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7.4
Executive Summary

Since TSG-SA#30, TSG-SA WG4 (SA4) has met once on 13-17 February, 2006 (at SA4#38).
Release 6 
TR 26.946 (“MBMS User Service Guidelines”) has been finalised and is presented for approval. 
Several correction CRs have been agreed and are presented for approval. These are to TSs 26.103, 26.140, 26.141, 26.234, 26.273, 26.274, 26.304, 26.346, 26.406 and 26.410, and to TR 26.936. 

Release 7 

Video Codec Performance Requirements 

Further discussions on the content of the output TR took place. SA4 agreed as a working assumption that the TR shall at least comprise uncompressed video sequences, error free coded video bit streams, erasure prone video bit streams, and an informative textual description of a decoder operation reacting to an error free and erasure prone streams. Currently, there is no more certainty than before that a reference source code (of any video codec) would be included into the TR and hence this cannot be assumed. An initial draft version of the TR was prepared. In the draft TR the informative performance requirements are given separately for three service scenarios: messaging like, packet switched conversational like and (tbd) broadcast/multicast like. 
Performance Characterization of VoIMS over HSDPA/EUL Channels 

No input documents were received at SA4#38. The work is pending on information from RAN1 and RAN2 on relevant RABs and typical error-delay profiles to be used for the characterization work in SA4. 
Combinational Services: Stage 3 for Codec Aspects
This WI was 100% completed already at SA#30.

Dynamic and Interactive Multimedia Scene (DIMS)
As scheduled, the list of candidates to be considered was closed at SA4#38 based on proposals received: LASeR (Lightweight Application Scene Representation), MORE (The Mobile Open Rich Media Environment), and SAF (Simple Aggregation Format). These were analysed against DIMS technical requirements; the finalisation of the analysis is expected at SA4#39 in May. A set of selection criterias for DIMS was debated and a working assumption version was prepared. This is expected to be finalised at SA4#39 in time for the selection. Communication with relevant SDOs (OMA BAC-MAE, MPEG, W3C SVG) was continued. A two day ad-hoc meeting on DIMS will take place still before SA4#39, to progress the work and, if possible, make a recommendation to SA4 which solution to choose (at SA4#39) or to identify a path to form a solution based on the proposals. 

3G-324M Video Telephony Call Setup Times Improvements 
SA4#37 (November 2005) agreed to wait for ITU-T Q.1/16 decision between various proposed algorithms for video call setup improvements since the same algorithms had been presented and discussed also in ITU-T Q.1/16. ITU-T Q.1/16 now informed SA4#38 that it has selected the FastMedia proposal as the single solution. However, if serious and uncorrectable problems are identified with FastMedia, ITU-T Q.1/16 plans to approve a “backup” solution Call Accelerated Negotiation (CAN). ITU-T Q.1/16 is expected to be in the position to "consent" the FastMedia solution at next ITU-T SG16 meeting in April 2006. During SA4#38 some debate on the proposed algorithms took place. Some concerns on FastMedia raised during the discussion and technical responses to them were noted. Aligned to the agreement at SA4#37, SA4 is awaiting for algorithm selection to take place in ITU-T. In the case that FastMedia is selected by SG 16, SA4 will then define at least one FastMedia configuration appropriate for 3GPP service.
Optimizations for Multimedia Telephony over IMS
TR 26.914 on “Multimedia Telephony over IMS; Optimization opportunities” has been finalised and is presented for approval. The TR identifies opportunities for optimization of service quality and efficiency of Multimedia telephony over IP. The TR specifies a set of optimisation areas and recommends work to be performed on the identified optimisation areas. SA4 also sees that there is need to create a new TS for defining media handling an interaction for IMS Multimedia Telephony client in order to ensure consistent, interoperable and predictable performance. This resulted in a new WID to be proposed from SA4 on “IMS Multimedia Telephony; media handling and interaction” and also in some revisions to the “Optimizations for Multimedia Telephony over IMS” WID (Tdoc SP-050431).
Characterisation of Adaptive Jitter Management Performance for VoIP Services 
Adaptive jitter management algorithms were debated and a skeleton of the output TR was prepared. Test conditions for the characterization tests were also discussed. The TR will contain methodology for assessing quality of jitter management algorithms with two reference algorithms foreseen to be characterized as part of the TR; a simple fixed jitter buffer algorithm and a more elaborated adaptive algorithm. No definitions of the specific reference algorithms for the TR were made yet. 
End-to-End Multimedia Services Performance Metrics

No contributions were received for this work item (launched at SA#29) for a second consecutive SA4 meeting.
MBMS User Service Extensions
Working assumptions for the new work (WID approved at SA#30) were discussed and defined. These consider extending the MBMS User Service and allowing the provision of MBMS User Service on existing UMTS bearers with interactive and/or streaming traffic classes (i.e. unicast bearers) without affecting MBMS Release 6 UEs.
Change requests (Rel-7)
Two Rel-7 only CRs to TSs 25.235 and 26.236 (and one Rel-7 mirror CR to TS 26.141) are presented for approval.
Proposed New Work Items

A new Rel-7 WID on “IMS Multimedia Telephony; media handling and interaction” is presented for approval. The objective is to specify media handling and interaction for a basic IMS multimedia telephony service (covering conversational speech, video and text) to obtain consistent, interoperable and predictable performance. 
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1.
General issues

This document presents the status report of TSG-SA WG4 (SA4) at TSG-SA#31. 
Annex A of this report shows the current completion-% and expected output specifications for each SA4 Rel-7 Work Item.
Annex B contains a reply LS from SA4#38 to SA1 and SA2 on “quality of service for voice handover”. This is included here for additional information since SA4 got action from SA#30 to “discuss the service interruption issue further in order to provide the acceptable interruption which can be tolerated by the Codecs”. 
Slides presentation of the SA4 status report is included in Annex C “SP-060003 Annex C - Slides presentation.ppt” (attached into the zip-file of this report).
1.1
Officials

There are no changes in the SA4 officials. The officials are: 

Chairman:
Kari Järvinen (Nokia, ETSI)

Vice-Chairpersons: 
Catherine Quinquis (Orange SA, ETSI) and Frédéric Gabin (NEC Technologies UK, ETSI)
Secretary:
Paolo Usai (3GPP Support)

SWG Chairmen: 
PSM (Packet Switched Multimedia)
Frédéric Gabin (NEC Technologies UK, ETSI) 

SQ (Speech Quality) 
Paolo Usai (ETSI)

Ad-hoc group Chairmen: 
Video Codec Ad-Hoc
Thomas Stockhammer (BenQ Mobile GmbH)
The 2 year period of the current SA4 chairman will end at SA4#39, and SA4 chairman election is scheduled for the SA4#39 meeting. 
1.2
Meetings

Since SA#30 SA4 has met once on 13-17 February 2006 (SA4#38). 
Meetings held (since SA#30):
SA4#38

13 - 17 February 2006

Host: France Telecom; Venue: Rennes, France
Calendar of future meetings:

SA4 DIMS ad-hoc
11 - 12 April 2006
Host: Ericsson; Venue: Kista, Sweden

SA4#39

15 - 19 May 2006
Host: North American Friends of 3GPP; Venue: Dallas, USA
SA4#40

28 August - 1 September 2006
Host: ETSI; Venue: Sophia Antipolis, France
SA4#41

6 - 10 November 2006
Host: European Friends of 3GPP; Venue: Athens, Greece
During SA4#38, all SA4 SWGs and ad-hoc groups met. Table 1 gives overall statistics from SA4#38 (including also statistics from some previous SA4 meetings for comparison). 
Table 1: Statistics from SA4#38 (and from some past SA4 meetings for comparison)
	Meeting
	Number of  (new) input documents
	Number of participants
	Number of incoming LSs
	Number of outgoing LSs/communications

	SA4#33
	265
	55
	32
	14 

	SA4#34
	254
	52
	22
	12

	SA4#35
	192
	48
	17
	12

	SA4#36
	235
	56
	21
	14

	SA4#37
	187
	49
	21
	13

	SA4#38
	171
	49
	12
	10


1.3 
Input documents from SA4 to TSG-SA#30
For Rel-6, one new TR is bought for approval (TR 26.946: "Multimedia Broadcast/Multicast Service; MBMS User Service Guidelines"). In addition, several Rel-6 CRs are brought for approval.

