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-
To the Director of the Radiocommunication Bureau


	Subject:

	Approval of revised Questions 11 and 13/12 and new Question 18/12


Dear Sir/Madam,

1
At the request of the Chairman of Study Group 12, Performance, QoS and QoE, I have the honour to inform you that, in accordance with the procedure described in Resolution 1, Section 7, § 7.2.2, of WTSA (Johannesburg, 2008), Member States and Sector Members present at the last meeting of this Study Group which was held in Geneva from 18 to 27 January 2011, agreed by reaching consensus to approve the following revised and new Questions:

Question 11/12 –  Transmission planning, interworking and traffic management for networks supporting  voice, data and multimedia services (see Annex 1)

Question 13/12 –  QoE, QoS and performance requirements and assessment methods for multimedia including IPTV (see Annex 2)

Question 18/12 –  Conferencing and telemeeting assessment (see Annex 3)
2
Questions 11, 13 and 18/12 are therefore approved.

3
The resulting Recommendations are assumed to fall under the Alternative approval process (AAP).

Yours faithfully,


Malcolm Johnson
Director of the Telecommunication
Standardization Bureau

Annexes: 
3
ANNEX 1
(to TSB Circular 171)

Text of revised Question 11/12
Question 11/12 – Transmission planning, interworking and traffic management for networks supporting  voice, data and multimedia services

(Merger of Questions 10/12 and 11/12)

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 the increasing industry focus on Next Generation Networks (NGN), there is a need for guidance on the associated end-to-end QoS, performance and resource management 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 packet-based technologies (including IP, ATM, Ethernet and MPLS), as well as apportionment of performance objectives between different network segments.

Performance interworking issues requiring consideration include but are not limited to:

End to end multimedia performance interworking and interoperability issues, including 

· definition of interworking functions

· impacts of interworking functions

· Apportionment

· Static and dynamic apportionment of performance objectives across networks and technologies

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 following Recommendations, in force at the time of approval of this Question, fall under its responsibility:
G.101, G.102, G.103, G.105, G.108, G.108.1, G.108.2, G.109, G.111, G.113, G.114, G.115, G.116, G.117, G.120, G.121, G,122, G.126, G.131, G.136, G.142, G.172, G.173, G.174, G.175, G.176, G.177, P.11, I.352, I.354, I.358, I.359, I.371, I.378, Y.1221, Y.1222, Y.1223, Y.1530, Y.1531, Y.1542
Question

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

· Transmission planning for voice, 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 the transmission delay on services including multimedia.

· What guidance can be provided in transmission planning for the interconnection of evolving Networks?

· What are the main performance parameters in end-to-end communication paths and how 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 addition to a rigid partitioning of parameter values?

· What are the interworking requirements necessary 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?

· What new or revised transfer capabilities and traffic descriptors should be defined for packet-based networks?

· What traffic engineering methods and tools should be specified for packet-based traffic?

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

· What reference models and parameters should be used as a basis for specifying and measuring the call processing performance of IP-based networks?

· Studying the effects in cases of service handover in order to elaborate transmission planning guidelines and performance considerations (like e.g. allowable packet loss and handover latency during handover).

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

· Considerations on how to help measure and mitigate climate change.

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 the performance of interworking 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).

· Update of Recommendations Y.1221 and Y.1222 to include traffic engineering methods and traffic engineering tools for IP and Ethernet traffic.
· Creation of a new Recommendation on resource management and traffic control in hybrid network configurations.

· Frequent update of Appendix I to G.113.

· Creation of a new Recommendation, providing guidance on transmission planning and performance for service handover.

· Creation of new Recommendations on transmission planning aspects as needed.

An up-to-date status of work under this Question is contained in the SG 12 Work Programme http://www.itu.int/ITU-T/workprog/wp_search.aspx?isn_sp=545&isn_sg=551
Relationships

Recommendations: G.100 – G.149, G.170-series, G.1000-series, I.350 series, I.360 series, I.370 series; Y.1541. I.350, I.351, I.353, I.356, I.358, Q-series Recommendations defining layer 3 call processing protocols.

Questions:, 3/12, 8/12, 12/12, 13/12, 14/12, 17/12

Study Groups: ITU-T SG 9, SG 11 SG 13, SG 15, SG 16

Standardization bodies: ETSI STQ, ETSI TISPAN, ATIS PRQC, IETF, Broadband Forum, MEF

ANNEX 2
(to TSB Circular 171)

Text of revised Question 13/12
Question 13/12 – QoE, QoS and performance requirements and assessment methods for multimedia including IPTV
(Merger of Questions 2/12 and 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, in force at the time of approval of this Question, fall under its responsibility:

G.1010, G.1030, G.1040, G.1050, G.1070, G.1080, G.1081, G.1082, Y.1562, P.1010
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

· Identify sets of KPIs and QoS metrics for different services and investigate the relationship with QoE

· Investigate techniques and methods to perform complex data processing and to make consistent and significant decisions for quality management and assurance
· Multimedia performance considerations for IP gateways
· Considerations on how to help measure and mitigate climate change.

