
. Convergence Quality test.
. Listening Speech Quality test.
. DTMF test.
The result of each part shall be listed in the test report.
Figure 15 depicts the detailed description of the single voice channel test for the multiple voice channel access.

The four speech files should be repeated during the call is active. For n channels n -1 cycles (duration of one cycleis
approximately 80 seconds) are recommended (e.g. for 4 channels the duration is approximately 360 seconds).

Parallel to the single voice channel test additional calls should be established (multiple voice channel test). The
multiple voice channel test consists of the following parts:

e  Convergence Quality test.
. Listening Speech Quality test.

Figure 16 depicts the detailed description of the multiple voice channel access. The genera aspects for the multiple
voice channel testsare given in clause 5.14.2.

Figure 14 depicts an example of multiple voice channel access test for five channels.

s
CALL A4->§‘4

CALL A3->B3
CALL A2->B2
CALL A1->B1

_—
CALL A4 >R

CALL A3->B3
CALL A2->B2
CALL A1->B1

—_—
CALL A4—>54

CALL A3->B3
CALL A2->B2
CALL A1->B1

_—
CALL A4—>54

CALL A3->B3
CALL A2->B2
CALL A1->B1

CALL A>B

5
rmrrrrrrrrrrrrrrrrrrTrrTrrTrTrrrrrrrrrrrrrrrrrrrrrrrriTrrrrrrrrrT e

100 200 300 Ti“Fﬁe

Figure 14: Example of multiple voice channel access test
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Relative Time uipment A NETWORK uipment B
T0-2 |
TO \
Start Convergence Quality test
TO
Stop Convergence Quality test
Listening Speech Quality test
TO+10s
1s

The four speech files are repeated during the call is active

Cownee | > | | %

Figure 15: Single voice channel test for multiple voice channel access
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Relative Time Test equipment A NETWORK Test equipment B

T0-2
T0
Start Convergence Quality test
TO
Stop Convergence Quality test
Listening Speech Quality test
TO+10s

1ls

Figure: 16: Multiple voice channel test

5.14.4 Connections with parallel data transfer

5.14.4.1 Quality measurement of one voice channel and parallel data transfer

In the case when the access link is used for voice and data application the voice quality measurement sequence with
parallel upload/download shall be used. Table 5 gives an overview about the connections options with parallel data
transfer, figures 17 and 18 depict the measurement of voice quality with parallel dataload.
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Table 5: Connection options with parallel data transfer

Connections
with parallel
data transfer

From To
Voice Data Voice Data
MMTel (IMS) fixed User data server or  [MMTel (IMS) fixed access |Webserver
access user data application
MMTel (IMS) fixed User data server or  |IMS PES with AGW Webserver
access user data application [(PSTN or ISDN Access)
MMTel (IMS) fixed User data server or  [IMS PES with VGW Webserver
access user data application
IMS PES with VGW User data server or  |IMS PES with VGW Webserver
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Figure 17: Measurement of voice quality with parallel data load
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Figure 18: VolP measurement of voice quality with parallel data load

During the parallel download and upload the data size should be between 80 % and 100 % of the nominal data capacity
of the link or respectively the maximal data capacity which can be provided during the voice transmission.

For data transfer the following constants are used:
. n number of parallel TCP connections for one direction (1 < n < 10); default: n= 3.
. In case of use of fixed-size chunks, the initial size of data block sent during the test is s = 4,096 Bytes.
e  tduration of tests, approximately t =80 s.

Several parallel data streams areinitiated with a number of n parallel TCP connections with an upload and download of
data files from the data-reference system. The upload shall start before the call setup starts, the download before the
voice quality measurement starts.

After timet, each TCP connection shall be resetted.

As an option the server can continuoudly send data streams consisting of fixed-size chunks of size s (randomly
generated data with high entropy). The data should be transferred between client and server over the TCP port 443
using TLS or SSL in order to avoid interference with firewalls as much as possible. The ports for communication and
data transfers between the different servers themselves shall be configurable.

Parallel to the data transmission the single voice channel test should be established. For this, the up- and download is
started before at least six seconds the speech quality measurement and also will continue for at least six seconds after
the end of the speech quality measurements in order to ensure full utilization of the bandwidth during the measurement
phase. The structure is shown in figures 19 and 20.

The single voice channel test consists of the following parts as described and explained in clause 5.14.2:
. Convergence Quality test.
o Listening Speech Quality test.
. DTMF test.

Figure 13 depicts the detailed description of the single voice channel test.
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Relative Time Test equipment A NETWORK Test equipment B
Data Reference System

Start download and upload procedure

TO-10s Start TCP upload > >
connection 1
Start TCP upload > >
connection 2
Start TCP upload > >

connection 3

Single voice Channel test

 To-5s [SETUP/INVITE [ 3 T [ 3  [SETUP/INVITE |

Start TCP download €« €«
connection 1
Start TCP download €« €«
connection 2
Start TCP download €« €«

connection 3

Start Convergence Quality test

Stop Convergence Quality test
Listening Speech Quality test

TO+10s

Figure 19: Detailed download and upload procedure for automatically controlled test sequence
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Start TCP download
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Single voice Channel test

Start Convergence Quality test

Stop Convergence Quality test
Listening Speech Quality test
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Figure 20: Detailed download and upload procedure for manually controlled tests sequence
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The download and upload (see figures 19 and 20) is based on severa parallel data streamsinitiated with TCP with data
files from the data-reference system. This ensures that the maximum data transfer rate during the entire measurement
period can be achieved. In the determination of the time window, the effects of TCP congestion control were (overload
control) taken into account. Initiating several parallel data streams at the same time is reducing the effect of the TCP/IP
configuration of the measurement unit to the measurement.

The download and upload procedure shall be repeated while the voice call measurements are active.

5.14.4.2 Parallel quality measurement of one voice channel and data transmission
speed

During the parallel download and upload the data size should be between 80 % and 100 % of the nominal data capacity
of the link or respectively the maximal data capacity which can be provided during the voice transmission, see
figure 22.

For the data transfer the following constants are used:
. n number of paralel TCP connections for one direction (1 < n < 10); default: n=3.
. In case of use of fixed-size chunks, the initial size of data block sent during the test is s = 4,096 Bytes.
e  tduration of tests, approximately t =80 s.

