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	Approval of revised Questions 3/12, 10/12 and 13/12


Dear Sir/Madam,

1.  At the request of the Chairman of Study Group 12, Performance and Quality of Service, I have the honour to inform you that, in accordance with the procedure described in Resolution 1, Section 7, § 7.2.2, of  WTSA (Florianópolis, 2004), Member States and Sector Members present at the last meeting of this Study Group which was held in Geneva from 2 to 11 October 2007, agreed by reaching consensus to approve the following revised Questions:

Question 3/12 – 
Speech transmission characteristics of speech terminals for fixed circuit-switched, mobile and packet-switched (IP) networks (Annex 1)

Question 10/12 – 
Transmission planning and performance considerations for voiceband, data and multimedia services (Annex 2)

Question 13/12 – 
QoE/QoS performance requirements and assessment methods for multimedia including IPTV (Annex 3)

2.  Questions 3, 10 and 13/12 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)

Revised Question 3/12 - Speech transmission characteristics of speech terminals for fixed circuit-switched, mobile and packet-switched (IP) networks

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 enhancements 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 wideband 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 wideband 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 wideband 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
Standardisation bodies: IEEE, VDA, TIA, 3GPP, ETSI

Annex 2
(to TSB Circular 171)

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

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

Annex 3
(to TSB Circular 171)

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

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
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