ITU-T Study Group 12 - List of Questions under study (Study period 2005 –2008)

	Question number
	Title
	Status
	Remark

	1/12 
	Work programme. Definitions, Handbooks, Guides and Tutorials
	Continuation of Q.1/12
	

	2/12
	Speech transmission characteristics and measurement methods for terminals and gateways interfacing packet-switched (IP) networks
	Continuation of Q.2/12
	

	3/12
	Speech transmission characteristics of speech terminals for fixed circuit-switched, mobile and packet-switched (IP) networks
	Continuation of Q.3/12 & Part of Q.2/12 
	

	4/12
	Hands-free communication in vehicles
	New
	

	5/12
	Telephonometric methodologies for handset and headset terminals
	Continuation of Q.5/12
	

	6/12
	Analysis methods using complex measurement signals including their application for speech enhancement techniques and hands-free telephony
	Continuation of Q.4/12 & Q.6/12
	

	7/12
	Methods, tools and test plans for the subjective assessment of speech and audio quality
	Continuation of Q.7/12
	

	8/12
	Extension of the E-Model
	Continuation of Q.8/12
	

	9/12
	Perceptual-based objective methods for voice, audio and visual quality measurements in telecommunication services
	Continuation of Q.9/12
	

	10/12
	Transmission planning and performance considerations for voiceband, data and multimedia services
	Continuation of Qs.10,12 14/12 & part of Q.8/13 
	

	11/12
	QoS interworking and apportionment of performance parameter values between networks
	Continuation of Q.11/12
	

	12/12
	Performance evaluation of services based on speech technology
	New
	

	13/12
	QoE/QoS performance requirements and assessment methods for multimedia including IPTV


	Continuation of Q.13/12
	

	14/12
	In-service non-intrusive assessment of voice transmission performance
	Continuation of Q.16/12
	

	15/12
	QoS and performance coordination
	Continuation of Q.15/12
	

	16/12
	Broadband and IP-related resource management
	Continuation of Q.4/13
	

	17/12
	Performance of IP-based networks
	Continuation of Q.6/13, Q.7/13 & part of Q.8/13
	

	19/12
	Call processing performance
	Continuation of Q.9/13
	

	20/12
	Objective assessment of conversational speech quality in networks
	new
	


Wording of Questions

Question 1/12 - Work programme. Definitions, Handbooks, Guides and Tutorials

(Continuation of Question 1/12)

Motivation

The Study Group has the ability to approve new or revised Questions, which enables continuous change of its programme of work. Accordingly, a home is needed for new work proposals when they are not directly related to Questions already under study. Similarly, Question 1/12 can accommodate new contributions which have no associated Question, as well as necessary actions that should be taken on existing Recommendations with no associated Question or Rapporteur. This role will be played in part 1 "Work Programme" of this question.
This question covers also the Recommendations for definitions (that need to be currently updated to take into account the new concepts, technologies) to give precise definitions of the new concepts developed in the other Study Group Questions. 
More and more, new actors in the fields of telecommunications need to understand the concepts and the Recommandations on QoS, Telephonometry, Transmission quality, etc. To help the members and inform on the work done in the Study Group, it appears necessary to create tutorials, reference implementations, FAQ, etc., that should be given on the SG Web site. This activity should be completed by updating the handbooks and creating guides. This role will be played in part 2 "Definitions, Handbooks, Guides, Tutorials" of this question.
The following major Recommendations/Supplements/Handbooks, in force at the time of approval of this Question, fall under its responsibility: 

Recommendations P.10, G.100, P.800.1, Handbook on Telephonometry, Handbook on transmission Planning.
Question
This Question is complementary to the other Questions of SG 12.
Part 1: Work programme

When considering new topics for the SG, before beginning any action, the contributions are addressed and discussed  under this Question.
What are the new or updated questions that need to be worked on in the SG?

What are the results of Workshops, TSB initiatives, actions of other SGs or SDOs that need to be considered under the Study Group work Programme?

Part 2: Definitions, Handbooks, Guides, Tutorials

What are the new or revised definitions that need to be included in Recommendations P.10 and G.100?
What are the new sections to be written to update the handbooks? How could we ensure greater visibility and better use of these materials?

What kind of materials (FAQ, reference implementations, tutorial etc.) could be available on the SG Web site?

What guides would be needed to help the users to implement the new Recommendations?

Tasks

Tasks include, but are not limited to:

For Part 1:

· to identify the needs of the rapidly changing telecommunications marketplace best addressed by the programme of work of Study Group 12, and to create in study Group 12 new Questions or to update Questions.

· to work, in collaboration with other SGs or standardization bodies to the steering committee of workshops.

For Part 2:

· to drive actions to update existing Recommendations, or to create new Recommendations on definitions.

· to update or produce handbooks, Guides, tutorials for the benefit of the users of the Recommendations.

· to create tools that could help non-experts to understand and implement the new Recommendations. Some of these tools should be implemented on the SG Web site.

Relationships

Recommendations:

All Recommendations under the responsibility of SG 12, E.800, Handbook on STP, Handbook on QoS 

Questions: 



All Questions/12, 

Study Groups: 


SG 2, SG 4, SG 9, SG 13, SG 15

Standardisation bodies: ETSI STQ, TISPAN, IETF, ANSI, TIA, eHSCG, APSC-TELEMOV
Question 2/12 - Speech transmission characteristics and measurement methods for terminals and gateways interfacing packet-switched (IP) networks

(Continuation of Question 2/12)

Motivation

Traditionally, the analogue and digital telephones were interfacing switched-circuit 64 kbit/s PCM networks. With the fast growth of IP networks, terminals directly interfacing packet-switched networks (VoIP) are being rapidly introduced. Such IP network edge devices may include gateways, specifically designed IP phones, soft phones or other devices connected to the IP based networks and providing telephony service. Since the IP networks will be in many cases interworking with the traditional PSTN and private networks, many of the basic transmission requirements have to be harmonized with specifications for traditional digital terminals. However, due to the unique characteristics of the IP networks including packet loss, delay, etc. new performance specification, as well as appropriate measuring methods, will have to be developed. Also, the VoIP terminals may use other than 64 kbit/s PCM (G.711) speech algorithms, as well as may provide traditional narrow-band (300-3400 Hz) or wideband telephony.

A VoIP terminal can be considered as a kind of VoIP gateway with an additional acoustical frontend; by this, the requirements and measurement methodologies developed for VoIP gateways can easily be applied for VoIP terminals by defining a hypothetical reference point between the gateway function and the acoustical frontend. The latter falls under the responsibility of Question 3/12.

The following major Recommendations/Supplements/Handbooks, in force at the time of approval of this Question, fall under its responsibility: 

Recommendation P.1010

Question

Study items to be considered include, but are not limited to:

-
Which transmission characteristics need to be defined for VoIP gateways and the VoIP gateway part of  VoP terminals?