For Rel-7, one new TR (TR 26.914: "Multimedia Telephony over IMS; Optimization opportunities”) and one new WID (“IMS Multimedia Telephony; media handling and interaction”) are bought for approval. In addition, approval is asked for a revised WID ("IMS Multimedia Telephony; media handling and interaction") and for several CRs.
Table 2 gives a complete list of input documents from SA4 to TSG-SA#31.
Table 2: List of input documents from SA4 to TSG SA#31
	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-060003
	TSG S4 Status Report at TSG-SA#31
	SA WG4 Chairman
	7.4
	Information

	SP-060004
	3GPP TR 26.946: "Multimedia Broadcast/Multicast Service; MBMS User Service Guidelines" Version 2.0.0 (Release 6)
	SA WG4
	9.17
	Approval

	SP-060005
	3GPP TR 26.914: "Multimedia Telephony over IMS; Optimization opportunities" Version 2.0.0 (Release 7)
	SA WG4
	10.32
	Approval

	SP-060006
	New WID on "IMS Multimedia Telephony; media handling and interaction" (Release 7)
	SA WG4
	10.40
	Approval

	SP-060007
	Revised WID (SP-050431) "Optimizations for Multimedia Telephony over IMS" (Release 7) 
	SA WG4
	10.32
	Approval

	SP-060008
	CR TS 26.103 0037 "3G-324.M2 Codec for Indication of Network-Initiated Service Change" (Release 6)
	SA WG4
	9.34
	Approval

	SP-060009
	CRs TS 26.140 & TS 26.141 on "Addition of a reference to TR 26.936" (Release 6 and Release 7)
	SA WG4
	9.29 
	Approval

	SP-060010
	CRs TS 26.234 on "Corrections and updates to specification for (Extended) PSS" (Release 6)
	SA WG4
	9.29
	Approval

	SP-060011
	CRs TS 26.235 & TS 26.236 on "Update of a RFC on real time text" (Release 7)
	SA WG4
	10.38
	Approval

	SP-060012
	CRs TS 26.273, TS 26.274 & TS 26.304 on "Corrections to Extended AMR-WB codec (AMR-WB+) specifications" (Release 6)
	SA WG4
	9.26
	Approval

	SP-060013
	CRs TS 26.406 & TS 26.410 on "Corrections to Enhanced aacPlus codec specifications" (Release 6)
	SA WG4
	9.29
	Approval

	SP-060014
	CRs TS 26.346 on "Corrections and updates to specification for MBMS" (Release 6)
	SA WG4
	9.17
	Approval

	SP-060015
	CR TR 26.936 0001 rev 1 on "Clean-up of TR 26.936" (Release 6)
	SA WG4
	9.29
	Approval


2.
Release 5 and Earlier Features
There are no issues in Rel-5 features or in earlier features. 

3.
Release 6 Features
After SA#30, one Rel-6 TR still remained to be finalised: TR 26.946 (“MBMS User Service Guidelines”). This has now been completed and is brought for approval in Tdoc SP-060004. Also, several Rel-6 correction CRs (Category F) have been agreed and are brought for approval.
3.1
TR 26.946 “MBMS User Service Guidelines”
This TR gives informative guidelines for the use of the MBMS User Service. A draft version of the TR was presented for information at SA#29. 
The TR contains useful information to network operators, service providers and manufacturers on MBMS User Service. The objective is to provide an overview of the MBMS User Service, and describe how the MBMS User Service solutions fit into the MBMS Bearer Service. The TR describes the usage of the two delivery methods (streaming and download) defined in TS 26.346 (“Multimedia Broadcast/Multicast Service (MBMS); Protocols and codecs”). 

The clauses of the TR cover the following topics: overview of the MBMS User Service (phasing model, MBMS functional layers, system overview), user service procedures (user service discovery/announcement, user service initiation/termination procedure, session start/stop, data transmission, post-delivery procedures), delivery methods (download delivery method, streaming delivery method), usage scenarios (service discovery/announcement, MBMS streaming delivery method) and codecs and formats.
The main updates over the version presented for information at SA#29 are:

· At SA4#37: Descriptions of MBMS download delivery use-cases and usage of the MBMS session identity in file download sessions were progressed. 
· At SA4#38: Several clauses including those on File Repair procedure, Repair Symbol Request and Choosing the SDU size were completed. Also, Annex A on MBMS Forward Error Correction (FEC) performance was included into the TR. This annex provides details of the performance of the MBMS FEC code based on the past extensive candidate FEC algorithm evaluations. Also, updated FLUTE RFC was included (as reference) into the TR. 
There are no outstanding or contentious issues.

3.2 
Change Requests (Rel-6 CRs and corresponding mirror CRs to Rel-7) 
Correction Rel-6 CRs (Category F) have been agreed on Extended AMR-WB codec to TSs 26.273, 26.274 and 26.304; on Enhanced aacPlus codec to TSs 26.406 and 26.410; on characterisation of audio codecs to TR 26.936; on PSS corrections and updates to TS 26.234; on addition of a reference (pointing to TR 26.936) to TSs 26.140 and 26.141; on corrections and updates to MBMS User Service to TS 26.346; and on indication of network-initiated service change to TS 26.103.
Tdoc SP-060008 contains correction to TS 26.103 (Speech codec list for GSM and UMTS) on "3G-324.M2 Codec for Indication of Network-Initiated Service Change" (Release 6): 
	Spec
	CR
	Rev
	Release
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26.103
	0037
	
	Rel-6
	3G-324.M2 Codec for Indication of Network-Initiated Service Change
	F
	6.1.0
	S4
	TSG-SA WG4#38
	S4-060062


The above CR is related to SCUDF work. Currently, the network lacks the capability requested by SA1 (in LS C3-050460 received by CT3 from SA1) to apply appropriate charging scheme in case the service change is initiated by the network in the context of a fallback. The CR was presented in SA4 as a company contribution to correct the issue as a response to SA1 request (expressed in the above mentioned LS to CT3). In the CR, a new 3G-324.M2 codec is introduced that shall be used only for a network-initiated service change from speech to multimedia.
Tdoc SP-060009 contains corrections to TS 26.140 (Multimedia Messaging Service (MMS); Media formats and codes) and TS 26.141 (IP Multimedia System (IMS) Messaging and Presence; Media formats and codecs) on "Addition of a reference to TR 26.936" (to Release 6, and a respective Release 7 Category A “mirror CR” for TS 26.141):
	Spec
	CR
	Rev
	Release
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26.140
	0012
	1
	Rel-6
	Addition of a reference to TR 26.936
	F
	6.2.0
	S4
	TSG-SA WG4#38
	S4-060137

	26.141
	0004
	1
	Rel-6
	Addition of a reference to TR 26.936
	F
	6.2.0
	S4
	TSG-SA WG4#38
	S4-060138

	26.141
	0005
	1
	Rel-7
	Addition of a reference to TR 26.936
	A
	7.0.0
	S4
	TSG-SA WG4#38
	S4-060139