Severa parale data streams are initiated with a number of n parallel TCP connections with an upload and download of
data files from the data-reference system. The upload shall start before the call setup starts, the download before the
voice quality measurement starts. After timet, each TCP connection shall be reseted.

As an option the server can continuously send data streams consisting of fixed-size chunks of size s (randomly
generated data with high entropy). The data should be transferred between client and server over the TCP port 443
using TLS or SSL in order to avoid interference with firewalls as much as possible. The ports for communication and
data transfers between the different servers themselves shall be configurable.

For each TCP connection k, 1 <k < n, the client records the relative time "t" and the amount of data received from time
fromOtot.

After completion of al tests, the client sends the results and data collected to the data server. Both datasets are then
compared by the data server to check the quality and integrity of the result. All tests, successful or unsuccessful, are
stored by the data server.

The values presented which are measured every 500 ms shall include the minimum, the average and the maximum
values.

Table 5 gives an overview of the connection options with parallel data transfer.
Parallel to the data transmission the single voice channel test should be established, see figure 21.
The single voice channel test consists of the following parts as described in clause 5.14.2:
e  Convergence Quality test.
. Listening Speech Quality test.
. DTMF test.
The result of each part shall be listed in the test report.

Figure 13 depicts the detailed description of the single voice channel test.
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Start Data UL&DL
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Figure 21: Parallel measurement of the quality of one voice channel and data transmission speed
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Relative Time | Test equipment A NETWORK Test equipment B
Data Reference System

DISCONNECT / DISCONNECT / BYE
BYE

RELEASE / 200 > > RELEASE /200 OK

OK

RELEASE €« € RELEASE COMPLETE
COMPLETE

The data transmission of data streams is stopped
The calculation of the throughput values for up/down stream

Figure 22: Detailed listening speech quality, DTMF procedure and UL/DL procedure

5.14.4.3 Quality measurement of multiple voice channels and data transfer

In the case of multiple voice channel access or SIP Trunking, during the complete testing phase the first call from user
A to user B isactive. During the parallel download and upload the data size should be between 80 % and 100 % of the
nominal data capacity of the link or respectively the maximal data capacity which can be provided during the voice
transmission, see figure 23.

For the data transfer the following constants are used:
. n number of parallel TCP connections for one direction (1 < n < 10); default: n= 3.
. In case of use of fixed-size chunks, theinitial size of data block sent during the test is s = 4,096 Bytes.

e  tduration of tests: The download and upload procedure shall be repeated during the voice call measurement
procedure is active.

Several parallel data streams are initiated with a number of n parallel TCP connections with an upload and download
of datafiles from the data-reference system. The upload shall start before the call setup starts, the download before
the voice quality measurement starts. After timet, each TCP connection shall be reseted.

As an option the server can continuously sent data streams consisting of fixed-size chunks of size s (randomly generated
data with high entropy). The data should be transferred between client and server over the TCP port 443 using TLS or
SSL in order to avoid interference with firewalls as much as possible. The ports for communication and data transfers
between the different servers themselves shall be configurable.

Parallel to the data transmission the single voice Channel and multiple voice Channel test should be established.
The single voice Channel test consists of the following parts:

. Convergence Quality test.

. Listening Speech Quality test.

. DTMF test.

Figure 15 depicts the detailed description of the Single Voice Channel test for the multiple voice channel access,
where a part of transmitted speech samples are repeated multiple times.

The test sequence shall be performed in both directions (UNIa to UNIg and UNIg to UNIA).

The four speech files should be repeated during the call is active. For n channels n -1 cycles (approximately 80 seconds)
are recommended (e.g. for 4 channels the duration is approximately 360 seconds), see also figure 15.

Parallel to the single voice channel test additional calls should be established (M ultiple Voice Channel test, as
described in clause 5.14.2). The call establishment time between the multiple voice Channels should be 1 second (the
load is 0,5 calls per second).
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The multiple voice Channel test consists of the following parts:
e  Convergence Quality test.
. Listening Speech Quality test.

Figure 16 depicts the detailed description of the multiple voice channel access.

STOP DATA UP & DOWNLOAD

>
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CALL A2->B2
CALL A1->B1
_— >
— cCalp42pa
=
CALL A2->B2

CALL A1->B1
>

>
>
CALL A2->B2
CALL A1->B1
_—
——CAll A42B4 5
>
CALL A2->B2
CALL Al->B1

CALL A>B
TART DATA UP & DOWNLOAD
rrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrrirrrrrirrrrTre
100 200 300 Ti"l‘?ﬁe

Figure 23: Multiple voice channel access test

5.14.4.4 Parallel quality measurement of multiple voice channels and data
transmission speed

In the case of multiple voice channel access or SIP Trunking, during the complete testing phase the first call from user
A to user B is active. During the parallel download and upload the data size should be between 80 % and 100 % of the
nominal data capacity of the link or respectively the maximal data capacity which can be provided during the voice
transmission, see figures 24 and 25. For the data transfer the following constants are used:

. n number of paralel TCP connections for one direction (1 < n < 10); default: n=3.
. In case of use of fixed-size chunks, theinitia size of data block sent during the test is s = 4,096 Bytes.

. t duration of tests: The download and upload procedure shall be repeated during the voice call measurement
procedure is active.

Several parallel data streams are initiated with a number of n parallel TCP connections with an upload and download of
data files from the data-reference system. The upload shall start before the call setup starts, the download before the
voice quality measurement starts. After timet, each TCP connection shall be resetted.

As an option the server can continuoudly send data streams consisting of fixed-size chunks of size s (randomly
generated data with high entropy). The data should be transferred between client and server over the TCP port 443
using TLS or SSL in order to avoid interference with firewalls as much as possible. The ports for communication and
data transfers between the different servers themselves shall be configurable.

For each TCP connection k, 1 <k < n, the client records the relative time "t" and the amount of data received from time
Otot.

After completion of al tests, the client sends the results and data collected to the Data Server. Both datasets are then
compared by the Data Server to check the quality and integrity of the result. All tests, successful or unsuccessful, are
stored by the Data Server.