-
Which measurement methods are needed for for VoIP gateways and the VoIP gateway part of  VoIP terminals?

-
How can coding schemes other than G.711 best be taken into account (for narrowband telephony as well as for wideband telephony) ?

-
How can an IP "half channel" adaptor, which may also be referred to as "reference codec" be defined ?

-
Which measurement methodology is appropriate to quantify distortions that are typical for IP based devices ?

-
Which reference connections in the chain from mouth-to-ear can be defined for VoIP ?

Tasks

Tasks include, but are not limited to:

-
Enhancement of Recommendation P.1010 on Fundamental Voice Transmission Objectives for IP Terminals and Gateways regarding wideband telephony

-
Production of a new Recommendation P.VOIP-MM on Measurement Methodologies for IP Terminals and Gateways

-
Contribution to possible extensions or enhancements of Recommendations P.501 and P.502.

Note: P.VOIP-MM may be included into P.1010, this is for further discussion.

Relationships

Recommendations:
P.310, P.311, P.340, P.342, P.501, P.502, G.107, G.108, G.109, G.177, G.799.1, M.2301, Y.1540, Y.1541

Questions: 


3/12, 6/12, 9/12, 11/12, 12/12, 17/12

Study Groups: 

4, 13, 15

Standardisation bodies: ETSI STQ, ETSI TISPAN, TIA TR-41, T1A1

Draft revised Question 3/12 - Speech transmission characteristics of speech terminals for fixed circuit-switched, mobile and packet-switched (IP) networks
(Continuation of Question 3/12 and part of Question 2/12)

Motivation
During the previous study period, Q.3/12 produced a new Recommendation (P.300) and the revision of three existing Recommendations (P.310, P.313, and P.350). The weighted terminal coupling loss TCLw for digital handsets in P.310 was increased to meet the G.131 requirement for the control of talker echo and improve quality at all user-controlled earpiece volume settings. P.313 now includes transmission characteristics for mobile hands-free terminals, (in addition to transmission characteristics for mobile and cordless handsets.) The small size of many mobile and cordless terminals can now be taken into account in P.350. 
Voice terminals directly interfacing with packet-switched networks (VoIP) have additional considerations, including packet loss and delay. A new recommendation for VoIP terminals has been the focus of Q. 2/12 (P.1010).
The work defined in this Question remains an important area for international telecommunication standardization due to the increase use and design variations of handset, headset, and hands-free terminals for use on mobile and IP networks. Furthermore, speech characteristics for new terminals will fall under this question.
The following major Recommendations, in force at the time of approval of this Question, fall under its responsibility:
P.300, P.310, P.311, P.313, P.341, P.342, P.350, P.370, P.Sup10, P.sup16, G.136.
Question
Study items to be considered include, but are not limited to: 

· What enhancement or new Recommendation needs to be developed to defined headset transmission characteristics for mobile and cordless terminals? 

· Should there be separate transmission characteristics for cordless and mobile terminals? 

· What enchancements to existing Recommendations need to specify the performances of noise reduction and other acoustic enhancement devices within terminals? 

· What enhancements to existing Recommendations are needed to specify the performance of mixed operation between Narrow band and Wide band terminals in teleconferencing situations ?

· What transmission characteristics and measurement methods are needed for cordless and mobile terminals using Multi Rate Codecs for Narrow band and Wide band applications? 

· What speech transmission characteristics are needed for multimedia terminals? 

· What kind of simple alignment methodology for PC VoIP using different coders is needed? 

· What new test methods and signals, such as ones defined in P.501 and P.502, are appropriate for testing transmission characteristics of terminal equipment? 

· What speech transmission characteristics are needed for VoIP terminals? 

· What are the characteristics and the test methods for terminals implementing Super Wide-Band and full band?

· How can VoIP terminals be tested, considering the assessment methods developed for VoIP gateways under Question 2/12? 

· What speech transmission characteristics and measurement methods are needed for terminals using new access techniques (e.g., power line access, WLAN, etc.)? 

· What other changes and/or improvements can be done for the existing Recommendations (P.300, P.310, P.311, P.313, P.340, P.341, P.342, P.350, P.370)?

Tasks
Tasks include, but are not limited to:

· Contribution to the enhancement of ITU-T Recommendation P.1010. 

· Contribution to enhancement of ITU-T Recommendation G.172.

· Revision of ITU-T Recommendation P.313 to include speech transmission characteristics for headset terminals.  

· Revisions of ITU-T Recommendations of wide band terminals (P.311 and P.341) to update LR requirements.  

· Possible revisions of ITU-T Recommendations P.310, P.342 and G.136. 

· New recommendation on super wideband and full band terminals.

Relationships
Recommendations: P.330, P.340, P.501, P.502, P.1010, G.131
Questions: 2/12, 5/12 and 6/12, Q.10/12
Study Groups: SG 15, SG16
Standardization bodies: IEEE, VDA, TIA, 3GPP, ETSI

Question 6/12 - Analysis methods using complex measurement signals including their application for speech enhancement techniques and hands-free telephony


(Continuation of Questions 4/12 and 6/12) 

Motivation

Terminal and network equipment increasingly includes complex signal processing techniques, wideband systems are entering the market place. Most devices can no longer be regarded as linear, time-invariant systems. The subjectively relevant transmission characteristics of such equipment needs to be correctly determined using adequate measurement methods. There is a need of having reproducible, well defined measurement methods available -for certification labs as well as for developers which ideally should be combined to one quality value.

During Study Period 1997-2004 test signals and analysis techniques for use in telephonometry have been collected. This work led to Recommendations P.501 and P.502 and their updates. A new Recommendation on the testing of speech enhancement devices P. 330 was released. Test signals and analysis techniques allow to evaluate many different parameters but still some are missing (e.g. assessment of background noise) and it is very likely that new signal processing methods show up which can not be covered adequately by the existing signals and methods. In addition the interaction of signal processing at various locations of a connection needs to be investigated more in detail.

The evaluation methodologies for speech enhancing devices are still incomplete and need further improvement, new hands-free technologies require the adaptation of existing testing methodologies and the study of new procedures. There is a need to produce new product-oriented Recommendations including hands-free functions as, mobile, IP, conferencing and audiovisual terminals.
The following major Recommendations, in force at the time of approval of this Question, fall under its responsibility: 

P.50, P.59, P.82, P.330, P.340, P.501, P.502, P.581, G.115

Question

The following items are to be considered within the study of the question, special consideration should be given to VoIP terminals and signal processing used in VoIP:

· What kind of new complex signal processing used in terminals and networks may influence the speech transmission quality and what objective testing methodology can be used?

· What type of test signals and testing techniques are needed for wideband transmission systems?

· What test signals and test setups can be used to simulate noisy environments adequately? 

· What methods are suitable for the objective assessment of background noise transmission and to what extent can the background noise transmission be assessed without making reference to the background noise signal?