Tdoc SP-060010 contains corrections to TS 26.234 (Transparent end-to-end Packet-switched Streaming Service (PSS); Protocols and codecs) on "Corrections and updates to specification for (Extended) PSS" (Release 6):
	Spec
	CR
	Rev
	Release
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26.234
	0090
	1
	Rel-6
	Clarification on the Use of Target-Time in 3GPP Adaptation Header
	F
	6.6.0
	S4
	TSG-SA WG4#38
	S4-060135

	26.234
	0092
	
	Rel-6
	Correction of references and PSS capability vocabulary
	F
	6.6.0
	S4
	TSG-SA WG4#38
	S4-060069

	26.234
	0093
	1
	Rel-6
	Addition of a reference to TR 26.936
	F
	6.6.0
	S4
	TSG-SA WG4#38
	S4-060136

	26.234
	0094
	
	Rel-6
	Correction of SDP attribute definition for asset information
	F
	6.6.0
	S4
	TSG-SA WG4#38
	S4-060167


Tdoc SP-060012 contains corrections to TS 26.273 (ANSI-C code for the fixed-point AMR-WB+ codec), TS 26.274 (Speech codec speech processing functions; AMR-WB+ codec; Conformance testing) and TS 26.304 (AMR-WB+ codec; Floating-point ANSI-C code) on "Corrections to Extended AMR-WB codec (AMR-WB+) specifications " (Release 6):
	Spec
	CR
	Rev
	Release
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26.273
	0014
	
	Rel-6
	Correction to end-of-file logic and  initialisation in AMR-WB modes
	F
	6.3.0
	S4
	TSG-SA WG4#38
	S4-060017

	26.273
	0015
	
	Rel-6
	Correction to unnecessary look ahead in encoder
	F
	6.3.0
	S4
	TSG-SA WG4#38
	S4-060018

	26.273
	0016
	
	Rel-6
	Correction to memory initialization and memory overwrite when switching between AMR-WB and AMR-WB+ modes
	F
	6.3.0
	S4
	TSG-SA WG4#38
	S4-060019

	26.304
	0036
	
	Rel-6
	Correction to end-of-file logic and  initialisation in AMR-WB modes
	F
	6.4.0
	S4
	TSG-SA WG4#38
	S4-060020

	26.304
	0037
	
	Rel-6
	Correction to unnecessary look ahead in encoder
	F
	6.4.0
	S4
	TSG-SA WG4#38
	S4-060021

	26.304
	0038
	
	Rel-6
	Correction to memory initialization and memory overwrite when switching between AMR-WB and AMR-WB+ modes
	F
	6.4.0
	S4
	TSG-SA WG4#38
	S4-060022

	26.304
	0039
	
	Rel-6
	Correction to VC 6.0 compilation warnings
	F
	6.4.0
	S4
	TSG-SA WG4#38
	S4-060023

	26.274
	0003
	
	Rel-6
	Update of test vectors in consequence of CR 0015 to 26.273 and CR 0037 to 26.304
	F
	6.2.0
	S4
	TSG-SA WG4#38
	S4-060141


Tdoc SP-060013 contains corrections to TS 26.406 (General audio codec audio processing functions; Enhanced aacPlus general audio codec; Conformance testing) and TS 26.410 (General audio codec audio processing functions; Enhanced aacPlus general audio codec; Floating-point ANSI-C code) on "Corrections to Enhanced aacPlus codec specifications" (Release 6):
	Spec
	CR
	Rev
	Release
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26.406
	0002
	
	Rel-6
	Correction to Enhanced aacPlus Decoder conformance: replacement of one test-vector
	F
	6.1.0
	S4
	TSG-SA WG4#38
	S4-060034

	26.410
	0031
	
	Rel-6
	Correction to C-code: encoder switch is wrong
	F
	6.5.0
	S4
	TSG-SA WG4#38
	S4-060070


Tdoc SP-060014 contains corrections to TS 26.346 (Multimedia Broadcast/Multicast Service (MBMS); Protocols and codecs) on "Corrections and updates to specification for MBMS" (Release 6):

	Spec
	CR
	Rev
	Release
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26.346
	0041
	
	Rel-6
	Sender Current Time (SCT) and Expected Residual Time (ERT) Header Fields
	F
	6.3.0
	S4
	TSG-SA WG4#38
	S4-060058

	26.346
	0042
	
	Rel-6
	FEC-OTI-FEC-Instance-ID support in MBMS
	F
	6.3.0
	S4
	TSG-SA WG4#38
	S4-060059

	26.346
	0043
	2
	Rel-6
	Update of AMR-WB+ RFC reference
	F
	6.3.0
	S4
	TSG-SA WG4#38
	S4-060107

	26.346
	0045
	1
	Rel-6
	Handling several Response Codes in one response message
	F
	6.3.0
	S4
	TSG-SA WG4#38
	S4-060114

	26.346
	0046
	1
	Rel-6
	Addition of a reference to TR 26.936
	F
	6.3.0
	S4
	TSG-SA WG4#38
	S4-060140


Tdoc SP-050015 contains corrections to TR 26.936 (Performance characterization of 3GPP audio codecs) on "Clean-up of TR 26.936" (Release 6):
	Spec
	CR
	Rev
	Release
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26.936
	0001
	1
	Rel-6
	Clean-up of TR 26.936
	F
	6.0.1
	S4
	TSG-SA WG4#38
	S4-060158


 A discussion paper and a related CR on possible correction to AMR VAD (Voice Activity Detection) Option 1 was presented for information at SA4#38. Companies were requested to further investigate the issue. This CR intends to prevent the VAD to generate any unnecessary high voice activity for certain types of background noise conditions. There was consensus in SA4 that any spectrum efficiency benefit should not sacrifice quality. (To verify this would require the use of subjective tests following the same methodology as used at the time the VAD algorithms were specified.)
4. 
Release 7 Features

4.1
Video Codec Performance Requirements 
This WI targets for preparing improved specifications of video codecs for use in 3GPP PS services. The output TR is planned to contain informative minimum performance requirements (with possibly informative reference codec software implementations if such are made available for the work). 

The structure and content of the output TR (Video Codec Performance Requirements) were continued to be discussed at SA4#38. It was agreed as a working assumption that the TR shall at least comprise uncompressed video sequences, error free coded video bit streams, erasure prone video bit streams (both bit streams in an appropriate packet format to be defined), and an informative textual description of a decoder operation reacting to an error free and erasure prone streams (in the above packet format). This is not an exclusive list and the TR may contain other content also. 
Currently, there is no more certainty than before that a reference source code of any video codec would be included into the TR and hence this cannot be assumed and is not included into the current working assumption. 
An initial draft version of the output TR was prepared at SA4#38. The main content in the draft TR is on the following aspects:

· Service scenarios and metrics 
· Explains the test cases and basic metrics for three service scenarios: a) messaging like (with UE based video encoders; any standard compliant decoder yields identical results), b) PS conversational like (UE based video encoding and decoding with low latency requirements) and c) broadcast/multicast like. (Inclusion of the broadcast/multicast scenario is tbd based on need.)
· Test case definitions and performance figures 

· Defines representative test cases for each service scenario. Contains a listing, in the form of tables, of the minimum performance requirements of video codecs for each of the scenarios. 
· Performance requirements generation
· Gives supplementary information on how the performance requirements were generated
· Informative Annex A describes how to use the information in the TR for performance assessment of video encoders and/or decoders. (This annex is included in the initial draft although it assumes the availability of reference video encoder and decoder implementation.)
4.2
Performance Characterization of VoIMS over HSDPA/EUL Channels 

For this work item, SA4 has prepared earlier an internal working document covering draft test plan and description of the needed simulators. There were no input contributions at SA4#38. The work is currently pending on information from RAN1 and RAN2 on definition of relevant RABs and on typical error-delay profiles to be used for the characterization work within SA4. (These have been requested by LS from RAN1 and RAN2 and are being considered in these RAN WGs.) 
4.3
Combinational Services: Stage 3 for Codec Aspects

This SA4 work became 100% completed at SA#30. At SA#30, requirements (to ensure interoperability of media types and formats) were included (through a CR from SA1) into the CSI Stage 1, and information of these requirements was included (through CRs from SA4) into TSs 26.141 (IP Multimedia System (IMS) Messaging and Presence; Media formats and codecs) and 26.235 (Packet switched conversational multimedia applications; Default codecs). 
4.4 Dynamic and Interactive Multimedia Scene (DIMS)
This WI covers specification of the dynamic and interactive multimedia scene for PSS, MMS and MBMS. The objective of the work is to produce a specification for multimedia scene management including: 1) scene format and scene definition, 2) container and delivery formats including both file and stream formats, 3) the compatibility with, integration of, and building upon existing media types and formats in 3GPP specifications, 4) management of user interactivity, 5) incrementally updated scenes and animations, 6) integration with capabilities for secure/encrypted delivery, and 7) efficient use of the bandwidth of the radio network.