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 Network

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

· Development of new Recommendations providing guidance on performance monitoring methods for multimedia applications, particularly IPTV and Home Network

· Development of new Recommendations on framework of quality management and assurance

· Development of new Recommendations providing guidance on QoE evaluation/measurement

· Revisions of Recommendations G.1010, G.1030, G.1040, G.1050, G.1070, G.1080, G.1081, G.1082, Y.1562 and P.1010 as necessary

An up-to-date status of work under this Question is contained in the SG 12 Work Programme http://www.itu.int/ITU-T/workprog/wp_search.aspx?isn_sp=545&isn_sg=551
Relationships
Recommendations: G.1000-series, Y.1000-series, P.310, P.311, P.340, P.342, P.501, P.502
Questions: 3/12, 6/12, 8/12, 9/12, 10/12, 11/12, 14/12, 15/12, 17/12, 20/12

Study Groups: ITU-T SG 9, SG 11, SG 13, SG 15, SG 16

Standardization bodies: IETF, ETSI STQ, ETSI TISPAN, 3GPP, TIA TR-41, T1A1
ANNEX 3
(to TSB Circular 171)

Text of new Question 18/12
Question 18/12: Conferencing and telemeeting assessment

Motivation 

In today’s society, audio and audio-visual telemeetings and audio- and video-conferences are gaining in importance. The term telemeeting is used here instead of teleconference to emphasize that a meeting is often more flexible and interactive than a business conference. Such meetings are more and more common also in private usage scenarios, e.g. when families communicate over large distances.

If the perceived quality is good enough, such telemeetings can be used as a complement to face-to-face meetings, and travel time and cost can be reduced. In spite of the increased use of telemeeting systems, there is currently no standardized method to evaluate telemeeting quality, or to efficiently plan and lay out such telemeetings. Hence, there is a need to develop an agreed upon way of quantifying the perceptual quality of multi-party services that are conversational and interactive. 
Telephony has traditionally been a point-to-point service, but a meeting is often a multipoint communication, where the participants can use different types of equipment to connect to the (virtual or real) meeting space, e.g. by fixed phone, mobile phone, PC, or videoconferencing equipment. To obtain a good evaluation of the telemeeting quality, the quality perceived by all participants in a conference needs to be assessed. 

There are standardized subjective test methods for several components used in a telemeeting, such as speech, audio and video codecs, characterized by bit rate (fixed or variable), frame rate, resolution, noise cancellation, background noise, and synchronization and transmission impairments. Some recommendations on how to assess the interaction between these factors are available, too. In a telemeeting context, however, these factors need to be assessed in the light of multiple users connected via possibly asymmetric links.
Question

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

· How can the subjective quality of multiparty audio and audiovisual telemeetings be evaluated?
· What performance criteria play a role when it comes to the assessment of audiovisual telemeetings?
· What is the quality impact of the different ways of connecting to a conference?

· What is the quality impact of multiple users connected to the telemeeting from one single-location?

· What is the quality impact of multiple users connected to the service from multiple locations? 
· What is the quality impact when the users are connected via links of highly different quality?

· What aspects of communication performance need to be addressed when it comes to multimodal, multiparty interaction across links with limited resources for one or both modalities, or delay?
· How can different quality aspects related with conferencing and telemeeting quality be quantified, and how can their relative importance for the whole telemeeting quality be assessed with standardized evaluation methods? 

· How do telemeeting assessment methods scale with the number of participants? 

· Which additional performance criteria need to be assessed, especially when it comes to business meetings in a group-collaboration context?

· How can spatial sound and video be evaluated in a telemeeting (via headphone- or loudspeaker reproduction, with problems such as the microphone placement, echo-cancellation, camera adjustment, lighting conditions, etc.)?

· What are the relative roles of the transmission, the conference bridge or server, and the terminal equipment being employed on quality perception, also with regard to the metaphor the user has of the service?
· What is the additional impact of data media such as presentation slides on user perception?
Tasks 

Tasks include, but are not limited to:

· Recommendation on how to subjectively quantify the quality of audio and audiovisual multiparty telemeetings, where the participants can have different types of connections to the meeting.

· New recommendation on how the quality impact of separate components in a telemeeting that have been tested separately can be weighted together to give an overall telemeeting quality value (long term goal).

· Recommendation on how to evaluate spatial audio meetings. The methods should be applicable to listening through both headphones and loudspeakers. 
· New recommendation on how different delays for different participants affect the meeting quality. Suitable test tasks for evaluation methods of interactive multiparty audio and audiovisual telemeetings are needed.

· Recommendation on the use of auditory and visual cues for high-quality telemeetings in different application contexts such as business and private meetings (including, for example, aspects such as eye-contact and other visual cues, e.g. in the light of technical characteristics such as screen sizes).

· Recommendation on the planning of telemeeting services of different overall quality requirements.

An up-to-date status of work under this Question is contained in the SG 12 Work Programme http://www.itu.int/ITU-T/workprog/wp_search.aspx?isn_sp=545&isn_sg=551
Relationships
Recommendations: P-series, G-Series

Questions: 6/12, 7/12, 8/12, 9/12, 14/12, 15/12
Study Groups: ITU-T SG 9 (Special effort will be taken to coordinate with SG 9 to avoid duplication of effort with respect to their Question 12/9.), ITU-T SG 16, ITU-R SG 6C

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

Other groups: VQEG
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