· What testing methods/signals can be used to optimize background noise transmission in combination with VAD and comfort noise insertion techniques?

· What testing methods are needed for speech enhancement devices and what are the limits for the different quality determining parameters identified?

· What are the consequences on the speech quality of the combination of speech processing devices implemented in hands-free terminals? What characteristics and limits can apply for these combinations?
· What are the implications of the interaction between terminal signal processing and network signal processing on speech quality?
· How progresses in psycho-acoustic models could be applicable to HATS for the benefit of hands-free terminals testing?
· How can existing and/or new speech quality parameters be combined to a single speech quality representation covering all conversational aspects?

Tasks

The work to be performed should cover the following tasks: 

· Identify and improve/adapt existing objective speech quality testing procedures.

· Identify and study new testing methodologies for background noise transmission quality.

· Define a testing setup to simulate background noise scenarios in a lab environment.

· Evaluate existing and new methods for wideband transmission systems.

· Improve testing methods for speech enhancement devices and identify suitable limits for the different quality parameters.

· Add new testing methodologies/ Improve the existing testing techniques for modern hands-free terminals.

· Study the consequences on the speech quality of the combination of speech processing devices implemented in terminals and networks.

· Study applications to multichannel sound pick up (arrays) and multi channel/Multi device sound reproduction (incl. spatialisation, stereo) and the use of HATS in such situations.

· Study specific test methodologies applicable for hand-held, wearable, lap-top and conference hands-free terminals, and based on the real use context including audiovisual terminals.

· Study and define a methodology for a representation of the overall speech quality for non linear and time variant communication systems taking into account the complete conversational situation.

The work will result in the revision of relevant P-Series Recommendations P.330, P.340, P.501, P.502, P.581. A new P-Series Recommendation P.OQN (objective quality number) will be created.

Relationships

Recommendations:


P.310, P.311, P.313, P.79, G.161, G.168, G.169

Questions: 




3/12, 4/12, 9/12 and 16/16, 18/16

Study Groups: 



SG 16

Standardisation bodies: 
ETSI STQ, TISPAN, TIA, IEEE

Question 7/12 - Methods, tools and test plans for the subjective assessment of speech and audio quality

(Continuation of Question 7/12)

Motivation

The work of this Question will be primarily concerned with improved methods of assessing the subjective impact of time-varying impairments and with the design of laboratory testing of speech/audio/music processing enhanced technologies. These methods and tools apply for both conventional (narrowband), wideband and audio telephony. A Handbook of subjective testing practical procedures was started to be developed during the previous Study Period, limited to speech and noisy-speech testing, and will be complemented with the procedures for testing of audio/music signals. 

Considering the need for standard subjective testing methodologies will continue to exist for the effective assessment of the transmission performance of new digital systems, like speech/music coders (telephony-band and higher quality), or other devices and equipment designed for carrying voice and audiovisual signals, the Question should be mandated to provide the necessary support to produce test/processing plans to execute appropriate subjective tests.

Input could also be provided due to the relevant work in other standards organisations, like ISO/MPEG or fora/consortia like 3GPP and 3GPP2.

The following major Recommendations/Supplements/Handbooks, in force at the time of approval of this Question, fall under its responsibility:

P.85, P.800, P.810, P.830, P.835, P.840, P.851, P.880.

Question

Study items to be considered include, but are not limited to:
· What new Recommendations need to be developed to evaluate new speech/music quality requirements?

· What enhancements to existing Recommendations need to be defined to improve the evaluation of degradations due to codec interoperability aspects, e.g. narrowband-to-wideband codecs?

· What enhancements to existing Recommendations need to be defined to improve the evaluation of encoded speech + environmental noise, or both kinds of signals (separately)?

· What modifications to existing or new Recommendations need to be developed to assess new speech/music digital coding systems, e.g. narrowband/wideband/audio speech and/or music codecs operated over fixed and/or mobile networks (including Internet Multimedia Services)?

· What methods are required for evaluating the subjective performance of active signal processing devices (especially noise cancellation, voice activity detectors, comfort noise generation algorithms/devices)?

· What new or revised subjective assessment methods are required for evaluating the effects of time-varying impairments such as packet loss, and what guidance can be provided for the appropriate provision of sample material for varying degrees of nonstationarity?

· What new test plans are needed to evaluate (subjectively) the above mentioned new requirements for speech/noise/music quality improvement in end-to-end communications over fixed and/or mobile networks?

· What guidance can be provided for collection and post-screening of subjective test results?

· Which Questions within SG 12, and other standardization activities within ITU, require support for subjective testing?

Tasks

Tasks include, but are not limited to:

· Maintenance and enhancement of Recommendations in the P-series with regards to subjective testing methods and of the Handbook on Subjective Testing Procedures. 

Draft new and revised Recommendations P.840, P.835, P.851, P.CONV, P.ASPD, P.VOAD, P.MUS and a Handbook on Subjective Testing Procedures can be produced in the 2005–2008 Study Period: 

Relationships

Recommendations:


P-series, G.700 Series

Questions: 




6/12, 8/12, 9/12, 12/12

Study Groups:



ITU-T SG 9, SG 15, SG 16 and ITU-R SG 8

Standardisation bodies: 
ISO-MPEG, 3GPP, 3GPP2, IETF, ETSI

Question 8/12 - Extension of the E-Model

(Continuation of Question 8/12)

Motivation
Study Group 12 has established a concept of impairment factors which aim at predicting the perceptive effects of different types of degradations on overall speech communication quality, for network planning purposes. The core algorithm related to this concept is the so-called E-model, a computational model for use in transmission planning, see Rec. G.107. This model is now frequently applied to plan traditional, narrow-band and handset-terminated networks, and to an increasing extent also for packet-based networks. Additionally, methodologies have been set up to derive impairment factors for codecs from subjective listening-only tests and from instrumental models (Recs P.833 and P.834).

With respect to the application of the E-model to the planning of modern networks, however, there are still several open questions, which strongly limit the model’s usability. They result from the terminal and transmission characteristics of modern networks, which could not have been taken into account at the time the model was established. In order to guarantee that the achieved concept keeps track with the technological progress in both the transmission system and the terminal equipment areas, it is highly desirable to maintain and update the model. The validity range of the E-model should be extended so that it cannot only be applied to traditional networks, but e.g. to packet-based transmission, wide-band systems, non-handset terminal equipment, and speech processing equipment implemented either in the network or in the user interface, too.

The following major Recommendations, in force at the time of approval of this Question, fall under its responsibility: G.107, P.833, P.834

Question
Study items to be considered include, but are not limited to:
· Which quality issues have to be taken into account when extending the E-model to terminal equipment other than standard handset telephones (e.g. HFTs, headsets)? Which parameters can be used to describe such terminal equipment?