4.4.1 Candidate algorithms and overall progress

As scheduled, the list of candidates was closed at SA4#38 based on proposals received. No new proposals were received since SA4#37 (November). The (now closed) list of candidates for DIMS that intend to address one or more DIMS scope areas is: 

· LASeR (Lightweight Application Scene Representation)   
· SAF (Simple Aggregation Format)  
· MORE (The Mobile Open Rich Media Environment)  
These proposals were analysed against the DIMS technical requirements (approved at SA4#37). A point-by-point analysis of the candidates against the requirements was prepared at SA4#38, but it is not yet finalised. The analysis is expected to be completed by SA4#39 (May), with further information still needed on the candidates. LASeR and SAF have been specified by MPEG and are described in ISO/IEC 14496-20 specification. MORE is based on W3C, OMA, 3GPP and IETF technologies combined into the MORE proposal. 
Selection criteria for DIMS algorithms was debated and working assumption version was prepared. Also this is expected to be finalised at SA4#39 to guide the selection between the proposals (scheduled to take place at SA4#39). The working assumption version of selection criteria contains requirements for: 
· Fit with existing specifications - covers aspects such as: compatibility with existing 3GPP technologies (e.g. SVG Mobile 1.2 and 3GP file format), re-usability of existing architectural components, architecture (ability of the proposal to interface with different components of Rich Media client architecture), conformance with mobile SVG specifications, industry acceptance (the solution should be easily acceptable by other SDOs and industry fora)
· Specification status - covers aspects such as: stability (of the solution and specifications), extensibility (ensure the specification is extensible in future without breaking the interoperability of the content), richness (expressive and functional capabilities of the proposed solution) 

· Network issues - covers aspects such as: bandwidth usage and compression, error robustness, bearer adaptation (content preparation should be independent of transport bearers)

· Implementation - covers aspects such as: evidence of implementation (proving claims made and the maturity of the specifications), terminal resource requirements
· Deployment issues - covers aspects such as: ease of authoring, ease of dynamic content generation (ability to generate content dynamically) 

· User interface issues - covers aspects such as: latency and responsiveness, synchronization, adaptability (over a variety of user input devices)

4.4.2 Communication with relevant external groups
Discussion with relevant SDOs was continued through LSs.
MPEG provided information on ISO/IEC 14496-20 (LASeR and SAF) and this was included into the analysis of the candidates for DIMS at SA4#38. W3C SVG WG provided comments on LASeR v1 with SVG Tiny 1.1, where their initial analysis had noted some incompatibilities. 3GPP2 TSG-C provided information to SA4 on related work in 3GPP2.  
OMA BAC-MAE had reviewed DIMS technical requirements (sent from SA4#37) and explained to SA4 that OMA will consider, in their RME (Rich Media Environment) work, the DIMS technical requirements applicable to RME. OMA BAC-MAE requested to be informed on future progress of the DIMS work; technology candidates received, any selection decision and status of DIMS specifications. OMA BAC-MAE also provided feedback to the earlier discussion about work split between OMA BAC-MAE and SA4. OMA BAC-MAE had noted that overlap currently exists in the definition of a solution for the presentation format for scene and dynamic updates. This OMA rather sees belonging to OMA scope rather than for 3GPP SA4; OMA specifies network agnostic aspects of application domain and 3GPP/3GPP2 should in OMA BAC-MAE’s view be focused on for network dependant parts of their respective networks. 
SA4 responded to MPEG, W3C SVG WG and OMA BAC-MAE giving them information of the DIMS work status, progress and schedule in SA4. SA4 asked some further information on LASeR from MPEG, and asked W3C to communicate directly to MPEG on any potential incompatibilities to LASeR to explore and resolve them. 
On the work split between SA4 DIMS work and OMA BAC-MAE RME work, SA4 acknowledges the fact that both SA4 DIMS and OMA RME work are trying to achieve similar goals at a high-level and that there appears to be some overlap in the scope of certain specific components such as handling of the presentation format. However, SA4 is not yet in a position to identify such subtle details until the detailed component-based architecture of rich media environment is understood in detail. Nevertheless, SA4 is confident that SA4 and OMA BAC-MAE will be able to harmonize the specifications as we move forward. SA4 also acknowledges that the OMA RME specification and not the SA4 DIMS output specification will address the network agnostic application level requirements (defined in the DIMS technical requirements). To gain better understanding of the functional elements involved in the DIMS and RME work, SA4 prepared and sent to OMA SA4’s initial view of high-level functional and logical flows between the DIMS functional elements. 

4.4.3 Schedule
A two day ad-hoc meeting on DIMS will take place still before SA4#39, to progress the work and, if possible, to make a recommendation to SA4 which solution to choose or to identify path to form unique solution based on the proposals.
The planned schedule from SA4#38 onwards is given below:


SA4 DIMS adhoc#1 on 11-12 April 2006:
· Review of technology landscape relevant to the SA4 scope
· Review the candidate proposals against the requirements
· Prepare recommendation to SA4#39 to select, or identify the path to, SA4’s intended solution

· Develop architectural aspects (identify the multimedia scene functional elements and data flows between these)

SA4#39 on 15 -19 May 2006: 

· Select, or identify the path to, SA4’s intended solution

· Develop architectural aspects 

· Draft stage 3 specification


SA4 DIMS adhoc#2 on June/July 2006 – TBD:
· tbd


SA4#40 on 28 August -1 September 2006: 
· Approve stage 3 v1.0.0 to be presented at SA#33 for information

SA4#41 on 6 -10 November 2006 : 

· Approve stage 3 v2.0.0 to be presented at SA#34 for approval
4.5
3G-324M Video Telephony Call Setup Times Improvements

ITU-T WNSRP (Windowed Numbered Simple Retransmission Protocol) was agreed by SA4#36 as a recommended protocol to shorten the call setup time, and a CR on this was approved at SA#29. At SA4#37, further protocol improvements were discussed: Fast Session Setup (FSS), Inferred Session Setup (ISS) and FastMedia. (A fourth algorithm, Automatic Connection Negotiation (ACN), was presented already at SA4#36.) SA4#37 agreed to wait for ITU-T Q.1/16 decision between various proposed algorithms for video call setup improvements (since the same algorithms had been presented and discussed also in ITU-T Q.1/16 or were expected to be presented there).

ITU-T SG16 informed SA4#38 that it had selected the FastMedia proposal as the single solution. However, if serious and uncorrectible problems are identified with FastMedia, ITU-T Q.1/16 plans to approve a “backup” solution Call Accelerated Negotiation (which is based on the merged ISS and ACN proposals). ITU-T SG 16 will be in the position to "consent" FastMedia at its next meeting in April 2006. In the case that FastMedia is selected by SG 16, ITU-T Q.1/16 suggested that either SA4 defines at least one FastMedia configuration appropriate for 3GPP services, or delegates this definition to another interested SDO.

