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-
To ITU-T Sector Members;

-
To ITU-T Associates;


To the Chairman and Vice-Chairmen of Study Group 12;

-
To the Director of the Telecommunication

  
Development Bureau;

-
To the Director of the Radiocommunication
Bureau


	Subject:

	Approval of 4 new and one revised Questions


Dear Sir/Madam,

1.  At the request of the Chairman of Study Group 12, End-to-end transmission performance of networks and terminals, I have the honour to inform you that, in accordance with the procedure described in Resolution 1, Section 7, § 7.3.2, of WTSA (Montreal, 2000), Member States and Sector Members present at the last meeting of this Study Group which was held in Geneva from 
19 to 23 February 2001, agreed by reaching consensus to approve the following new and revised Questions:

Question 9/12- Objective measurement of speech quality under conditions of non-linear and time-variant processing (see Annex 1)

Question 13/12 – Multimedia QoS/performance requirements (see Annex 2)

Question 14/12 – Effects of interworking between multiple IP domains on the transmission performance of VoIP and voiceband services (see Annex 3)

Question 15/12 – QoS and performance coordination (see Annex 4)

Question 16/12 – In-service non-intrusive assessment of voice transmission performance (see Annex 5)

2.  Questions 9/12, 13/12, 14/12, 15/12 and 16/12 are therefore approved.
3.  The resulting Recommendations are assumed to fall under the Alternative approval process (AAP).
Yours faithfully,

H. Zhao
Director of the Telecommunication
Standardization Bureau

Annexes: 5

ANNEX 1
(to TSB Circular 33)

Revised wording of Question 9/12 
(Study period 2001-2004)

Question 9/12 - Objective measurement of speech quality under conditions of non-linear and time-variant processing


(Continuation of parts of Question 13/12 studied in 1997-2000)

Type of question

Task-oriented, leading to new and revised ITU-T Recommendations.

Background

During the previous Study Periods, several methods for objectively evaluating non-linear and time-variant processes have been studied. This led to an agreement on a single method, based on the Perceptual Speech Quality Measure (PSQM), which is contained in Recommendation P.861. Recommendation P.861 specifies a measure for objectively testing voice-band (300 - 3400 Hz) coders under the varying conditions of transcodings, codec speech input levels, talkers, languages, and bit rates. 

Since Recommendation P.861 was recognized to have certain limitations in specific areas of application, it was developed an enhanced version of P.861 by the end of the 1997-2000 Study Period, covering a wider variety of conditions under which telephones are used and where more robust and more reliable methods for objectively assessing the speech quality are needed. The development of this new Recommendation was completed in 2000. It was determined as ITU-T Recommendations P.862 and will replace P.861 early in 2001. 

Although it could be envisaged that P.862 covers a much wider range of speech transmission conditions than P.861, it is still limited to assess the speech quality of end-to-end narrow-band handset telephony. In the near future, there is envisaged a strong need for objective quality assessment methods of speech signals in complex transmission scenarios, particularly in telecommunication systems with modern transmission technologies and new types of terminals. 

Text of the question

Considering the need for objective measures that work in telecommunication systems with modern transmission technologies and new types of terminals under a wide variety of conditions:

1)
Can P.862 be enhanced to operate under a wider variety of conditions? Examples include, but are not limited to:

-
wideband signals

-
talker dependencies

-
effects of non-linear processing in echo cancellers

2)
How can P.862 be extended to mouth-to-ear transmission scenarios including modern terminals for mobile and/or hands-free applications? 

3)
How can psycho-acoustically based speech quality assessment methods like P.862 be combined with analytical measurement methods for specific signal parameters? 

4)
How can psycho-acoustically based speech quality assessment methods like P.862 be improved by using additional information derived from network signalling or transmission protocols?

5) How can users of speech quality assessment methods like P.862 be guided for correct application and interpretation of the obtained results?

6) How can psycho-acoustically based speech quality assessment methods be extended for single-ended objective speech quality assessment algorithms.

Study items

The main points of study are:

-
To extend objective speech quality assessment algorithms to wideband telephony;

· To develop objective speech quality assessment algorithms for ‘talker quality’;

-
To develop single-ended objective speech quality assessment algorithms;

-
To improve P.862 according to evolving speech transmission technologies;

-
To apply objective speech quality assessment algorithms based on psycho-acoustic principles like Recommendation P.862 to mouth-to-ear transmission scenarios, i.e. including modern terminals for mobile and/or hands-free applications;

-
To define methods for assessment of parameters like ‘conversational quality’, ‘double-talk performance’ with non-linear and time-varying behaviour of network components or terminals;

-
To combine information of both, the speech signal as well as the data streams (in digital transmission systems) for adaptive quality/performance control of services, networks and/or terminals;

-
To provide guidance to inexperienced users of objective speech quality assessment algorithms in order to prevent inappropriate use or misinterpretation of results. 

Objectives and schedule

It is anticipated that new and/or updated recommendations will be developed by the end of the study period. 