· How can the perceptive effects introduced by speech-processing devices included in the network or in the terminal equipment (e.g. echo cancellers, level control devices, voice activity detectors, noise suppression devices) be covered by the E-model?

· How can strongly time-variant channel characteristics, e.g. due to bursty frame or packet loss, or in a cellular network, be taken into account in the E-model?

· How can the E-model be modified in order to better show the influences of pure delay on interactivity, in contrast to how delay influences overall user opinion? Are two instead of one output values needed for describing these influences?

· Can the E-model be used for conference call situations?

· How can perceptive quality dimensions other than “impairment” be covered, e.g.

· “speech sound quality”, e.g. due to terminal equipment other than handsets, due to transmission bandwidth other than the normal 3.1 kHz band, e.g. wide-band transmission, or due to frequency distortion or non-linear codecs,

· conversational quality features not covered by the current E-model version, e.g. those resulting from the system’s double-talk performance (see Rec. G.108.1).

· Is it possible to extend the E-model to wideband transmission scenarios, or to develop a wideband transmission planning model?

· In how far is the additivity property of different types of impairments on a perceptual scale a valid underlying assumption of the E-model? Which deviations from this assumption are tolerable for network planning purposes? How can interdependencies be integrated into the E-model algorithm?

· What is the influence of user expectation on the overall quality, e.g. for terminal equipment other than handsets, or for computer-operated VoIP services?

· What are the psychological dimensions commonly handled by the term “expectation”? 

· How will user expectation develop with time (cf. Rec. G.113)?

· What are the experiences of the users of the E-model (e.g. the users of the planned ITU-T web interface to the E-model)?

Tasks
Tasks include, but are not limited to:

· Maintenance and enhancement of the E-model described in Rec. G.107 and input to depending Recommendations

· Maintenance of the Recommendations P.833 and P.834 for determining equipment impairment factors

It is anticipated that a new Recommendation on a wideband transmission planning model can be produced in the 2005–2008 Study Period.

Relationships
Recommendations:

G.108, G.108.1, G.109, G.113, G.114, G.131, G.175, P.11, P.562

Questions:



7/12, 9/12, 14/12

Study Groups:


ITU-T SG 15

Standardisation bodies: 
ETSI TC STQ, TIA TR-41, T1A1.

Question 9/12 - Perceptual-based objective methods for voice, audio and visual quality measurements in telecommunication services

(Continuation of Question 9/12)

Motivation

The work of Question 9/12 will be focused on objective methods for evaluating quality parameters in telecommunication scenarios. Primarily, the methods under study should concentrate on user-perceived quality characteristics. Consequently, these methods and algorithms include perceptual approaches. They model results and procedures, which are applicable in subjective tests. So that subjective procedures will get an objective counterpart by using same scaling and basic procedures.

An example for that is the successful standardization of the Recommendation P.862, a perceptual based method, which models objectively Listening Only Tests with Absolute Category Rating for the evaluating of the Listening Speech Quality according to Recommendation P.800.

This Question will extend the objective evaluation of Listening Quality – the main issue up to 
now – to other quality aspects of voice telephony like talking quality and wideband speech. Under consideration of new generation telecommunication services, also other media than speech like music and video should be taken into account. Furthermore, the evaluation of transmitted noise 
–especially after processing by noise suppression systems – should be covered by the work of this Question.

The following Recommendations, in force at the time of approval of this Question, fall under its responsibility:

P.862, P.862.1, P.563

Question

Study items to be considered include, but are not limited to:

· Because the measurements at the acoustical interface of terminals are still an open issue, the continuation of this work is one of the main topics ofthis Question.

· It has to be underlined that the objective assessment of wideband speech is an important point of further investigation.

· An already defined work item in the previous Q.9/12 is the objective assessment of talking quality. Therefore at first a reliable subjective test method has to be established. In a second step, an objective model can be developed.

· In addition to the existing objective models like P.862 or P.563 that are producing single numbers describing the overall quality; a need for additional information about possible quality degradations is requested by the market. These so-called ‘cause-analysis’ approaches should be also a work item of the future work. It has be remarked, that also here different application scenarios has to be served: double ended and single ended measurements.

· Furthermore, the objective assessment of audio signals transmitted over telecommunication links like GSM or VoIP should be investigated.

· The objective rating of the annoyance of noise and residual noise – especially by processing by VQE’s – in voice communications has to be investigated. Here a close relationship to the recently approved subjective method P.835 is given.

· In addition to the voice related topics a request for evaluating of objective video assessment models was registered. This topic should be restricted to typical video applications in telecommunication services. That requires a restriction to low bit rate video coding as well as limited image sizes like used in mobile phones and PDA’s. Here a close partnership to VQEG is established.

Tasks

Tasks include, but are not limited to:

· Maintenance and enhancement of Recommendations in the P-series with regards to objective quality testing methods and perceptual models.

It is anticipated that new Recommendations on objective evaluation of 

· Wideband speech quality

· Talking Quality

· Relationship between objectively assessed Listening Quality and Talking Quality to Conversational Quality 

· Measurements at the acoustical interface of terminals

· Annoyance models for noise in voice communications

· Non-Speech signals in voice-band telecommunication scenarios (e.g. music)

· ‘Cause-Analysis’ approaches for quality degradations

· Evaluation of objective video/multimedia assessment models in close partnership with VQEG 

can be produced in the 2005–2008 Study Period.

Furthermore, it is anticipated to produce application guidelines for existing Recommendations like P.862.

Relationships

Recommendations:


P-series, G.700 Series

Questions:




2, 3, 4, 6, 7, 8, 10, 14/12

Study Groups:



ITU-T SG 9, SG16

Standardization bodies:

Draft revised Question 10/12 - Transmission planning and performance considerations for voiceband, data and multimedia services


(Merging/continuation of Questions 10/12, 12/12 and 14/12)

Motivation

There is a continued need for guidance on general transmission planning and keeping it up with technological evolution. Especially in light of the migration of modern telecommunication networks towards packet-based technologies (NGN), replacing traditional circuit-switched systems, guidance is needed on transmission planning with respect to heterogeneous and interconnected networks.

With NGN the differences between voice (voiceband) services and data services are becoming blurred. For transmission planning with respect to the network performance of services the point of interest is whether the connection will be transparent and what delay will occur. This makes it more important to study the effect of delay on data services/application. For the time being there is no detailed information on this topic or even a planning tool available.

Furthermore due to the migration towards packet-switched networks the functionality and intelligence of the networks is shifting towards the terminal. The impacts of this development on transmission planning need to be studied and specified. Guidance is needed on how voiceband data and multimedia services can be planned reliably in NGN infrastructures.

As IP technology is introduced into the PSTN, attention is being given to the TCP/IP protocol suite for carrying voiceband services (VoIP). This technology will affect the way that operators think about transport and switching (routing) in their networks, and will have a major impact on the range of services that are available to end users. Issues and guidelines for transmission performance necessary to ensure high end-user satisfaction must be reconsidered in light of this shift in the basic technology of speech and voiceband services.