Some further debate on the proposed algorithms took place at SA4#38. Some concerns on FastMedia raised during the discussion and technical responses to them were noted. As SA4 has deferred the selection to take place in ITU-T, no further selection discussion took place in SA4. Aligned to the agreement at SA4#37, SA4 is now awaiting for the selection to take place in ITU-T, and will then based on the outcome define configurations appropriate for 3GPP. 
SA4#38 responded to ITU-T (through company input contribution to ITU-T) expressing satisfaction that ITU-T is progressing in the selection between the proposed call setup time improvement methods and explained  that in the case that FastMedia is selected by SG 16, SA4 will then define at least one FastMedia configuration appropriate for 3GPP service.

4.6
Optimizations for Multimedia Telephony over IMS
TR 26.914 on “Multimedia Telephony over IMS; Optimization opportunities” has been finalised and is presented for approval in Tdoc SP-060005. 

The TR identifies opportunities for optimization of service quality and efficiency of multimedia telephony over IP in a qualitative sense; and provides the basis for developing a set of optional backward-compatible tools implementing such optimizations.

A draft version of the TR was presented for information at SA#30. The identified areas of optimisations remain the same and are listed in the below: 
· Delay jitter handling

· Packet-loss handling

· Handling of inter-working with CS

· Handling of inter-working between UTRAN and GERAN

· Inter-media synchronization

· SDU segmentation in UTRAN/GERAN

· Rate Adaptation

· Packetization Overheads

· End-2-End Signalling

The updates into the TR since SA#30 are rather minor; the descriptions of some optimisation areas have been improved and the description of background for the optimisation work elaborated. Also editorial cleaning has been done. There are no outstanding or contentious issues.
The main new part in the TR are the recommendations given (under Clause 8): 
· to perform work addressing the identified optimisation areas; 

· to create a new Rel-7 TS to cover IMS Multimedia Telephony client for supporting conversational speech, video and text with the scope to deliver a user experience comparable to that of CS conversational services using similar amount of resources.
As a consequence of the second recommendation, a new Work Item is proposed at SA#31. Furthermore, due to the new proposed WID (targeting for creating a unique TS to define media handling an interaction for IMS Multimedia Telephony client) some output specifications of the “Optimizations for Multimedia Telephony over IMS“ WID were not seen needed anymore to be produced. Hence, a revised WID (revision of Tdoc SP-050431) is brought for approval. (See more on these in Section 5.)
4.7
Characterisation of Adaptive Jitter Management Performance for VoIP Services
This WI is a building block of the above feature level WI on “Optimizations for Multimedia Telephony over IMS” and is specifically targeted for characterisation of adaptive jitter management performance.
Test conditions for the characterization tests (e.g., background noise types and levels, delay conditions, radio channel types, target frame loss rates) were discussed and an updated document was prepared on the current assumptions. Also some algorithms for jitter management were debated.
An initial skeleton draft of the TR was prepared. The TR will contain methodology for assessing quality of jitter management algorithms with two reference algorithms foreseen to be characterized within the TR; a simple fixed jitter buffer algorithm and a more elaborated adaptive jitter buffer algorithm. There were yet no decisions on which specific algorithms would be included into the TR, or how elaborated adaptive jitter buffer algorithm is needed to be included for the purpose of the characterization TR (as the methodology to be described in the TR enables characterizing any algorithm).
4.8
End-to-End Multimedia Services Performance Metrics

This WI targets to provide operators, service providers and device providers with a universal method and some systematic metrics to characterize the end-to-end performance of multimedia services. 

No contributions were received for this work item (launched at SA#29) for a second consecutive SA4 meeting. 
4.9
MBMS User Service Extensions
The intention of this WI (approved at SA#30) is to provide MBMS Rel-7 extensions that provide backward compatibility to MBMS Rel-6 terminals: 1) MBMS User Service optimizations (whenever the gain justifies the changes), 2) enhanced services such as interactive services while consuming an MBMS stream and protecting the network against possible overload situations due to these enhanced services, 3) usage of interactive and streaming bearers for MBMS user service delivery (including bearer independent procedure), and 4) alignment with OMA BCAST where appropriate.
Working assumptions for this new work were discussed and defined. These consider extending the MBMS User Service and allowing the provision of MBMS User Service on existing UMTS bearers with interactive and/or streaming traffic classes (i.e. unicast bearers) without affecting MBMS Release 6 UEs.
Two use-cases to put MBMS User Service on unicast bearers were identified: 1) roaming where visited network does not offer MBMS Bearer Service capabilities (or there is no MBMS roaming agreement in place between the home and the visited network), and 2) being out of MBMS Service Area support. 

The following was agreed during PSM SWG at SA4#38 as working assumption for the MBMS User Service extension work:

· MBMS User Service description XML schemas shall be extended in a backward compatible way to describe MBMS Release 7 extensions. (Release 7 specific elements and attributes are ignored by MBMS Release 6 XML parsers.)
· In case of an IP unicast (not OTA - Wireless Session Protocol), the UE must propagate the allocated resource to the BM-SC (e.g. reception port). 

· MBMS Streaming delivery method is mapped on PSS in case of unicast. 

· If the MBMS User Service consists of only MBMS download delivery methods, it is mapped on OMA-PUSH (OTA - Wireless Session Protocol).   
· If the MBMS User Service consists of a mixture between Streaming and Download delivery methods, the streaming delivery method is mapped on PSS and the download delivery method is FLUTE on unicast. 
4.10 SA4 guidance on service interruptions during handovers for AIPN/SAE/LTE work
During SA4#37, SA4 received a on LS “Quality of service for voice handover” from SA1. In this LS SA1 requests a quantitative analysis of the acceptable interruption time for voice service handover. SA4#37 felt no answer on the issue was readily available. Hence, companies were invited to study this issue so that SA4#38 would be in a better position to reply. 
The issue was also raised at SA#30 with action given to SA4 (extract from SA#30 draft report v007): “The service interruption issue should be further discussed by SA WG4 in order to provide the acceptable interruption which can be tolerated by the Codecs. The SA WG4 Chairman welcomed input to the SA WG4 meetings, to provide interruption figures so that the tolerance to this can be analysed. This was agreed as the way forward.” 
SA4#38 discussed the SA1 request (and considered also the SAE timeplan in Tdoc S2-060546 from SA2#50) with the current knowledge and with the need to respond already from SA4#38. (There were no further input contributions to SA4#38 on this topic.) 
SA4 agreed on guidelines on the issue and the main points are summmarised below. (The full response from SA4 to SA1 and SA2 is given in LS Tdoc S4-060168 attached into this report as Annex B.)  
· First, SA4 notes that for many years many companies and SDOs (e.g. ITU) attempted to define recommended maximum voice handover interruption times. These attempts were not successful so far. Therefore SA4 doesn’t feel to be in a position to specify firm requirement. However SA4 understand that guidance is needed by SA1 and SA2. 

· The ability for speech decoders to handle missing or erroneous frames is described as Bad Frame Handling (BFH). BFH algorithms in implementations can be proprietary and therefore their performances are not specified. However it is reasonable to expect that BFH implementations perform at least as well as the examples specified. Speech interruptions in the order of 20 or 40 ms can be rendered virtually inaudible provided that they are sufficiently infrequent. 
· Proper BFH handling may not be possible in case the interruption comes along with a decoder re-initialization, which is the case when the decoder is changed after the handover (which is assumed  to be the case during handovers between CS voice services over GERAN radio/UTRA and PS voice services (VoIP) over EUTRA).