The values presented which are measured each 500 ms shall include the minimum, the average and the maximum
values.
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Parallel to the data transmission the single voice Channel and multiple voice Channel test should be established. The
single voice Channel test consists of the following parts:

e  Convergence Quality test.
. Listening Speech Quality test.
. DTMF test.

The four speech files should be repeated during the call is active. For n channels n -1 cycles (approximately 80 seconds)
are recommended (e.g. for 4 channels the duration is 360 seconds), see also figure 15.

Parallel to the single voice channel test additional calls should be established (multiple voice Channel test).
The multiple voice Channel test consists of the following parts:

. Convergence Quality test.

. Listening Speech Quality test.

Figure 16 depicts the detailed description of the multiple voice channel access.

A

Start Data UL&DL

CallA4—B4—p
Call A3-B3——Pp>
——CallA2-B2——p>

CallAl-B1——p
CallA-B——
Stop Data UL&DL

-

time

Figure 24: Parallel quality measurement of multiple voice channels and data transmission speed
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Relative Time
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BYE

RELEASE /200 OK > > RELEASE /200 OK
RELEASE € € RELEASE COMPLETE
COMPLETE

The data transmission of data streams is stopped

The calculation of the throughput values for up/down stream

Figure 25: Detailed listening speech quality, DTMF procedure and UL/DL procedure

5.15

Listening speech quality stability

The listening speech quality stability should be analysed all along the duration of the call.

Thisindicator takes into account the degradations generated on the signal by the transmission links.

Several measurements of MOS-LQO score performed with Recommendation ITU-T P.863 [2] are performed in series

within the same call.

The detailed testing method is described in Recommendation ITU-T G.131[6].

5.16

End-to-end audio delay

This parameter represents the global delay from one user to the other one. Thisindicator takes into account the
transmission delay of networks but also processing delay in sending and receiving terminals. The end-to-end delay can
be measured acoustically from mouth to ear, from one access point to the other one, see figures 26 and 27. The delay
can be calculated based on cross correlation between the signal at the MRP (at one access) and the signal at the ERP (at
the other access) using the test methods as described e.g. in ETSI ES 202 737 [14] and ETSI ES 202 739 [15].
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Figure 26: Measurement of the speech delay
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Figure 27: VolP measurement of the speech delay

Electrically the end-to-end delay can be measured based on cross correlation between the signal at the electrical
measurement point at one access and the signal at the electrical measurement point at the other access.

Thetest signal consists of a series of CSS-signals using a nominal network level of -16 dBmO as described in
Recommendation ITU-T P.501 [13]. The test signal consists of the voiced part as described in Recommendation
ITU-T P.501 [13] followed by a pseudo random noise sequence with a periodicity of minimum 500 ms (described also
in ETSI ES 202 737 [14] and ETSI ES 202 739 [15]).

NOTE: If the expected delay is higher than 500 ms a pseudo random sequence with a higher periodicity should be
used.

5.17 End -to-end audio delay variation

The test signal consists of a series of CSS-signals using a nominal network level of -16 dBmO with atotal duration of
120 s. The pause of the CSS-segquence should be 150 ms. The delay of every CSS-signal should be measured.

The delay variation for each CSS-signal D(i) compared to the first CSS signal (as described in Recommendation
ITU-T P.501 [13]) of the analysis period is calcul ated:

D@i)=T1-Ti
With:
e T1-Delay of thefirst CSS

e Ti-Delay CSSnumber i

5.18 Frequency response in receive direction

Narrowband telephony should transmit signals between 300 Hz and 3 400 Hz. Wideband telephony should transmit
signal's between 50 Hz and 7 000 Hz. The objective of this measurement is to see which bandwidth is used, and also to
see whether a partial and unwanted bandwidth limitation is present. The frequency response is the gain (or attenuation)
of the speech spectrum after transmission. The test signal used for the measurements shall be the British-English single
talk sequence described in clause 7.3.2 of Recommendation ITU-T P.501 [13]. The test signal level is-16 dBm0. The
level is averaged over the complete test signal. For determining the frequency response in wideband the sensitivity
frequency response is determined in 1/12™ octave bands, as given by IEC 61260 [i.6] for frequencies of 100 Hz and

8 kHz, inclusive. In narrowband it is determined for frequencies from 200 Hz to 4 kHz. In each 1/12™ octave band, the
level of the measured signal is referred to the level of the reference signal averaged over the complete test sequence
length. The sensitivity is determined in dBV/V.
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5.19 Fax transmission with T.30 and T.38

5.19.1 General considerations

Thistest applies to Fax bit rates < 14,4 kbit/s and Fax bit rates > 14,4 kbit/s in accordance with Recommendation
ITU-T T.30[i.7] and Recommendation ITU-T T.38 [i.8]. Figure 28 gives an overview about the Fax stack for FolP.

User Application

User Application

Figure 28: FAX Stack for FolP

Following is the electronic version of the test pages related to the test case descriptions. The files consist of five test
pages which are available as electronic attachments to Recommendation ITU-T T.24[i.9] or inthe ITU test signal
database: http://www.itu.int/net/itu-t/sigdb/menu.aspx. (The figures from the text of the Recommendation are not
suitable for testing purposes). For all text pages the version with 400 dpi resolution shall be selected for the electronic
processing of the fax simulation.

o  F03 400
o  FO04 400
o  FO7_400
e F09_400
e F20 400

A Fax benchmarking test with parallel data transfer shall contain at least the following six test pages which are available
as electronic attachments to Recommendation ITU-T T.24[i.9] or inthe ITU test signal database:
http://www.itu.int/net/itu-t/sigdb/menu.aspx. For all text pages the version with 400 dpi resolution shall be selected for
the electronic processing of the fax simulation.

o  FO03 400
e  FO04 400
o  FO7_400
e F09_400
o F18 400
e F20 400

ETSI


http://www.itu.int/net/itu-t/sigdb/menu.aspx
http://www.itu.int/net/itu-t/sigdb/menu.aspx

39 ETSITS 103 222-1 V1.1.1 (2015-11)

For long term evaluation at least the following test pages shall be used which are available as el ectronic attachments to
Recommendation ITU-T T.24[i.9] or inthe ITU test signal database: http://www.itu.int/net/itu-t/sigdb/menu.aspx.