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. Or, 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, and raises the issue of how to ensure a satisfactory level of speech transmission performance through a concatenation of multiple IP domains which may individually deploy different QoS control mechanisms.

The following major Recommendations/Supplements/Handbooks, in force at the time of approval of this Question, fall under its responsibility:

G.101, G,108, G.108.1, G.108.2, G.113, G.114, G.131, G.172, G.1020

Question

Study items to be considered include, but are not limited to:

· Transmission planning rules for voiceband, data and multimedia services taking into account that end-to-end connections are established via heterogeneous and interconnected networks with different transmission technologies.

· Studying the effects of introducing IP technology into the PSTN to carry VoIP

Identification of strategies for avoiding excessive numbers of VoIP islands by deploying equipment and planning routing intelligently

Quantification of the effects of interworking between multiple IP domains on VoIP transmission performance

Identification of fundamental transmission parameters (e.g. packet loss, packet delay variation, echo) relevant to IP-based networks and quantification of the impact on end-to-end transmission quality of these transmission parameters

· Determination how frame slips, random bit errors, and packet loss should be incorporated into the transmission planning process for speech and non-speech signals.

· Studying the effects of the transmission delay on voiceband services including non-speech signals and Push-to-talk over cellular (PoC) applications.

· Studying the effects of conferencing facilities, i.e. multiple way communications, on voice streams, especially on the mixed-mode operation between narrowband (NB) voice streams and voice streams with higher bandwidths.

· Determination of the impairment effect of each new coding algorithm, so that it can be considered in the context of Recommendation G.113.  

· Determination whether G.113 can be enhanced by its extension to include other impairment factors. 

· Recording, study and classification of stationary/non-stationary noise, that may lead to revise noise measures in P.561, and help producing a noise model to be included in the E-Model. 

Tasks

Tasks include, but are not limited to:

· Maintenance and enhancement of Recommendation G.1020 (2007)

· Development of new Rec. G.17x, providing guidance on transmission planning for voiceband services over IP connections (2005)

· Development of new Rec. G.TrIP-Islands, providing guidance on transmission planning for interconnected IP-based networks supporting PSTN and VoIP services (2006)

· Frequent update of Appendix I to G.113

· Revision of G.101, G.113, G.114, G.131, G.172 as needed

· Creation of new Recommendations on transmission planning aspects as needed

Relationships

Recommendations:
G.100-series, G.1000-series, G.170-series

Questions:
2/12, 3/12, 8/12, 14/12

Study Groups:
SG11, SG13, SG15, SG16

Standardisation bodies:
IETF, ETSI STQ, ETSI TISPAN

Question 11/12 - QoS interworking and apportionment of performance parameter values between networks


(Enlarged continuation of Question 11/12)

Motivation

With the increasing industry focus on Next Generation Networks (NGN), there is a need for guidance on the associated end to end QoS and performance issues for multimedia services (e.g. voice, video, and data) carried by NGN's, in order to ensure customer satisfaction. This includes interworking aspects between different networks (e.g. cellular, wireless, wireline) and apportionment of performance parameter values between different network segments.

NGN QoS Interoperability Issues requiring consideration include but are not limited to:
· End to end IP based multimedia services inter-network (cellular/wireless/wireline) interoperability issues, including
· definition of interworking functions
· impacts of interworking functions
· Apportionment
· Static and dynamic apportionment of performance parameter values across networks (cellular, wireless, wireline access and backbone networks)
The following major Recommendation, in force at the time of approval of this Question, falls under its responsibility: G.175

Question

Study items to be considered include, but are not limited to:
-
What guidance can be provided in transmission planning for the interconnection of multiple IP based networks ?

-
What are the main performance parameters in end-to-end IP based networks and how can can the values of performance parameters be apportioned across multiple network segments?

-
How can the cases of multiple concatenated networks be considered, based on a flexible apportionment of transmission impairments in contrary to a rigid partitioning of parameter values ?

-
Which Interworking Functions are required to support interfacing between cellular/wireless/wireline networks sufficient to enable service providers to comply with end to end performance objectives for the QoS classes and to take into consideration the network performance parameters across network sections?

-
From an end to end performance perspective, what impacts will be realized by the incorporation of interworking functions between different networks sections (e.g. cellular, wireless, wireline networks)?

Tasks

Tasks include, but are not limited to:

-
Analysis of end to end QoS aspects of interworking between different network sections (e.g. cellular, wireless, wireline networks).

-
Revisions of ITU-T G-Series Recommendations as may be needed to accommodate end to end QoS interworking between different network sections (e.g. cellular, wireless, wireline networks).

-
Development of new Recommendations specifying interworking functions and methods between different network sections (e.g. cellular, wireless, wireline networks).

-
Development of new Recommendations specifying performance parameter apportionment functions and methods between different network sections (e.g. cellular, wireless, wireline networks).

Relationships

Recommendations:


G.100- and G.1000-series

Questions:




2/12, 10/12, 17/12

Study Groups:



SG 2, SG9, SG 11 SG 13, SG 15, SG 16

Standardisation bodies: 
ETSI STQ, ETSI TISPAN, TIA TR-41, ATIS PRQC, IETF

Question 12/12 - Performance evaluation of services based on speech technology

(New Question)

Motivation
Speech technology devices such as automatic speech recognition, speaker verification, speech synthesis, or spoken dialogue systems, are increasingly used to offer automatic voice-enabled services in wireline and mobile networks. In the past, ITU-T SG 12 has been working on subjective evaluation methods for services relying on such devices, leading to a Recommendation on the subjective evaluation of synthesised speech (P.85), and on the subjective evaluation of services based on spoken dialogue systems (Rec. P.851). Still, subjective evaluation methods are needed which quantify the most important aspects of service quality and usability, taking human factors into account. In addition, the performance of individual speech technology devices used in a service has to be quantified, and their contribution to the overall quality and usability of the service has to be measured. The performance strongly depends on the transmission impairments resulting from the network and the terminal equipment, and on the acoustic situation the service is accessed in (e.g. from a moving car).

It is the aim of this Question to define assessment methods for individual speech technology devices, and to relate their performance to subjective quality judgements obtained using the methods defined in Recommendations P.85 and P.851. As the outcome of this work, it is expected to have new Recommendations on parameters which are related to the quality of such services, and on models which are able to predict overall service quality from these parameters. In particular, the impact of transmission impairments (resulting from the network, the terminal equipment and the acoustic situation) on the performance of speech technology devices and on overall service quality will be studied.

The following major Recommendations, in force at the time of approval of this Question, fall under its responsibility: P.85, P.851.

Question
Study items to be considered include, but are not limited to:
· Which parameters can be used to reliably quantify the performance of speech technology devices in the context of voice-enabled telephone services? How can these parameters be measured?

