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Executive Summary

Since TSG-SA#29, TSG-SA WG4 (SA4) has met once on 14-18 November, 2005 (SA4#37). In addition, two teleconferences have been held to progress work on two WIs.
Release 6 
TR 26.936 (“Performance characterization of 3GPP audio codecs”) is presented for approval. TR 26.946 (“MBMS User Service Guidelines”) is expected for approval at SA#31. 

Correction CRs have been agreed on Extended AMR-WB codec to TSs 26.273 and 26.274; on Enhanced aacPlus codec to TSs 26.406, 26.410 and 26.411; on PSS to TS 26.234; on MBMS User Service to TS 26.346; on IMS Messaging and Presence to TS 26.141 and on TFO to TS 28.062.
Release 7 

Video Codec Performance Requirements 

Some refinements have been done for preliminary list of test conditions and test sequences for video codec performance assessment. New test sequences have been included into SA4 internal document on databases and tools for video codec evaluation. The content of the output TR on Video Codec Performance Requirements have been sketched but the TR itself needs work and no draft exists yet. The non-availability of reference video codec software for the TR could potentially jeopardize the intended completion date of the work.

Performance Characterization of VoIMS over HSDPA/EUL Channels 

SA4 internal document covering draft test plan and description of the necessary simulators has been progressed. Updates were made especially to clarify that the simulator is partially real-time, i.e., error-delay traces are to be produced off-line and then used during the real-time subjective conversational tests. For generating the error-delay profiles, expertise from other TSGs/WGs are needed. RAN1 and RAN2 have been requested to inform SA4 of appropriate RAB(s) and to provide typical traces of error-delay profiles. These are still under discussion in the RAN WGs. 
Combinational Services: Stage 3 for Codec Aspects
The CRs to TSs 26.141 (“IMS Messaging and Presence; Media formats and codecs”) and 26.235 (“PS conversational multimedia applications; Default codecs”) postponed at SA#29 have been modified; explaining the requirement now expressed in Stage 1 (through SA1 CR at SA#30).
Dynamic and Interactive Multimedia Scene (DIMS)
Technical requirements for DIMS solutions have been finalised and approved by SA4. SA1 has informed SA4 that SA1 does not have any service requirements on DIMS and that the relevant use cases and requirements for this work are captured in the OMA Rich Media Environment (RME) specification. Based on feedback from OMA BAC-MAE, the scope of the SA4 DIMS work has been clarified. Most items in the scope are not overlapping with OMA RME work. However, couple of items exist on which both groups have ongoing work and further dialogue and coordination is useful. LS exchange was continued with other relevant SDOs (OMA, MPEG, W3C) to inform them about work progress and requesting information on solutions that could be considered for DIMS. Three early indications of solutions to be considered for DIMS were received at SA4#37. Candidate technologies can still be presented at SA4#38 where algorithm selection is intended to take place.

3G-324M Video Telephony Call Setup Times Improvements

Further protocol improvements (over ITU-T WNSRP) were presented and discussed. The same algorithms have been presented and discussed in ITU-T (or are expected to be presented there). SA4 noted that the algorithms are not necessarily mutually exclusive, but believes that a single interoperable solution should be standardized based either on a single proposal or on a single combination of interoperable proposals that together have some added value without adding undue complexity. Having several solutions with no added value when the solutions are used together may even increase the call setup time if terminals support different solutions. SA4 suggests that ITU-T would take ownership of the decision between the various proposed algorithms. The ITU-T chosen algorithm will then be considered by SA4 for inclusion into 3GPP 3G-324M for CS multimedia telephony.
Optimizations for Multimedia Telephony over IMS
TR 26.914 on “Multimedia Telephony over IMS; Optimization opportunities” has been progressed and is presented for information. The TR identifies opportunities for optimization of service quality and efficiency of Multimedia telephony over IP, and provides the basis for developing a set of optional backward-compatible tools implementing such optimizations. 

Characterisation of Adaptive Jitter Management Performance for VoIP Services 
Listening test results on the use of timescaling were presented to give indication of its performance when used for jitter management. Timescaling may be used to shorten and extend speech segments to cope with jitter (varying delays of received packets). Some discussion took place on alignment of tasks with the WI on Performance Characterization of VoIMS over HSDPA/EUL but it was felt premature to take actions on any specific alignments yet.
End-to-End Multimedia Services Performance Metrics

No contributions have been received for this work item (launched at SA#29).
Proposed New Work Items 
A new Rel-7 WID on “MBMS User Service Extensions” is presented for approval. The objective is to provide backward compatible extensions to Rel-6 MBMS User Service.
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1.
General issues

This document presents the status report of TSG-SA WG4 (SA4) at TSG-SA#30. Annex A shows the status of Rel-7 specifications for each SA4 Rel-7 Work Item. Slides presentation of the report is given in Annex B “SP-050781 Annex B - Slides presentation.ppt” (attached in the zip-file of this report). 