. FO1 400
e  F03_400
e F04 400
. FO5 400
e  F06_400
e  FO7_400
e  F09 400
e F20 400
e F18 400
e EDUC

e AERIAL2
e CMPND3

The test pages defined shall be recorded and classified according to the following definitions.
The Complete/incomplete transmission of page, received pages shall be stored with test # as name:
1) Nomina hit rate of transmission.

2)  Figure of Merrit (FOM) as defined in Recommendation ITU-T E.458 [21]. There will be only one FOM value
reported per Fax transmission, independent of the number of pages.

3) Duration of transmission of test page in seconds.
4)  Visual inspection of received page for visible errors and missing information.

Table 6: From Recommendation ITU-T E.458 [21] - Definition of Figure of Merrit

Transaction type Complete Maximum speed Image quality
I Yes Yes ERROR-FREE
1l Yes Yes ERRORED
1] Yes Yes SEVERELY ERRORED
[\ Yes No ERROR-FREE
V Yes No ERRORED
) Yes No SEVERELY ERRORED
Vil No Not applicable Not applicable
NOTE 1: ERROR-FREE, ERRORED and SEVERELY ERRORED transactions are as defined in
Recommendation ITU-T E.453 [22].
NOTE 2: If the transaction is incomplete, it is categorized as Type VIl irrespective of the speed and image
quality of the completed pages.

Table 7: From Recommendation ITU-T E.453 [22] - Image quality categories

error-free page

No degradation by network impairments

errored page

Information conveyed

severely-errored page

Part of information missing

5.19.2 Fax set-up duration

To determine the fax set-up duration, the time in seconds is measured from the sending of the dialling information by

the"A" side to the start of transmission of the fax page on the " A" side (see green arrow in figure 29).
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Figure 29: Fax setup duration

5.19.3 Fax transmission duration
This value measured shows the transmission time of afax page in seconds.

The fax transmission duration is defined in the context of the present document as the time that el apses from the start of
transmission of the fax page by the "A" side until the complete transfer of the fax page to the "B" side (see green arrow
in figure 30).
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Figure 30: Fax transmission duration

5.19.4 Fax failure ratio
The fax failureratio is defined as the ratio of failed fax transmissions and al fax transmissionsinitiated, see figure 31.

A fax transmission is considered to have failed if the fax connection setup or the fax transmission is unsuccessful, or if
fax connection setup and fax were not completed within 180 seconds.
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Figure 31: Fax failure ratio

5.19.5 Test case descriptions

5.195.1 Quality measurement of one fax channel

Table 8 gives an overview about the connections options without parallel data transfer. Figure 32 gives an overview a
detailed overview of asingle FAX channel test.

Table 8: Transmission options without additional data traffic

No. From Fax Protocol To
Relay
G.711 Modem Type / IP Gateway IP Gateway Type/ G.711 Modem Type /
T.38/ASN.1/t30- Type/ Interworking T.38/ASN.1/
indicator Interworking t30-indicator e
1 V.34 CPE T.38 T.38 CPE T.38 V.34
2 V.17 CPE T.38 T.38 CPE T.38 V.17
3 V.34 CPE T.38 T.38 CPE T.38 V.17
4 V.34 CPE T.38 T.38 AGW / MSAN V.34
G.711/T.38
5 V.17 CPE T.38 T.38 AGW / MSAN V.17
G.711/T.38
6 V.34 CPE T.38 T.38 AGW / MSAN V.17
G.711/T.38
7 V.34 CPE T.38 T.38 VGW G.711/T.38 V.34
8 V.17 CPE T.38 T.38 VGW G.711/T.38 V.17
9 V.34 CPE T.38 T.38 VGW G.711/T.38 V.17
10 V.34 AGW / MSAN T.38 CPE T.38 V.34
G.711/T.38
11 V.34 AGW / MSAN T.38 CPE T.38 V.17
G.711/7.38
12 V.34 AGW / MSAN T.38 CPE T.38 V.17
G.711/T.38
13 V.34 AGW / MSAN T.38 CPE T.38 V.34
G.711/T.38
14 V.17 AGW / MSAN T.38 CPE T.38 V.17
G.711/7.38
15 V.34 AGW / MSAN T.38 CPE T.38 V.17
G.711/T.38
16 V.34 AGW / MSAN T.38 AGW / MSAN V.34
G.711/T.38 G.711/T.38
17 V.17 AGW / MSAN T.38 AGW / MSAN V.17
G.711/7.38 G.711/T.38
18 V.34 AGW / MSAN T.38 AGW / MSAN V.17
G.711/T.38 G.711/T.38
19 V.34 AGW / MSAN T.38 VGW G.711/T.38 V.34
G.711/T.38
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No. From Fax Protocol To
Relay
G.711 Modem Type / IP Gateway IP Gateway Type/ G.711 Modem Type /
T.38/ASN.1/t30- Type/ Interworking T.38/ASN.1/
indicator Interworking t30-indicator e