· Is it possible to determine the quality of synthesised speech in an instrumental way, e.g. using the objective methods developed in Q.9/12 (P.563)?

· What is the influence of transmission impairments encountered in modern networks (non-linear codec distortions, time-variant channel characteristics, circuit and comfort noise, handset/ headset/ HFT characteristics) and in acoustically adverse conditions (e.g. in a moving car) on the performance of speech and speaker recognition devices, and on the quality of synthesised speech?

· How can this influence be described and predicted? Are objective methods and network planning models recommended by the ITU-T able to predict the influence of transmission impairments on recognition performance and synthesised speech quality as well? Are the requirements defined for ensuring a sufficiently high speech communication quality also sufficient to guarantee high recognition accuracy?

· Which quality aspects are important for the users of such services? How can these aspects be quantified with subjective evaluation methods? How far is the user of the service distracted from other tasks (e.g. from driving)?

· How are the subjective quality aspects of the overall service related to the performance of the individual speech technology devices? Is it possible to predict service quality on the basis of measurable parameters?

Tasks
Tasks include, but are not limited to:

· Maintenance and enhancement of the Recommendations defining subjective evaluation methods for synthesised speech (P.85) and for services based on spoken dialogue systems (P.851)

· Set-up of a new Recommendation defining parameters which describe the performance of speech technology devices; first draft expected for 2005

· Set-up of a new Recommendation defining quality prediction models for voice-enabled services; first draft expected for 2006

· Potential set-up of a new Recommendation for subjective usability evaluation of voice-enabled services

It is anticipated that several new Recommendations will be produced in the 2005–2008 Study Period.

Relationships
Recommendations:

P.85, P.851, P.800, P.830, Handbook STP, G.107, P.862

Questions:



4/12, 7/12, 8/12, 9/12, 4/2, E/16

Study Groups:


SG 2, SG 16

Standardisation bodies: 
ETSI STQ-AURORA, ETSI HF, NIST, 3GPP, 3GPP2

Draft revised Question 13/12

QoE/QoS performance requirements and assessment methods for multimedia including IPTV

(Continuation of Question 13/12)

Motivation

A major challenge for emerging IP-based networks is to provide adequate Quality of Experience (QoE) and Quality of Service (QoS) for new multimedia services and applications. As an example, IPTV is a rapidly emerging new multimedia service. A key factor in achieving commercial success for IPTV and also Home Networking Services will be to ensure that end-users will be satisfied with the performance. These services are inherently multi-media, incorporating audio, video, text, graphics, and interactive control functions, and performance requirements and associated measurement methodologies for each of these aspects need to be defined.
The following major Recommendations/Supplements/Handbooks, in force at the time of approval of this Question, fall under its responsibility: 

G.1010, G.1030, G.1040, G.1050

Question

Study items to be considered include, but are not limited to:

· Identify end-user performance expectations and associated metrics for audio, video, text, graphics quality and control functionality

· Define the key performance parameters and values required to satisfy end-user expectations.

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

· Identify simple analysis techniques for estimating end to end performance for multimedia applications

· Identify QoS/QoE monitoring methodologies for multimedia services

· Traffic management considerations (e.g. admission control, priority, etc.)

· Identify methods for reducing the impact of  transport impairments (e.g. packet loss, bit errors)

Tasks

Tasks include, but are not limited to:

· Development of new Recommendations providing guidance on end-user performance expectations for multimedia applications, particularly IPTV and Home Networking Services

· Development of simplified planning models for estimating end to end multimedia performance

· Development of performance monitoring methods for multimedia services

· Development of application layer reliability solutions for multimedia services

Relationships

Recommendations:
G.1000-series

Questions:
2/12, 10/12, 14/12, 15/12, 17/12

Study Groups:
SG9, SG11, SG13, SG15, SG16

Standardisation bodies:
IETF, ETSI STQ, ETSI TISPAN, 3GPP

Question 14/12 - In-service non-intrusive assessment of voice transmission performance

(Continuation of Question 16/12)

Motivation
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).

Time Division Multiplexing (TDM) systems are covered by INMD of classes A, B and C.

As far as packetized systems (and more generally, non linear systems) are concerned, they are currently covered by Class D devices since the last update of existing Recommendations (P.561 and P.562) on INMDs to take into consideration new systems like IP network equipments.

The work on a new recommendation defining a standard model for the assessment of voice transmission quality from protocol analysis information in IP networks (known currently as P.VTQ), started during study period 2001-2004.
The following Recommendations, in force at the time of approval of this Question, fall under its responsibility:

P.56, P.561, P.562

Question
Study items to be considered include, but are not limited to: 

· What changes and/or improvements can be made to ITU-T Recommendations P.561 and P.562?

· How can non-intrusive measurements at the IP layers be implemented and improved, for instance by taking into account new protocols (e.g. RTCP XR)?

· 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 ?

· 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.)?

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

· How are non-intrusive measurements related to intrusive measurements?
· What new standards are needed to address non-intrusive evaluation of quality for other media than voice (video, multimedia)?

· How can talking quality and conversational quality be measured in a non-intrusive way?

Tasks
Tasks include, but are not limited to:
· Updating of Recommendation P.561 (if needed)
· Updating of Recommendation P.562 (if needed, separately or following changes in P.561)

· New Recommendation on derivation of voice transmission quality from non-intrusive IP protocol analysis (P.VTQ)
· New Recommendation on non-intrusive measurement of speech quality including audio parameters

· New Recommendation on non-intrusive evaluation of multimedia quality

Relationships
Recommendations:

G.107, G.115, G.131, P.56, P.561, P.562, P.563

Questions:



8/12, 9/12

Other study groups:

SG 2, SG 9, SG13

Standardisation bodies: 
ETSI (STQ, TISPAN), IETF (IPPM, AVT).

Question 15/12 - QoS and performance coordination

(Continuation of Question 15/12)

Motivation

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. Additionally, even when the end-to-end path is all-IP, there are still many performance issues if demanding applications are to be satisfactorily supported. This Question is intended to provide cross-ITU coordination for the many aspects of Quality-of-Service (QoS); and to foster consistency among ITU-T Study Groups, as well as from other related bodies such as the IETF, so as to advance the interoperability of any QoS solutions. This coordination should be conducted by Study Group 12 as the Lead Study Group on QoS.

The following major Recommendations/Supplements/Handbooks, in force at the time of approval of this Question, fall under its responsibility:  G.1000.

Question

Study items to be considered include, but are not limited to:

· 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 cooperation with bodies such as the IETF, as appropriate.

Tasks

Tasks include, but are not limited to:

· Coordination of QoS-related activities in the ITU-T (ongoing), with the focus on identifying gaps in QoS standardization that present interoperability obstacles to achieving end-to-end QoS.