· The effect resulting from interruptions is highly dependent on the content being decoded (whether it occurs during silence or active speech, and further on the specific part of speech) and also on the content of the discussion (critical tasks such as exchanging phone numbers or using banking services will suffer easily).
· Taking the above into account, the following guidelines can be drawn:
· Interruption times at the application layer should be minimized as much as realistically possible;

· Interruptions should be as infrequent as possible;

· The average Frame Erasure Rate seen by the decoder during a call should be less than 1% taking into account the handover interruptions;

· It is not possible to set a maximum recommended limit to the interruption time. However, outside silence periods:

· Loosing 80 ms of speech will most probably affect intelligibility;

· Loosing 20 ms of speech, if not properly concealed by BFH, may affect short syllables and affect intelligibility in critical content (e.g. digits);

· Loosing from 40 to 80 ms of speech may affect syllables or even short words.

4.11
 Change Requests
Tdoc SP-0600011 contains correction CRs to TS 26.235 (Packet switched conversational multimedia applications; Default codecs) and TS 26.236 (Packet switched conversational multimedia applications; Transport protocols) on "Update of a RFC on real time text" (Release 7):
	Spec
	CR
	Rev
	Release
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26.235
	0015
	2
	Rel-7
	Update of a RFC on real time text
	F
	7.0.0
	S4
	TSG-SA WG4#38
	S4-060142

	26.236
	0019
	2
	Rel-7
	Update of a RFC on real time text and DSR codec
	F
	6.4.0
	S4
	TSG-SA WG4#38
	S4-060143


In additon one Rel-7 “mirror CR” (category A) is presented to TS 26.141 (IP Multimedia System (IMS) Messaging and Presence; Media formats and codecs) on "Addition of a reference to TR 26.936" in Tdoc SP-060009. (See Section 3.2 for details.) 
5.
Work Item Descriptions
5.1 
Proposed New Work Item: IMS Multimedia Telephony; media handling and interaction (Rel-7)
A new WID on "IMS Multimedia Telephony; media handling and interaction” (Rel-7) is presented for approval in Tdoc SP-060006.
IMS Multimedia Telephony will include a packet-switched version of CS conversational services. In order for such services to be successful, they must be able to deliver a comparable experience using roughly the same resources as the CS equivalent. This means that the services must be well specified and interoperable. Also, a well standardized consistent terminal behaviour is important for the operator to enable tuning of the network with full control over the end users’ experience. 
The target of the work is to specify media handling and interaction for a basic PS multimedia telephony service supporting conversational speech, video and text. The goal is to ensure this basic Rel-7 service to have consistent, interoperable and predictable performance. To fulfil this goal it is necessary to specify the media handling and behaviour (delay jitter handling, packet loss handling and concealment, interoperability with CS/UTRAN/GERAN, inter-media synchronization, echo and noise cancelling, rate adaptation, media related end-2-end signalling etc). 

The output of the work will be a new TS “IMS Multimedia Telephony; media handling and interaction” and probably also CRs to TS 26.235 and TS 26.236. 

5.2 Revised Work Item: Optimizations for Multimedia Telephony over IMS (Rel-7)
Due to the proposed new work on "IMS Multimedia Telephony; media handling and interaction”, SA4 felt that some of the output specifications expected as output of “Optimizations for Multimedia Telephony over IMS” WI are not needed to be produced. These are: TS on “Toolbox of optimisation means for Multimedia telephony over IMS” and TR on “Quantification of gain of toolbox for optimization for Multimedia telephony over IMS” (and also related CRs to TSs 26.235 and 26.236). Hence, the WID (Tdoc SP-050431) has been revised to remove these specifications as expected output.

Note that this WI has a building block WI “Characterisation of Adaptive Jitter Management Performance for VoIP Services” that aims at producing TR on “Quantification of Jitter Management Algorithms for VoIP Services” and the revision has no impact to this work. (Upon approval of the revised WID, the output of the feature  “Optimizations for Multimedia Telephony over IMS“ will consist of only two TRs.)
TS addressing the areas of optimization opportunities identified in TR 26.914 is to be produced from under the new proposed WID on “IMS Multimedia Telephony; media handling and interaction”. (See section 5.1.) 
The revised WID is brought for approval in Tdoc SP-060007.
6. 
Communication with other WGs / TSGs / external groups

Table 3 gives a complete list of the LSs sent out (to other 3GPP WGs/TSGs and 3GPP external groups) after TSG SA#30.   

Table 3: SA4 LSs sent out since TSG SA#30
	Tdoc no.
	Title
	Intended for
	Copy to

	TD S4-060122
	LS on " End-to-End Multimedia Services Performance Metrics"
	ETSI STQ Mobile
	

	TD S4-060130
	Communication / LS on 3GPP audio codec performance
	ITU-R SG6/WP 6A, ITU-T SG 16 Q.23, DVB-H TM AVC, ISO/IEC JTC1/SC29/WG11, OMA BCAST, OMA MMSG
	

	TD S4-060131
	Communication on "Requirements for Multimedia Convergence Codec"
	ITU-T SG 16
	

	TD S4-060148
	Reply LS on Reference RAB Configurations for MBMS
	TSG RAN WG2, TSG RAN WG5
	TSG RAN WG4

	TD S4-060149
	Reply LS on Handling several status codes in one response message
	TSG SA WG3
	

	TD S4-060155
	Reply to Liaison Statement from MPEG(N7963, S4-060005) on LASeR
	ISO/IEC/JTC1/SC29/WG11 (MPEG)
	

	TD S4-060162
	Communication on video telephony call setup time
	ITU-T SG 16 Q1/16
	

	TD S4-060166
	Reply to Liaison Statement (S4-060077) from OMA BAC-MAE on DIMS/RME
	OMA BAC-MAE
	

	TD S4-060156
	Reply LS on SVG Mobile 1.2 and DIMS
	W3C SVG WG
	

	TD S4-060168
	LS on "voice call interruption time requirements for EUTRA to/from GSM CS Handover"
	TSG SA WG1,

TSG SA WG2
	


The main issues in the LSs are: 
· Tdoc S4-060122
ETSI STQ mobile requested SA4 to refer to ETSI TS 102 250 (QoS aspects for popular services in GSM and 3G networks; Part 2: Definition of Quality of Service parameters and their computation) and to the definitions there in the SA4 work on “End-to-End Multimedia Services Performance Metrics”. SA4 replied back agreeing with the request.
· Tdoc S4-060130*
SA4 informs the recipient groups about the recently standardized 3GPP Rel-6 audio codecs Extended AMR-WB (AMR-WB+) and Enhanced aacPlus.