20 V.17 AGW / MSAN T.38 VGW G.711/T.38 V.17
G.711/T.38

21 V.34 AGW / MSAN T.38 VGW G.711/T.38 V.17
G.711/T.38

22 V.34 VGW T.38 VGW G.711/T.38 V.34
G.711/7.38

23 V.17 VGW T.38 VGW G.711/T.38 V.17
G.711/T.38

24 V.34 VGW T.38 VGW G.711/T.38 V.17
G.711/T.38

25 V.34 VGW T.38 AGW / MSAN V.34
G.711/7.38 G.711/T.38

26 V.17 VGW T.38 AGW / MSAN V.17
G.711/T.38 G.711/T.38

27 V.34 VGW T.38 AGW / MSAN V.17
G.711/T.38 G.711/T.38

28 V.34 AGW / MSAN V.152 AGW / MSAN V.34
G.711/T.38 G.711/T.38

29 V.17 AGW / MSAN V.152 AGW / MSAN V.17
G.711/7.38 G.711/T.38

30 V.34 AGW V.152 AGW G.711/T.38 V.17
G.711/T.38

31 V.34 AGW V.152 VGW G.711/T.38 V.34
G.711/7.38

32 V.17 AGW / MSAN V.152 VGW G.711/T.38 V.17
G.711/7.38

33 V.34 AGW / MSAN V.152 VGW G.711/T.38 V.17
G.711/T.38

34 V.34 VGW V.152 VGW G.711/T.38 V.34
G.711/7.38

35 V.17 VGW V.152 VGW G.711/T.38 V.17
G.711/7.38

36 V.34 VGW V.152 VGW G.711/T.38 V.17
G.711/7.38

37 V.34 VGW V.152 AGW / MSAN V.34
G.711/T.38 G.711/T.38

38 V.17 VGW V.152 AGW / MSAN V.17
G.711/T.38 G.711/T.38

39 V.34 VGW V.152 AGW / MSAN V.17
G.711/7.38 G.711/T.38

40 V.34 AGW / MSAN G.711 AGW / MSAN V.34
G.711/T.38 G.711/T.38

41 V.17 AGW / MSAN G.711 AGW / MSAN V.17
G.711/T.38 G.711/7.38

42 V.34 AGW / MSAN G.711 AGW / MSAN V.17
G.711/T.38 G.711/T.38

43 V.34 AGW / MSAN G.711 VGW G.711/T.38 V.34
G.711/T.38

44 V.17 AGW / MSAN G.711 VGW G.711/T.38 V.17
G.711/T.38

45 V.34 AGW / MSAN G.711 VGW G.711/T.38 V.17
G.711/T.38

46 V.34 VGW G.711 VGW G.711/T.38 V.34
G.711/T.38

47 V.17 VGW G.711 VGW G.711/T.38 V.17
G.711/7.38

48 V.34 VGW G.711 VGW G.711/T.38 V.17
G.711/7.38

49 V.34 VGW G.711 AGW / MSAN V.34
G.711/T.38 G.711/T.38

50 V.17 VGW G.711 AGW / MSAN V.17
G.711/7.38 G.711/T.38
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No. From Fax Protocol To
Relay
G.711 Modem Type / IP Gateway IP Gateway Type/ G.711 Modem Type /
T.38/ASN.1/t30- Type/ Interworking T.38/ASN.1/
indicator Interworking t30-indicator e
51 V.34 VGW G.711 AGW / MSAN V.17
G.711/T.38 G.711/T.38

Relative Time
TO-2

Test equipment A NETWORK Test equipment B

T0

Start Fax Transmission

End Fax Transmission

Figure 32: Single FAX channel test

5.19.5.2 Quality measurement of one fax channel and parallel data transfer

In the case of multiple voice and data channel access or SIP Trunking, when the accesslink is used for voice, fax and
data application the fax quality measurement sequence with parallel upload/download shall be used. Table 9 gives an
overview about the connections options with parallel data transfer.

For data transfer the following constants are used:
e nnumber of parallel TCP connections for one direction (1 < n < 10); default: n = 3.
. In case of use of fixed-size chunks, theinitia size of data block sent during the test is s = 4,096 Bytes.

Several parallel data streams are initiated with a number of n parallel TCP connections with an upload and download of
datafiles from the data-reference system. The upload shall start before the call setup starts, the download before the
voice quality measurement starts. After time t, each TCP connection shall be reseted.

As an option the server can continuously send data streams consisting of fixed-size chunks of size s (randomly
generated data with high entropy). The data should be transferred between client and server over the TCP port 443
using TLS or SSL in order to avoid interference with firewalls as much as possible. The ports for communication and
data transfers between the different servers themselves shall be configurable. Figure 33 gives an overview about the
quality measurement of one Fax channel and parallel data load, figure 34 gives an overview about the detailed
download and upload procedure for automatically controlled test sequence and figure 35 gives an overview about
detailed download and upload procedure for manually controlled test sequence. Figures 36 through 42 depict the
different scenarios.
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Start Data UL&DL
CallAl-Bl————— P

Stop Data UL&DL

-

time

Figure 33: Quality measurement of one Fax channel and parallel data load

Start download and upload procedure

TO-10s

Start TCP upload >

connection 1

Start TCP upload > >
connection 2

Start TCP upload > >

connection 3

Start TCP download
connection 1

FAX Test

T0

Start TCP download €« €«
connection 2
Start TCP download €« €«

connection 3

End Fax Transmission

Figure 34: Detailed download and upload procedure for automatically controlled test sequence
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Relative Time Test equipment A NETWORK Test equipment B
Data Reference System
Start download and upload procedure

TO-10s Start TCP upload > >
connection 1
Start TCP upload > >
connection 2
Start TCP upload > >
connection 3
Start TCP download €« €«
connection 1
Start TCP download €« €«
connection 2
Start TCP download €« €«
connection 3
FAX Test

TO-5s SETUP / INVITE > > SETUP / INVITE
ALERTING / 180 €« €« ALERTING / 180 Ringing
Ringing

TO CONNECT /200 OK <« <« CONNECT /200 OK
CONNECT ACK / ACK > > CONNECT ACK / ACK
Start Fax Transmission
.................. continued ..........cooeeeiiinnns
End Fax Transmission
DISCONNECT / BYE > > DISCONNECT / BYE
RELEASE / 200 OK €« €« RELEASE / 200 OK
RELEASE COMPLETE > > RELEASE COMPLETE
Stop download and upload procedure

Figure 35: Detailed download and upload procedure for manually controlled tests sequence