Relationship with other Study Groups

Most of the activities relating to the Question are likely to be internal to ITU-T Study Group 12 (e.g., SQEG), although close liaison with ITU-T Study Groups 2, 9, 15, 16, SSG and relevant ITU-R Study Groups is desirable to ensure that the Recommendations produced under this Question can be used effectively to study the performance of networks and terminals, respectively, generated by these bodies. In addition, coordination with other standardization activities, e.g. in ETSI TC STQ or ETSI EP TIPHON will ensure that Recommendations developed in this Question satisfy the user’s needs. 

ANNEX 2
(to TSB Circular 33)

Wording of new Question 13/12 
(Study Period 2001-2004)

Question 13/12 - Multimedia QoS/performance requirements


(New question)

Type of question

Task oriented designed to lead to new ITU-T Recommendation(s).

Background

A major challenge for emerging IP-based networks is to provide adequate Quality of Service (QoS) for different services and applications. Much of the current industry activity on QoS is focused on providing QoS control mechanisms in IP networks, but there has been less attention on defining what the actual performance targets should be. To do this requires a detailed knowledge of the performance requirements for particular services and applications. The starting point for deriving these performance requirements is the user.

Text of the question


Considering

that QoS/Performance is a key issue in IP networks;

that there is an urgent industry need for guidance on performance requirements for a range of multimedia applications, both in wireline and wireless scenarios;

that performance requirements for specific media may be subdivided to provide some level of performance differentiation for that media (see ITU-T Rec. G.109);

that detailed requirements for voice have been or are currently being addressed in other Questions within SG12;

that the starting point for deriving performance requirements is the user perception;

that expertise in deriving performance requirements based on user perception is a well-established core competency of SG12;

that there may be a difference between performance requirements at the user/application level and those at the underlying network transport level.


the following Question should be studied:
- what are the key performance parameters and what are suitable values of these parameters for  IP multimedia applications and services ?

Study items

Identify examples of multimedia applications and services (interactive, streaming, browsing, e-commerce, file transfer etc) and the underlying media involved (voice, video, still image, text, data etc).

Define the key performance parameters at the user/application level.

Define suitable ranges of values for these parameters on an end to end basis, demonstrating performance differentiation where applicable.

Determine how these requirements can be related to the underlying network transport level.

Objectives and schedule

It is anticipated that the study will result in new ITU-T Recommendation(s).

The estimated time frame for the first Recommendation is less than one Study Period, with the need for on-going study and updates likely.

Relationship with other activities

With other ITU-T Study Groups:
SG 2, SG 9, SG 13, SG 16, SSG

With other Bodies:


ETSI EP TIPHON, ETSI TC STQ, TIA TR-41, IETF, 3GPP, 




3GPP2

ANNEX 3
(to TSB Circular 33)

Wording of new Question 14/12
(Study Period 2001 – 2004)

Question 14/12: Effects of interworking between multiple IP domains on the transmission performance of VoIP and voiceband services


(New question)

Type of question

Task oriented designed to lead to new ITU-T Recommendation(s).

Background

Various mechanisms like RSVP or MPLS are being introduced into IP networks to support voice over IP and other applications. The motivation, for example, for VoIP over MPLS is to take advantage of these new network capabilities, in those IP domains in the network where they are available, in order to improve voice over IP service by:

· using label-switched-paths as a bearer capability for VoIP thereby providing more predictable, and even constrained QoS, 

· providing a more efficient transport mechanism for VoIP possibly using header compression or suppression, 

· using other advantages of MPLS, e.g. Layer 2 independence, integration with IP routing and addressing, etc.

The advantages of such mechanisms for the delivery of satisfactory end-to-end speech transmission performance can be understood in a single-domain environment with one specific mechanism deployed.

Today quite unpredictable, however, is the level of speech transmission performance through a concatenation of multiple IP domains which individually deploy different mechanisms.

The deployment of multiple VoIP islands interworking via the conventional PSTN will be a natural consequence of switch deployment practice:

· A network or service provider might wish to deploy VoIP as a PSTN replacement to deliver PSTN-type voiceband services such as speech, facsimile and voiceband data.

· A network or service provider might wish to deploy VoIP as a new type of voice service.

· This will lead to multiple VoIP islands within a single carriers' network as well as islands which arise due to calls which are routed through multiple operators.

· If deployment is driven by growth and obsolescence then the transition to a full VoIP solution will take 15 to 20 years, during which time multiple islands will be the normal situation.

· Solutions which lead to retrofit requirements in order to solve QoS problems, are very unlikely to be cost effective.

It is possible to avoid excessive numbers of islands by deploying equipment and planning routing intelligently. Therefore, to enable operation with such network configurations it will be necessary provide appropriate Recommendations.

Text of the question

considering

a)
that IP telephony connections may employ a multitude of IP domains;

b)
that various signalling, routing and prioritization schemes can be deployed in each of such IP domains;

c)
that end-to-end speech transmission performance of connections comprising of multiple IP domains will strongly depend on the interworking of signalling, routing and prioritization schemes between different IP domains;

d)
that the deployment of VoIP equipment may be driven by growth and obsolescence and 

e)
that the transition to a full VoIP solution may take 15 to 20 years, during which time multiple VoIP islands in the PSTN will be the normal situation,

the following question should be studied:

- 
What are the conditions of interworking between multiple IP domains that need to be satisfied in order to deliver satisfactory end-to-end speech transmission performance and performance of other voiceband services?