· Tdoc S4-060131*
SA4 responds to ITU-T SG16 on their request for feedback on Requirements for Multimedia Convergence Codec. Currently there is no activity or work item within 3GPP SA4 that would aim for progress such topic. SA4 notes that the same design parameters would not necessarily apply similarly to codecs that are standardized within 3GPP. E.g. from the SA4 point of view the main requirement for multimedia codecs to be used for PSS, MMS or MBMS services is the most advanced compression efficiency at best possible audio quality. The performance should not be sacrificed for features such as lowest latency, fine grain scalability or a narrow restriction on computational complexity.
· Tdoc S4-060148
SA4 responds to RAN2 for their LS on Reference RAB Configurations for MBMS and gives feedback to the RAN2 RAB proposals.
· Tdoc S4-060149
SA4 replies to SA3 for their LS on “handling several status codes in one response message”. SA3 asked SA4 to align the SA4 MBMS specification according to the SA3 agreed functionality. SA4 has reviewed the SA3 CR and implemented the requested functionality in Rel-6 CR to TS 26.346 (in Tdoc S4-060114 presented for approval at SA#31 in Tdoc SP-060014).  
· Tdoc S4-060155
SA4 informs MPEG on the progress and schedules of SA4 DIMS work and informs MPEG that ISO/IEC 14496-20 (LASeR & SAF) is considered as candidate algorithm in this work.
· Tdoc S4-060162*
SA4 replies to ITU-T Q.1/16 for their liaison statement  on “Call Setup time improvement methods for H.324”. 3GPP SA4 is pleased to hear that the ITU-T has progressed its work to reach a conditional decision to select FastMedia as a solution for call setup time barring any serious or non-correctible problems that may be identified. In the event of FastMedia being selected by ITU-T, SA4 will define appropriate FastMedia configuration(s) as appropriate. SA4 requires a video telephony call setup time solution for inclusion in the 3GPP Rel-7 specifications. SA4 kindly request the ITU-T to inform 3GPP SA4 of progress in this area and of the decisions made.
· Tdoc S4-060166
SA4 explains to OMA BAC-MAE the progress and schedules of SA4 DIMS work. SA4 acknowledges the fact that both SA4 DIMS and OMA RME work are trying to achieve similar goals at a high-level and that there appears to be some overlap in the scope of certain specific components such as handling of the presentation format. Unfortunately, SA4 is not yet in a position to identify such subtle details until a detailed component-based architecture is understood. Nevertheless, SA4 is confident that we will be able to harmonize our specifications as we move forward and continue to learn the architectural components that are involved in the rich media system. 
· Tdoc S4-060156
SA4 explains to W3C SVG WG the progress and schedules of SA4 DIMS work. SA4 asks W3C SVG WG to continue to keep SA4 informed regularly on the progress of SVG Mobile 1.2 specification along with a detailed publication schedule. SA4 would like to be kept informed of the review and resolution of any potential LASeR vs. SVG incompatibilities (by W3C and MPEG). 

· Tdoc S4-060168
SA4 responds to SA1 and SA2 on quality impact due to handovers. See details in Section 4.10.
*) To be delivered to ITU-T as company contributions; the content endorsed by 3GPP SA4 at SA4#38 meeting. 
7. Documents presented for information 
	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-060003
	TSG S4 Status Report at TSG-SA#31
	SA WG4 Chairman
	7.4
	Information


8.
Documents presented for approval 

8.1 Release 6

8.1.1
New specifications 
	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-060004
	3GPP TR 26.946: "Multimedia Broadcast/Multicast Service; MBMS User Service Guidelines" Version 2.0.0 (Release 6)
	SA WG4
	9.17
	Approval


8.1.2
Change Requests
	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-060008
	CR TS 26.103 0037 "3G-324.M2 Codec for Indication of Network-Initiated Service Change" (Release 6)
	SA WG4
	9.34
	Approval

	SP-060009
	CRs TS 26.140 & TS 26.141 on "Addition of a reference to TR 26.936" (Release 6 and Release 7)
	SA WG4
	9.29 
	Approval

	SP-060010
	CRs TS 26.234 on "Corrections and updates to specification for (Extended) PSS" (Release 6)
	SA WG4
	9.29
	Approval

	SP-060012
	CRs TS 26.273, TS 26.274 & TS 26.304 on "Corrections to Extended AMR-WB codec (AMR-WB+) specifications" (Release 6)
	SA WG4
	9.26
	Approval

	SP-060013
	CRs TS 26.406 & TS 26.410 on "Corrections to Enhanced aacPlus codec specifications" (Release 6)
	SA WG4
	9.29
	Approval

	SP-060014
	CRs TS 26.346 on "Corrections and updates to specification for MBMS" (Release 6)
	SA WG4
	9.17
	Approval

	SP-060015
	CR TR 26.936 0001 rev 1 on "Clean-up of TR 26.936" (Release 6)
	SA WG4
	9.29
	Approval


8.2 
Release 7

8.2.1
New specifications 
	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-060005
	3GPP TR 26.914: "Multimedia Telephony over IMS; Optimization opportunities" Version 2.0.0 (Release 7)
	SA WG4
	10.32
	Approval


8.2.2
Work Item Descriptions
	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-060006
	New WID on "IMS Multimedia Telephony; media handling and interaction" (Release 7)
	SA WG4
	10.40
	Approval

	SP-060007
	Revised WID (SP-050431) "Optimizations for Multimedia Telephony over IMS" (Release 7) 
	SA WG4
	10.32
	Approval


8.2.3
Change Requests
	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-060011
	CRs TS 26.235 & TS 26.236 on "Update of a RFC on real time text" (Release 7)
	SA WG4
	10.38
	Approval
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 Annex A: 
Status of SA4 Rel-7 work: completion-% and expected output specifications for each SA4 Rel-7 WI
	Video Codec Performance Requirements (50% completed)

	Spec No.
	Title
	Prime rsp. WG
	2ndary rsp. WG(s)
	Presented for information at plenary#
	Approved at plenary#
	Comments [in WID]
	Comments 

(by SA4 Chairman)

	tbd
	
	
	
	March 2006
	
	
	At SA4#36, the output spec was defined to be a TR. 

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	 
	

	Affected existing specifications
	

	26.234
	CR
	PSS service
	Approved at plenary#
	Comments
	

	26.235
	
	PSC service
	
	
	

	26.140
	
	MMS service
	
	
	

	26.346
	
	MBMS service
	
	
	

	26.234
	
	PSS service
	
	
	


	Performance Characterization of VoIMS over HSDPA/EUL channels (10% completed)

	Spec No.
	Title
	Prime rsp. WG
	2ndary rsp. WG(s)
	Presented for information at plenary#
	Approved at plenary#
	Comments [in WID]
	Comments 

(by SA4 Chairman)

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	 
	

	Affected existing specifications
	

	Spec No.
	CR
	Subject
	Approved at plenary#
	Comments
	

	TR 26.935
	
	Packet Switched (PS) conversational multimedia applications; Performance characterization of default codecs
	SP-24
	
	

	
	
	
	
	
	

	
	
	
	
	
	


	Combinational Services: Stage 3 for codec aspects (100% completed)

	Spec No.
	Title
	Prime rsp. WG
	2ndary rsp. WG(s)
	Presented for information at plenary#
	Approved at plenary#
	Comments [in WID]
	Comments 

(by SA4 Chairman)

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	 
	

	Affected existing specifications
	

	Spec No.
	CR
	Subject
	Approved at plenary#
	Comments
	

	TS 26.141
	
	
	SA#28
	IMS messaging operation and codecs with CS calls
	Approved at SA#30

	TS 26.235
	
	
	SA#28
	IMS streaming operation and codecs with CS calls
	Approved at SA#30

	TS 26.236
	
	
	SA#28
	IMS streaming transport with CS calls
	No changes needed

	
	
	Others t.b.d.
	
	
	No changes needed


	Dynamic and interactive multimedia scenes (DIMS) (35% completed)

	Spec No.
	Title
	Prime rsp. WG
	2ndary rsp. WG(s)
	Presented for information at plenary#
	Approved at plenary#
	Comments [in WID]
	Comments 

(by SA4 Chairman)

	tbd
	
	S4
	S1
	SA#29
	SA#30
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	 
	

	Affected existing specifications
	

	Spec No.
	CR
	Subject
	Approved at plenary#
	Comments
	

	26.234
	
	Transparent end-to-end Packet-switched Streaming Service (PSS); Protocols and codecs
	SA#30
	
	

	26.140
	
	Multimedia Messaging Service (MMS); Media formats and codes
	SA#30
	
	

	26.346
	
	Multimedia Broadcast/Multicast Service (MBMS); Protocols and codecs
	SA#30
	
	

	26.244
	
	Transparent end-to-end packet switched streaming service (PSS); 3GPP file format (3GP)
	SA#30
	
	


	3G-324M video telephony Call Setup Times Improvements (55% completed)

	Spec No.
	Title
	Prime rsp. WG
	2ndary rsp. WG(s)
	Presented for information at plenary#
	Approved at plenary#
	Comments [in WID]
	Comments 

(by SA4 Chairman)

	26.abc
	3G.324M signalling extensions
	S4
	CT1
	33
	34
	Conditionally, in the event Phase 2 is needed
	Phase 2 started at SA4#36.