Table 9: Transmission options with additional data traffic

No. From Fax Protocol To
Relay
G.711 Modem Type / IP Gateway IP Gateway G.711 Modem Type /
T.38/ASN.1/t30- Type/ Type/ T.38/ASN.1/t30-
indicator Interworking Interworking indicator e
1 V.34 CPE T.38 T.38 CPE T.38 V.34
with additional
data and voice
traffic
2 V.17 CPE T.38 T.38 CPE T.38 V.17
with additional
data and voice
traffic
3 V.34 CPE T.38 T.38 CPE T.38 V.17
with additional
data and voice
traffic
4 V.34 CPE T.38 with T.38 AGW / MSAN V.34
additional data G.711/T.38
and voice traffic
5 V.17 CPE T.38 T.38 AGW / MSAN V.17
with additional G.711/T.38
data and voice
traffic
6 V.34 CPE T.38 with T.38 AGW / MSAN V.17
additional data G.711/T.38
and voice traffic
7 V.34 CPE T.38 with T.38 VGW V.34
additional data G.711/T.38
and voice traffic
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No. From Fax Protocol To
Relay
G.711 Modem Type / IP Gateway IP Gateway G.711 Modem Type /
T.38/ASN.1/t30- Type/ Type/ T.38/ASN.1/t30-
indicator Interworking Interworking indicator e
8 V.17 CPE T.38 with T.38 VGW V.17
additional data G.711/T.38
and voice traffic
9 V.34 CPE T.38 T.38 VGW V.17
with additional G.711/T.38
data and voice
traffic
10 V.34 VGW T.38 VGW V.34
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
11 V.17 VGW T.38 VGW V.17
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
12 V.34 VGW T.38 VGW V.17
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
13 V.34 VGW T.38 AGW / MSAN V.34
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
14 V.17 VGW T.38 AGW / MSAN V.17
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
15 V.34 VGW T.38 AGW / MSAN V.17
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
16 V.34 VGW V.152 VGW V.34
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
17 V.17 VGW V.152 VGW V.17
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
18 V.34 VGW V.152 VGW V.17
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
19 V.34 VGW V.152 AGW / MSAN V.34
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
20 V.17 VGW V.152 AGW / MSAN V.17
G.711/T.38 G.711/T.38

with additional
data and voice
traffic
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No. From Fax Protocol To
Relay
G.711 Modem Type / IP Gateway IP Gateway G.711 Modem Type /
T.38/ASN.1/t30- Type/ Type/ T.38/ASN.1/t30-
indicator Interworking Interworking indicator e
21 V.34 VGW V.152 AGW / MSAN V.17
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
22 V.34 T.30 VGW with G.711 VGW V.34
additional data G.711/T.38
and voice traffic
23 V.17 VGW G.711 VGW V.17
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
24 V.34 VGW G.711 VGW V.17
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
25 V.34 VGW G.711 AGW / MSAN V.34
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
26 V.17 VGW G.711 AGW / MSAN V.17
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
27 V.34 VGW G.711 AGW / MSAN V.17
G.711/T.38 G.711/T.38
with additional
data and voice
traffic
[s1] sip s2 | sIP
(Application) (Application)
. Server Server
‘r‘/\'/oiceband data calls may (e-g) S'PMFF“- - (e.g 3PP / ETS (eg, Jdi / B
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) PSTN Gateway
domain

PSTN
domain

7 SIP terminals may originate/terminate:
+ T.38 FolP (as T.38 endpoint)

: But not:

 +V.152 VBDoIP (“that’s a pure PSTN-to-
. IPGW standard”)

~ I\
YO
’I \\
[ |
MPrivate IP
( domain T
|
] -

/
Ao

| Terminal

(eg. ETSI TISPAN
SIP VGW)

1
L2 Tsip voice

Gateway

(eg. ETSI TISPAN
SIP VGW)

[
s

(e-g. IMS UE)

2 SIP

Single, public IMS domain

Terminal
(e.g. IMS UE)
[0
: SIP-PBX |

(
: (e.g. SIP Forum) |
1

Figure 36: Mix of SIP VGWs (IMS-based PES) & SIP UEs (IMS)
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IP Network

N

XDSL/ETH

XDSL/ETH /

Webserver
CPE

Figure 37: Call between two MMTel (IMS) Fax UE with additional data traffic

IP Network

Webserver

Figure 38: Call between MMTel (IMS) Fax UE with additional data traffic and AGW Fax UE
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IP Network

N

xDSL/ETH

l xDSL/ETH

CPE

Webserver

Figure 39: Call between MMTel (IMS) Fax UE with additional data traffic and VGW Fax UE

XDSL/ETH

Webserver

CPE

Figure 40: Call between two VGW Fax UE with additional data traffic
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XDSL/ETH

Analoge line

Webserver CPE

Figure 41: Call between VGW Fax UE with additional data traffic and AGW Fax UE

IP Network

XDSL/ETH

Webserver

CPE

Figure 42: Call between VGW Fax UE with additional data traffic and MMTel (IMS)
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5.20 Early media listening speech quality
5.20.1 Introduction

Early mediarefersto media (e.g. audio and video) which are exchanged before a particular session is accepted by the
called user (in terms of the signalling). Within a dialogue, early media occurs from the moment the initial INVITE is
sent until the User Agent Server (UAS) generates a final response. It may be unidirectional or bidirectional, and can be
generated by the caler, the called party, or both. Typical examples of early media generated by the called party are
ringing tone and announcements (e.g. queuing status). Early media generated by the caller typically consists of voice
commands or dua tone multi-frequency (DTMF) tonesto drive interactive voice response (IVR) systems. See

figure 43.

INVITE

Session Progress 183

PRACK

\

EARLY MEDIA

Figure 43: Early media SIP overview

5.20.2 Early media generated by the called party

To test the early media, the listening speech quality test from B to A after the '183 Session Progress message is sent. In
case of IMS implementations the 183 Session Progress' should contain the P-Early - media header.

In case that the called user isan ISDN user an ALERTING with Progress Indicator #8 or a progress message with the
progress indicator should be sent.

For the synchronization of the voice samples a 700 Hz tone (100 ms signal) astrigger event can be used.

The principle of testing 'early media’ is the same as defined for the Convergence Quality test according to clause 5.14.2.
However, only one speech sample (male/ female voice) has to be transmitted from the called party to the calling party
emulating the 'early media transfer. The general technical aspects for this speech samples are the same as defined in
clause 5.14.2.

The call flow and the application of the early mediatest are shown in figures 44, 45 and 46.