Study items

a) The effects of interworking between multiple IP domains on VoIP speech transmission performance;

b) The effects of interworking between multiple IP domains on the transmission performance of voiceband services;

c)
Deployment strategy: how to avoid excessive numbers of VoIP islands by deploying 
equipment and planning routing intelligently.

Objectives and schedule

It is anticipated that the study will result in new ITU-T Recommendation(s).

The estimated time frame is less than one Study Period.

Relationship with other activities

With other ITU-T Study Groups:
SGs 2, 9, 11, 13, 16 (and maybe 4 and 15), SSG

With other Bodies: 

ETSI EP TIPHON, ETSI TC STQ, TIA TR-41, IETF

ANNEX 4
(to TSB Circular 33)

Wording of new Question 15/12
(Study Period 2001 – 2004)

Question 15/12 – QoS and performance coordination


(New question)

Background and justification

The widespread expansion of IP-based services, and the rapid change from a circuit-based network infrastructure to one that is packet-based, have created many performance and service quality issues. Within the ITU-T, the many aspects of Quality-of-Service (QoS) being addressed are in need global co-ordination. This Question is necessary to provide this co-ordination and to assure consistency among the various ITU-T Study Groups, as well as from other related bodies such as the IETF. This global co-ordination will be conducted by Study Group 12 as the Lead Study Group on QoS.

Study Items

The QoS co-ordination activities are focused on:

· Co-ordination of the studies carried out within ITU-T on QoS.

· Harmonisation among the various Recommendations and standards on QoS. 

· Co-ordination of critical IP-related QoS issues across the industry, in co-operation with bodies such as the IETF, as appropriate.

Specific tasks and deliverables

· Leading role for coordination of QoS-related activities in the ITU-T (ongoing).

· Coordination among various standards activities on QoS and collaboration with other standards bodies (ongoing).

· Publish reports and make recommendations to TSAG and the TSB, as needed.

· Relationships

· All ITU-T Study Groups with any activities related to QOS.

· Liaison with other organizations involved in QoS-related activities, examples of which are the IETF, ATM Forum, ETSI, T1, etc.
ANNEX 5
(to TSB Circular 33)

Wording of new Question 16/12
(Study Period 2001 – 2004)

Question 16/12: In-service non-intrusive assessment of voice transmission performance 

(Continuation and extension of Question 15/12 studied in 1997-2000)
Type

Task-oriented, leading to new and revised ITU-T Recommendations.

Background

Signal processing technology applied to both directions of transmission in a 4-wire path, can be used to estimate the contribution of a number of factors affecting the transmission performance of the complete connection, without interfering with the signals on the connection;

Desirable voice service measurements can be found in ITU-T Recommendation P.561, and guidance for the analysis and the interpretation of the measurement results can be found in ITU-T Recommendation P.562.

A device that performs such measurements is known as an In-service Non-intrusive Measurement Device (INMD).

As far as packetized systems (and more generally, non linear systems) are concerned, they are theoretically covered in P.561 by class D devices. The section of P.561 on those devices was left for further study during the last study period. New documentation and study results, as well as the evolution of network technologies (including interworking between, circuit switched, and packet switched mobile of fix networks), show that the time has come to think of an update of existing Recommendations on INMDs to take into consideration new systems like IP network equipments.

The parameters that can be added to existing INMD parameters include:

· non linear distortion,

· packet protocol parameters like latency, jitter and packet loss.

Text of the Question

1
What changes and/or improvements can be made to ITU-T Recommendations P.561 and P.562 to take into consideration new impairments generated in non-linear systems and how can measurements be made at the IP as well as other layers?

2
What relationship exists between the subjective responses of users at the terminals and the objective measurements made from the point at which the non-intrusive assessment system is connected ?

3
What measures give an estimate of the transmission quality of a connection including the accumulated effects of all technologies (e.g. IP, wireless, ATM, etc.)?

4
How can such measures be used to assess, plan and maintain the transmission quality of networks ?

5
How are non-intrusive measurements related to conventional intrusive measurements ?

Objectives and Schedule

Revised Recommendation P.561 by 2002 and P.562 by 2003.

New draft Recommendation on non-intrusive measurement of speech quality including audio parameters by 2004.

Relationship with other Study Groups and Questions

Liaison should be maintained with ITU-T Study Group 2 who deal with Quality of Service (QoS), ITU-T Study Group 4 whose responsibility is maintenance of networks, and ITU-T Study Group 13 which is the leading study group for internet protocol topics.

The work under other standardisation bodies, like ETSI (STQ, TIPHON) or IETF (IPPM), can also be useful for this new question.

The studies of Q.16 will also be fed by results coming from Q. 8, 9 (WP2) and 12 (WP3) of SG 12.
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