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

· Make recommendations to TSAG and the TSB, as needed.

· Maintenance and possible revision of Recommendation G.1000

Relationships

Recommendations:
G.1000

Questions:
Any question in the ITU-T that has QoS or performance aspects

Study Groups:
All  ITU-T Study Groups with activities related to QOS.
Standardisation bodies:
IETF, ETSI TISPAN, ATIS, IEEE

Question 16/12 - Broadband and IP-related resource management


(Continuation of Question 4/13)

Motivation

Recommendations I.371, I.378 and Y.1221 describe the present set of ATM layer, ATM Adaptation Layer Type 2, and IP transfer capabilities and related traffic control and congestion control functions. A comparable set of specifications should be developed to provide a basis for traffic contracts and Service Level Agreements (SLAs) in MPLS and Ethernet networks. These specifications should define MPLS and Ethernet transfer capabilities and traffic descriptors with particular emphasis on the traffic aspects of Quality of Service (QoS). Such specifications will be essential to the provision of assured QoS levels in MPLS and Ethernet networks.

Question

Study items to be considered include, but are not limited to:

–
Items related to MPLS and Ethernet
•
What framework should be used in specifying traffic control and congestion control requirements for MPLS and Ethernet traffic?

•
How should the traffic aspects of SLAs for MPLS and Ethernet based services be defined?

•
What specific MPLS and Ethernet transfer capabilities and associated traffic contracts should be defined in SLA statements, for real-time and non-real-time applications?

•
What policy guidelines should be recommended for defining traffic aspects in SLAs for MPLS and Ethernet based services?

•
What resource management and congestion control functions should be specified for MPLS and Ethernet traffic?

•
What traffic engineering methods and tools should be specified for MPLS and Ethernet traffic?

–
Items related to IP
•
What new or revised transfer capabilities and traffic descriptors should be defined for IP-based networks?

•
How should such traffic attributes be specified in SLAs, and in internetwork signalling messages?

•
What traffic engineering methods and tools should be specified for IP traffic?

–
Items related to interworking
•
How can the definitions for particular transfer capabilities be related among interworking technologies (e.g., ATM, IP, MPLS, and Ethernet)?

•
How can the numerical values for particular traffic descriptors be related among interworking technologies?

•
How can end-to-end traffic characteristics be described in hybrid network configurations?

•
What traffic engineering methods and tools can be recommended for resource management and congestion control in hybrid network configurations?

Tasks

Tasks include, but are not limited to:

•
Creation of a new Recommendation on MPLS/Ethernet traffic control and congestion control that defines the notion of MPLS/Ethernet traffic contract, which includes the specification of MPLS/Ethernet transfer capabilities, and clarifies the relationship with MPLS/Ethernet QoS classes. (Deadline: end 2005).

•
Creation of a second release of new Recommendation Y.1221 that includes traffic engineering methods and traffic engineering tools for IP.

•
Creation of a new Recommendation on resource management and traffic control in hybrid network configurations

•
Maintenance and enhancement of Recommendations I.371 and I.178.

Relationships

Recommendations:
I.350 series, I.360 series, I.370 series; Y.1541.

Questions: 
17/12 and 2/13, 4/13

Study Groups:
ITU-T Study Group on traffic engineering (to coordinate the work on traffic aspects and traffic engineering related to the B-ISDN)



ITU-T Study Group on signalling (to identify the requirements of traffic and congestion control functions on the signalling protocols)



ITU-T Study Group on transmission systems (to coordinate work on ATM, IP, MPLS, and Ethernet equipment)

Standardisation bodies fora and consortia:



ITU-R Study Groups (to coordinate work on broadcasting and mobile aspects).



ATM Forum (to coordinate work on traffic aspects related to ATM)



Metro Ethernet Forum (to coordinate work on traffic aspects related to Ethernet)



IETF (to coordinate work on traffic aspects related to IP/MPLS).

Question 17/12 - Performance of IP-based networks


(Continuation of Questions 6/13, 7/13 and part of Question 8/13)

Motivation

As critical communications services increase their reliance on new networking technologies like MPLS, Ethernet over core networks, and NGN, the user-perceived performance of networks is becoming increasingly important. When several network operators work together in providing end-to-end communications, each needs to understand how to achieve the end-to-end performance objectives. Such objectives must be both adequate for the service being offered and feasible based on the available networking technologies.

A framework is needed to guide the development of performance Recommendations for new network capabilities, transmission facilities, and higher layer services/applications (e.g., TCP), including those supported by the emerging and heterogeneous infrastructure. Such a framework is also essential for relating performance Recommendations focused on different protocols or service layers.

Recommendations in force:  I.350, I.353, I.355, Y.800, Y.1540, Y.1541, Y.1560, Y.1561, I.351; I.356, I.357, I.381.
Question

Study items to be considered include, but are not limited to:

–
MPLS network performance
•
How many QoS classes will be required by the services intended for MPLS networks?

•
How will the end-to-end QoS objectives for MPLS-based services be achieved when more than one MPLS network participates in the provision of communications?

•
To what extent will QoS commitments depend on the existence of MPLS (labelled or PHP) traffic contracts that completely specify the characteristics of the offered MPLS traffic?

–
Ethernet network performance
•
Which layer and portion have end-to-end significance in specifying Ethernet performance?

•
What reference events will be available to define performance parameters for Ethernet networks?

•
What performance parameters and statistics should be standardized for such networks?

•
What QoS levels will be needed by the services supported on Ethernet networks?

•
How will the end-to-end QoS objectives for Ethernet-based services be achieved when more than one Ethernet network participates in the provision of communications?

•
To what extent will QoS commitments depend on the existence of Ethernet traffic contracts that completely specify the characteristics of the offered Ethernet traffic?

•
How will QoS commitments of Ethernet networks be verified?

–
IP network performance
•
How will the end-to-end QoS objectives for IP-based services be achieved when more than one IP network participates in the provision of communications?

•
How will users of IP-based services communicate their need for an IP QoS commitment?

•
What additional performance objectives for compressed data (e.g. MPEG video, G.72x codec signals) should be specified in Recommendation Y.1541?

–
ATM cell transfer performance
•
Should Table 2/I.356 be updated to include new QoS classes and updated objectives?

•
How can QoS interworking between networks based on ITU-T Recommendations and networks based on ATM Forum specifications be improved?

•
How should ATM network availability performance objectives be specified?

•
Is there a need for a Recommendation on AAL2 performance and availability to complement the traffic characteristic defined in Recommendation I.378.

–
General and cross-technology performance studies
•
How should the generic measurement points, reference events, communication functions, performance outcomes, and performance parameters defined in ITU-T Recommendations be supplemented to address new network capabilities (e.g. multipoint connections, multi-connection calls, and modification of connection attributes), new access arrangements (e.g. wireless, satellites (including LEOs), HFC, xDSL), and new services/applications (e.g. interactive multimedia communications, personal and terminal mobility, flexible routing and charging, security, Internet access, and virtual private networks)?