ISDN (NTBA) ,B* side MU

MU VolP (IAD) ,A“ side

Network

SETUP SETUP

ALERTING with PI#8 ALERTING

Sending Speech Sample

Recording Speech Sample

CONNECT
CONNECT ACK

CONNECT
CONNECT ACK
DISCONNECT

DISCONNECT

RELEASE RELEASE

—_—
e
e

e

Il 1

RELEASE COMPLETE

|
|
|
|
|
I
|
|
I
|
|
|
I
|
|
|
|
|
|
|
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|
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|
I
|
|
|
I
|
|
} RELEASE COMPLETE
|

|

I

I

|

Figure 44: Early media ISDN case A
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Figure 45: Early media ISDN case B
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Figure 46: Early media SIP

5.21

Jitter Buffer and IP prioritization response time

5.21.1 Jitter Buffer and IP prioritization response time without data transfer

To test the jitter buffer and IP prioritization response time the test starts directly with a Listening Speech Quality test
from the called party to the calling party directly after the connection is established. After the call isreleased thetestsis

repeated in the opposite direction.

However, only one speech sample (male/ female voice) has to be transmitted from the called party to the calling party
emulating the 'early media transfer. The general technical aspects for this speech samples are the same as defined in

clause 5.14.2.

The call flow and the application of the early media test are shown in figure 47.
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Relative Time | Testequipment A | | NETWORK | | Test equipment B
CALL Ato B

T0-2

T0

TO

CALLBto A

Figure 47: Jitter Buffer and IP prioritization response time tests

5.21.2 Jitter Buffer and IP prioritization response time with data transfer
For the data transfer the following constants are used:

. n number of parallel TCP connections for one direction (1 < n < 10); default: n= 3.

. In case of use of fixed-size chunks, theinitial size of data block sent during the test is s = 4,096 Bytes.

e  tduration of tests, approximately t = 22 s,

Several parallel data streams are initiated with a number of n parallel TCP connections with an upload and download of
datafiles from the data-reference system.

All TCP transmissions start at the same time, which is denoted as relative time 0. After timet, each TCP connection is
reset.

As an option the server can continuoudy sent data streams consisting of fixed-size chunks of size s (randomly generated
data with high entropy). The data should be transferred between client and server over the TCP port 443 using TLS or
SSL in order to avoid interference with firewalls as much as possible. The ports for communication and data transfers
between the different servers themselves shall be configurable.

Parallel to the data transmission thejitter buffer and I P prioritization response time test should be established.

To test thejitter buffer and I P prioritization response time the test starts with a Listening Speech Quality test from the
called party to the calling party. After the call is released the testsis repeated in the opposite direction. The flow of the
voice call isthe same asin clause 5.21.1, there isjust a surrounding and background data transfer active as shown in
figure 48.
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Relative Time | Testequipment A | | NETWORK | | Test equipment B
Start download and upload procedure

TO-10s Start TCP upload >
connection 1
Start TCP upload
connection 2
Start TCP upload
connection 3
Start TCP download
connection 1
Start TCP download
connection 2
Start TCP download
connection 3

N N DOV Y
N N N OV Y Y

CALL Ato B

CALLBto A

T14

Stop download and upload procedure

Figure 48: Jitter Buffer and IP prioritization response time test with data transfer

6 Broadband Speed Test (BST) - Measurement
method of data transmission speed and transit time

6.1 General requirements

6.1.1 Introduction
The Broadband Speed Test is based on "Multithreaded Broadband Test" (MBT) described in [i.1].

The test delivers an accurate measurement of the maximum bandwidth available over a given internet connection. This
isachieved by transferring multiple parallel data streams over separate TCP connections within a predefined amount of
time. The transferred data consist of randomly generated data with high entropy. It is not expected that the (pseudo)
random number generator meets cryptographic requirements. However it shall effectively prohibit data compression
during the transmission. In order to increase the probability that the test can be performed even within networks
protected by firewalls and proxy servers, the data should be transferred over HTTPS (using TLS) connection.

6.1.2 System components

The BST system is composed as follows.
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Controlling and
Measurement results >

Control Server

v

BST Client

Controlling

A

Data Server

Results, Data ¢

+ Measurement Results > Measurement
Endpoint

i
BST System

Figure 49: Broadband test Configuration

By default, the data should be transferred between client and server over the TCP port 443 in order to avoid interference
with firewalls as much as possible. The ports for communication and data transfers between the different servers
themselves are configurable.

6.1.3  Global constants

The following constants are used:
. n number of parallel TCP connections for one direction (1 < n < 10); default: n=3.
. sinitial size of data block sent during the test; default: s= 4,096 Bytes.
. d duration of pre-test; default: d=2s

. t duration of test; default: t = 7 s (the duration of the test might depend on the number of opened TCP
connections during the pre-test ( 1 <k <n)).

. p number of "pings' during latency test; default: p = 10.
6.2 Test procedure
6.2.1 Introduction

The test follows the procedure outlined below. The test consists of seven phases which are carried out one after each
other, i.e. phase m starts after phase m - 1 has finished without any pause in-between. That means that the phases do not
overlap.

To ensure comparabl e data transmi ssion speed test conditions in mobile networks, a pre-load should be initiated. With
the pre-load, the mobile networks are set in adefined initial state, CELL_DCH in UMTS and connected in LTE/GSM.

If the downlink and uplink pre-tests procedures are not supported (Phase 2 and Phase 5), the client shall open a TCP
uplink and downlink connection.

6.2.2 Phase 1: Initialization

The BST Client tries to connect to the Control Server onthe TCP using HTTPS (using TLS). In order to pass through
certain firewalls, which might block unencrypted data transmissions, HTTPS is necessary. The data streams themselves
are optionally unencrypted. In order for the computational cost of encryption not to deteriorate the measurement results,
encryption and authentication parameters should be chosen aslow as possible.

After establishing a proper connection, client and server exchange the information, which is required for running the
test.

The client sends its version number, optional the geo-location dataand IP address as well as other relevant information
to the Control Server.
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The Control Server determines the Measurement Endpoint to be used. It then generates a token consisting of the
following components:

e auniquetest ID (aUUID in accordance with IETF RFC 4122 [18]);
. the time at which the measurement is allowed to start (a string representing Unix time);

e theperiod of time during which access to the Measurement Endpoint is allowed (a string representing number
of seconds);

e the maximum number of permitted parallel connections from the client to the server (astring representing a
positive integer).