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	 
	

	Affected existing specifications
	

	Spec No.
	CR
	Subject
	Approved at plenary#
	Comments
	

	24.008
	
	
	
	It is likely not to require any action
	

	26.911
	
	
	
	
	CR approved at SA#29 to recommend the use of WNSRP.

	26.111
	
	
	
	
	


	Optimizations for Multimedia Telephony over IMS (35% completed)

	Spec No.
	Title
	Prime rsp. WG
	2ndary rsp. WG(s)
	Presented for information at plenary#
	Approved at plenary#
	Comments [in WID]
	Comments 

(by SA4 Chairman)

	TR xxx
	Optimization opportunities for Multimedia telephony over IMS
	
	
	SA#30
	SA#31
	
	Presented for information at SA#30 and for approval at SA#31.

	TS xxx
	Toolbox of optimisation means for Multimedia telephony over IMS
	
	
	SA#33
	SA#34
	Part of Release 7
	Proposed to be removed at SA#31.

	TR xxx
	Quantification of gain of toolbox for optimization for Multimedia telephony over IMS
	
	
	SA#33
	SA#34
	 Part of Release 7
	Proposed to be removed at SA#31.

	Affected existing specifications
	

	Spec No.
	
	Subject
	Approved at plenary#
	Comments
	

	TS 26.235
	
	
	
	
	Proposed to be removed at SA#31.

	TS 26.236
	
	
	
	
	Proposed to be removed at SA#31.

	
	
	
	
	
	


	Characterisation of Adaptive Jitter Management Performance for VoIP Services (35% completed)

	Spec No.
	Title
	Prime rsp. WG
	2ndary rsp. WG(s)
	Presented for information at plenary#
	Approved at plenary#
	Comments [in WID]
	Comments 

(by SA4 Chairman)

	TR-XXX
	Quantification of Jitter Management Algorithms for VoIP Services
	SA4
	
	SA#31 March 2006
	SA#32June 2006
	TR-XXX
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	 
	

	Affected existing specifications
	

	Spec No.
	CR
	Subject
	Approved at plenary#
	Comments
	

	
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


	End-to-End Multimedia Services Performance Metrics (0% completed)

	Spec No.
	Title
	Prime rsp. WG
	2ndary rsp. WG(s)
	Presented for information at plenary#
	Approved at plenary#
	Comments [in WID]
	Comments 

(by SA4 Chairman)

	TR 26.***
	End-to-end Multimedia Services Performance Metrics
	S4
	
	SA#34
	SA#35
	
	 

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	 
	

	Affected existing specifications
	

	Spec No.
	CR
	Subject
	Approved at plenary#
	Comments
	

	
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	


	MBMS User Service Extensions (10% completed)

	Spec No.
	Title
	Prime rsp. WG
	2ndary rsp. WG(s)
	Presented for information at plenary#
	Approved at plenary#
	Comments [in WID]
	Comments 

(by SA4 Chairman)

	
	
	S4
	
	
	
	
	 

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	 
	

	Affected existing specifications
	

	Spec No.
	CR
	Subject
	Approved at plenary#
	Comments
	

	26.346
	
	Multimedia Broadcast/Multicast Service (MBMS); Protocols and codecs
	SA#34
	
	

	26.946
	
	Multimedia Broadcast/Multicast Service (MBMS) user service guidelines
	SA#34
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Release:
Rel-7
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Name:
Frédéric Gabin 

E-mail Address:
frederic.gabin@nectech.fr
1. Introduction:

SA4 thank SA1 for their LS on quality of service for voice handover. 

In the action section of their LS, SA1 requested SA4 to inform SA2 of the interruption time requirements for voice service handover. In particular, for handovers between CS voice services over GERAN radio/UTRA and PS voice services (VoIP) over EUTRA. In the text body of their LS, SA1 requested that SA4 study this assuming that current state-of-the–art codecs convert interruption times due to handovers into quality degradation.
First note that for many years many companies and SDOs (e.g. ITU) attempted to define recommended maximum voice handover interruption times. These attempts were not successful so far. Therefore SA4 doesn’t feel in a position to specify such firm requirement. However SA4 understand that guidance is needed by SA1 and SA2. SA4 agreed the following response.

2. SA4 response to requested actions:

SA4 understand that the AIPN Stage 1 specification (latest version attached) contains requirements for the capability of providing seamless voice service handover, including CS voice to PS voice, with no interruption and/or disruption in the service as experienced by the user.
The definition section of TS 22.258 states the following:

Seamless Service: Services provided across access systems and terminal capabilities. Provisioning of this service is continued between and within access systems and between terminals with minimal degradation and no interruption in the service as seen by the user, while adapting to the capabilities of each access system.

The strict interpretation of “seamless” in a conversation requires that the decoder receives all frames correctly and in time for decoding. I.e. there should not be any interruption at the application layer. A less strict interpretation of seamless is that current CS voice services in GERAN and UTRAN are currently seamless although the interruption times during HO are not zero.

However, speech decoders can accept a certain number of lost or erroneous frames until the decoder produce noticeable effect. This ability for speech decoders to handle missing or erroneous frames is described as Bad Frame Handling (BFH). Although AMR and AMR-WB speech decoder specifications contain example BFH algorithms, BFH algorithms in implementations can be proprietary. Therefore their performances are not specified. However it is reasonable to expect that implementation perform at least as well as the examples specified. Note that speech interruptions in the order of 20 or 40ms may with a certain likelihood occur during regular conversation – outside handovers. Such interruptions can be rendered virtually inaudible provided that they are sufficiently infrequent. Proper BFH handling may not be possible in case the interruption comes along with a decoder re-initialization, which is the case when the decoder is changed after the handover. We assume  that the codec is changed during handovers between CS voice services over GERAN radio/UTRA and PS voice services (VoIP) over EUTRA.

The effect resulting from interruptions is highly dependent on the content being decoded. For example, an interruption during silence will have minor effects, whereas an interruption during speech can distort/discard syllables or even full words depending on the interruption length and the language.

The consequences on the user are highly dependent on the task being performed. For example, in a casual conversation where both parties exchange non critical information, losing one syllable or even a word could be compensated by the user with the help of the context (providing these interruptions are infrequent). But during an exchange of e.g. a series of digits (phone number, banking services etc), the loss of one digit will probably be very annoying to the user. 

Taking the above into account in addition from experience of SA4 WG participants, we can draw the following guidelines:

· Interruption times at the application layer should be minimized as much as realistically possible;

· Interruptions should be as infrequent as possible;

· The average Frame Erasure Rate seen by the decoder during a call should be less than 1% taking into account the handover interruptions;

· It is not possible to set a maximum recommended limit to the interruption time. However, outside silence periods:

· Losing 80ms of speech will most probably affect intelligibility;

· Losing 20ms of speech, if not properly concealed by BFH, may affect short syllables and affect intelligibility in critical content (e.g. digits);

· Losing from 40 to 80ms of speech may  affect syllables or even short words.

We hope SA1&SA2 will be able to progress based on this input from SA4.

3. Actions:

To SA1&SA2 group.

ACTION: 
SA4 kindly asks SA1&SA2 to take the above guidelines considerations into account.
4. Date of Next TSG-SA4 Meetings:

TSG-SA4 Meeting #39
15th – 19th May 2006

Dallas, US.

TSG-SA4 Meeting #40 
28th August – 1st  September 2006
Sophia Antipolis, France.
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