•
How should performance Recommendations address communications built on heterogeneous networking technologies?

•
How can the definition or the measurement of delay variation be improved to discriminate between steady-state delay and any gradual or step-wise changes in delay?

•
How can the transmission error and availability objectives specified for SDH be related quantitatively to performance objectives for carried Ethernet services and to packet layer performance observed in IP networks? This is an area of collaboration with Q10/12.

How should the generic measurement points, reference events, communication Tasks

Tasks include, but are not limited to:

•
Draft new Recommendation on MPLS performance parameters.

•
Draft new Recommendation on MPLS performance objectives.

•
Draft New Recommendation on hybrid networks performance.

•
Draft New Recommendation on Ethernet performance.

•
Additions and updates to Recommendations Y.1540, Y.1541 and Y.1560.

•
Updates, as appropriate, to Recommendation I.351/Y.801/Y.1501.

•
Maintenance and updating, as necessary, for Recommendations I.350, I.353 and I.355.

•
Maintenance and updating, as necessary, for Recommendations I.356, I.357 and I.381.

Relationships

Recommendations: 
I.350 series, I.371, I.381, I.610, O.191, G.828, Y.1540, Y.1541, Y.1710 and Y.1711.

Questions: 
10/12, 16/12, 18/12, 19/12 and 5/13, 7/13

Study Groups:
ITU-T Study Group on services and network operations


ITU-T Study Group on measurement and maintenance


ITU-T Study Group on public data networks


ITU-T Study Group on end-to-end transmission performance


ITU-T Study Group on voice and multimedia performance


ITU-R Study Groups on satellite systems and services

Standardisation bodies, fora and consortia:


ITU-R Study Group on radio systems


ATM Forum on performance issues


IETF working groups on performance issues


IEEE 802 LAN/MAN Standards Committee

Question 19/12 - Call processing performance


(Continuation of Question 9/13)
Motivation

Call processing performance parameters, objectives, and allocation methods are needed to support efficient design of networks and to provide guidance to developers of related systems and applications for digital networks, particularly IP-based networks. Implementation of IP applications will require performance specifications for advanced call processing features. When several network operators work together in providing end-to-end communications, each needs to understand how to achieve the end-to-end performance objectives. Such objectives must be both adequate for the service being offered and feasible based on the available networking technologies.

Recommendations in force: I.352, I.354, I.358 and I.359

Question

Study items to be considered include, but are not limited to:
–
IP-based networks
•
What reference models, architectures, and protocols (including media gateway and media gateway control protocols) should be used as a basis for specifying the call processing performance of IP-based networks?

•
How should call processing performance parameters be defined for communications established using the session initiation protocol (SIP)?

•
What call processing performance objectives and QoS classes should be defined to quantify the speed, accuracy and dependability of IP-based networks, including networks providing IP telephony?

•
How should call processing performance be specified for connection-oriented MPLS?

•
How should specified call processing performance values for IP-based networks be related to the type, amount, and quality of network resources being requested?

•
How can the defined call processing parameters be measured?

–
B-ISDN
•
How should the latest broadband capability sets be incorporated with I.358?

•
What values should be recommended for accuracy and dependability parameters of B-ISDN?

•
How should the specified values be related to the type, amount, and quality of network resources being requested?

•
How can the defined B-ISDN call processing parameters be measured?

Tasks

Tasks include, but are not limited to:

•
Revised Recommendation Y.1530

•
Revised Recommendation I.358

•
Revised Recommendation I.359 (if necessary)

•
Revised Recommendation I.352 (if necessary)

•
Revision or withdrawal of Recommendation I.354 (as appropriate).

Relationships

Recommendations:
I.350, I.351, I.353, I.356, I.358, Q-series Recommendations defining layer 3 call processing protocols.

Questions: 
17/12

Study Groups:
ITU-T Study Group on services and network operations



ITU-T Study Group on cable networks


ITU-T Study Group on switching and signalling



ITU-T Study Group on multimedia services



ITU-T Study Group on data networks



ITU-R Study Group on satellite systems

Standardisation bodies fora and consortia:



ITU-R



ATM Forum




IETF

Question 20/12 – Objective assessment of conversational speech quality in networks
(new question)
Motivation
The telecommunications industry is working to adopt more flexible infrastructure to control costs and facilitate the introduction of new services. Examples are next generation IP networks (NGN) and 3G mobile networks – both of which exhibit time-varying performance. Measures that predict user-experience are useful in monitoring and managing time-varying performance and help to facilitate the rollout, efficient operation and effective service management of such networks. 

The industry is already benefiting from recent and proposed ITU-T recommendations for objective speech listening-quality assessment. However, typical communications involve interactive, two-way, conversations. IP and mobile networks can be particularly deleterious to interactive applications, including voice conversation; for example due to increased delay, which in turn will increase the probability of double-talk and increase the perceptibility of echo.

There is therefore an immediate need for a real-time, or near real-time, conversational speech quality assessment method. Such a method could combine ‘conversational’ impairments, such as level, echo and delay, together with ‘listening quality’ measures to provide an assessment of the overall (conversational) quality perceived by the user at either end of the connection.

It is also envisaged that such a method could use the outputs from existing objective listening quality models (e.g. P.862, P.563, together with information on ‘conversational’ network measures (such as those in P.561) to assess the overall conversational quality perceived by the users.

It is envisaged that such a method would be developed collaboratively. 

Question
Study items to be considered include, but are not limited to: 

· What existing models and measures could be used as inputs to the new method?

· What are the critical components of conversational speech quality

· What existing parametric and psychophysical models, or components thereof, could be used as building blocks for the new real-time method?

· What subjective test methods should method validation be based on?

· How can listening quality and conversational parameters be combined to assess overall perception of conversational quality?

· What subjective test data is needed to develop the new method?

· What additional considerations are relevant for wideband speech applications?

Tasks
Tasks include, but are not limited to:
· Define the scope of P.CQO, which will combine multiple objective measurements to provide an assessment of the perceived conversational speech quality in networks
· Review existing methods and models, and identify missing components

· Define inputs and outputs of P.CQO

· Identification of relevant subjective test methodologies (in co-operation with Q.7/12)
· Identification of existing subjective test data

· Collection of new subjective test data

· Development of new Recommendation P.CQO on assessment of conversational speech quality

· Ensure consistency with development of P.OQN (Q.6/12)

Relationships
Recommendations:

P.340, P.561, P.562, P.563, P.800, P.800.1, P.831, P.832, P.834, P.862, G.107, G.108

Questions:



2, 6, 7, 8, 9, 10, 11, 13, 14, 17/12
Other study groups:

SG2, SG 9, SG 16

Standardisation bodies: 
ETSI STQ, IETF

_____________
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