The Control Server then transmits the token as well as all the additional test parameters (1P address of the M easurement
Endpoint, public IP address of the client, number of parallel TCP connections, etc.) to the client. The token is used for
identifying the test session.

6.2.3 Phase 2: Downlink pre-test
The downlink pre-test is for high speed internet connections optional.

In Phase 2, the client opens n TCP connections to the assigned Measurement Endpoint. Within each TCP connection,
the client requests and the server sends a data block of size s (randomly generated data with high entropy). While the
duration of the pre-test has not exceeded d, the client requests a data block of double size compared to the last iteration
step. The transfer of the last data block will be finished even if the duration has already exceeded d. At the end of the
pre-test, all TCP connections are left open for further use if more than four chunks have been transmitted in the
downlink pre-test. Otherwise, n is reduced to 1. Figure 50 depicts the sample diagram of the Downlink pre-test.

Client Server

Request chunk 1

1 Chun! Get Time
oK

Downlink pretest

duration time d R hunk 2
Phase 2 equest chun
Downlink <
Pre Test 2 Chun Get Time
OK
-

Figure 50: Sample diagram of the Downlink pre-test

6.2.4 Phase 3: Latency test

During this phase, the client sends p "pings" in short intervals to the Measurement Endpoint to test the latency of the
connection. One "ping" consists of the transmission of short strings via one of the TCP connections to the Server, which
returns short strings as acknowledgement. The client measures the time between sending and receiving the return
message, while the server additionally measures the time between sending its return message and the client's reception
response. The client stores all measurements and the presented values may have e.g. the minimum, the median, the
average and the max values. Figure 51 depicts the sample diagram of the Latency test.
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Figure 51. Sample diagram of the Latency test

6.2.5 Phase 4: Downlink BST

Within each of the n TCP connections opened during phase 2, the client simultaneously requests and the M easurement
Endpoint continuoudly sends data streams consisting of fixed-size chunks of size s (randomly generated data with high
entropy).

As an option the Measurement Endpoint can continuously send data streams on n TCP connections consisting data files
from the data-reference system.

All transmissions start at the same time, which is denoted as relative time 0. For each TCP connection k, 1 <k < n, the
client records the relative time tx and the amount of data S received from time 0 to ti for successive values (usually after
receiving each chunk or data files from the data-reference system). After timet, each TCP connection is reset after the
next transmitted chunk (or datafile) has been received. After finishing all tests, the client sends the collected data to the
Control Server. Figure 52 depicts the sample diagram of the Downlink test depicting one TCP stream.

Client Server

Request to send data to
Client
— — —

Data Stream

Phase 4 Downlink subtest - Get Time
Downlink < duration time tg
Test
OK
—

— RS

Figure 52: Sample diagram of Downlink tests depicting one TCP stream
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6.2.6 Phase 5: Uplink pre-test

The uplink pre-test isfor high speed internet connections optional.

In Phase 5, the client opens n TCP connections to the assigned M easurement Endpoint again. Within each TCP
connection, the client sends a data block of size s (randomly generated data with high entropy). While the duration of
the pre-test has not exceeded d, the client sends a data block of double size compared to the last iteration step. The
transfer of the last data block will be finished even if the duration has already exceeded d. At the end of the pre-test, the
TCP connections are left open for further use. Figure 53 depicts the sample diagram of the Uplink pre-test.

Client Server
Request to send data to
server -
— oK
1 Chunk
Accept
Up“r]k pretest Request to send data to
Phase 5 duration time d server >
Uplink <
Pre Test
—

Figure 53: Sample diagram of the Uplink pre-test

6.2.7 Phase 6: Uplink BST

Within each of the n TCP connections opened during phase 5, the client continuously sends data streams consisting of
fixed-size chunks of size s (randomly generated data with high entropy). As an option the client can continuously send
data streams on n TCP connections consisting of a data file from the data-reference system. All transmissions start at
the same time, which is denoted as relative time 0. For each TCP connection k, 1 <k < n, the server gives feedback to
the client by sending the relative time tx and the amount of data sc received from time 0 to t:

. after receiving each chunk whose transmission has taken more than 1 ms; or
. otherwise 1 ms after the previous feedback.

After timet, it istested at intervals of 250 ms whether all feedbacks for chunks sent from the client to the server until
timet - 1 shave been received. As soon as thisisthe case, all TCP connections are reset. Otherwise, the test is aborted
after timet + 3 s. All results and additional information on the client are transferred directly to the Control Server.
Figure 54 depicts the sample diagram of the Uplink test.
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Figure 54: Sample diagram of the Uplink test

Phase 7: Finalization- calculation of the throughput values for
up/down stream

After finishing all tests, the client sends the collected data to the Control Server. All results and additional information
on the client are transferred directly to the Control Server. Both datasets are then compared by the Control Server to
check the quality and integrity of the result. All tests, successful or unsuccessful, are stored by the Data Server.

6.3

Measurement of Data

Asfar asit isavailable, the following information is stored for each completed test:

Test UUID.

Date and time.

Latency.

Uplink capacity.

Downlink capacity.

Encryption used: HTTPS over TLS.
Number of concurrent connections.
Client public IP.

Client phone status and radio technology (e.g. UMTS, LTE, etc.) and quality (e.g. RSSI) Geo-location and
tracking accuracy as well as movement during the test (lat, long, timestamp, accuracy, altitude, speed, bearing,
location provider).

The presented values which are measured shall have the minimum, the mean, the median and the max values.
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Detailed download & upload procedure
Duration Test equipment A NETWORK Test equipment B
Time Data Reference
(example) System
BST

Phase 1: Initialization > >

€« €«

2s Phase 2: Downlink pre-test €« €«

25s Phase 3: Latency test > >
7s Phase 4: Downlink BST

Start TCP connection 1 €« <«

Start TCP connection 2 €« €«

Start TCP connection 3 €« €«

2s Phase 5: Uplink pre- > >

test

7s Phase 6: Uplink BST > >

Start TCP connection 1 > >

Start TCP connection 2 > >

Start TCP connection 3 > >

Phase 7: Finalization > >

€« €«

Figure 55: Detailed download & upload procedure

An example of the detailed description of the Communication protocol can be found in clause 8 of [i.1].
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