1.1
Officials

The SA4 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)
1.2
Meetings

Since SA#29, SA4 has met once on 14-18 November 2005 (during SA4#37). In addition, two teleconferences have been held: 1) "Network simulator for HSDPA/EUL", on October 10th 2005, to progress the definition of the simulator to be used for performance characterization of VoIMS over HSDPA/EUL channels; and 2) "Test conditions for Video Performance WI", on October 31st 2005, to progress the definition of test conditions for video codec performance requirements work.
Meetings held (since SA#29):
Network simulator for HSDPA/EUL 
10 October, 2005
(teleconference)
Test conditions for video performance WI
31 October, 2005 
(teleconference)

SA4#37 
14 - 18 November, 2005
Host: EF3; Venue: Bordeaux, France  

Calendar of future meetings:

SA4#38

13 - 17 February 2006

Host: France Telecom; Venue: Rennes, France
SA4#39

15 - 19 May 2006

Host: tbd; Venue: tbd
SA4#40

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

6 - 10 November 2006
Host: EF3; Venue: Athens, Greece
During SA4#37, all SA4 SWGs and ad-hoc groups met. PSM SWG was temporarily chaired by Per Fröjdh (Ericsson, ETSI). Table 1 gives overall statistics from SA4#37 (including also statistics from some previous SA4 meetings for comparison). 
Table 1: Statistics from SA4#37 (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


1.3 
Input documents from SA4 to TSG-SA#30
Table 2 gives a complete list of input documents from SA4 to TSG-SA#30.

Rel-6 correction CRs have been agreed on Extended AMR-WB codec to TSs 26.273 and 26.274; on Enhanced aacPlus codec to TSs 26.406, 26.410 and 26.411; on PSS to TS 26.234; on MBMS User Service to TS 26.346; on IMS Messaging and Presence to TS 26.141 and on TFO to TS 28.062. Rel-7 CRs have been agreed on interoperability of media types and formats in combined CS and IMS services to TSs 26.141 and 26.235; and on 20 ms packetisation time for PCM coded speech to TS 26.102. 
Rel-6 TR 26.936 “Performance characterization of 3GPP audio codecs” is presented for approval and Rel-7 TR 26.914: "Multimedia telephony over IP Multimedia Subsystem (IMS); Optimization opportunities" is brought for information.  
One new Rel-7 WID on “MBMS User Service Extensions” is presented for approval. 
Table 2: List of input documents from SA4 to TSG SA#30
	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-050781
	TSG S4 Status Report at TSG-SA#30
	SA WG4 Chairman
	7.4
	Information

	SP-050782
	3GPP TR 26.914: "Multimedia telephony over IP Multimedia Subsystem (IMS); Optimization opportunities" Version 1.0.0 (Release 7)
	SA WG4
	10.30
	Information

	SP-050783
	3GPP TR 26.936: "Performance characterization of 3GPP audio codecs" Version 1.0.0 (Release 6)
	SA WG4
	9.26, 9.29
	Approval

	SP-050784
	New WID on "MBMS User Service Extensions" (Release 7)
	SA WG4
	10.7
	Approval

	SP-050785
	CRs TS 26.273 & TS 26.274 on "Corrections to Extended AMR-WB codec (AMR-WB+) specifications" (Release 6)
	SA WG4
	9.26
	Approval

	SP-050786
	CRs TS 26.406, TS 26.410 & TS 26.411 on "Corrections to Enhanced aacPlus codec specifications" (Release 6)
	SA WG4
	9.29
	Approval

	SP-050787
	CR TS 26.234 on "Corrections and updates to specification for PSS" (Release 6)
	SA WG4
	9.29
	Approval

	SP-050788
	CRs TS 26.346 on "Corrections and updates to specification for MBMS" (Release 6)
	SA WG4
	9.17
	Approval

	SP-050789
	CR TS 26.141 0003 rev2 on "Adding missing reference numbers" (Release 6)
	SA WG4
	9.7
	Approval

	SP-050790
	CRs TS 26.141 & TS 26.235 on "CSI interoperability of media types and formats" (Release 7)
	SA WG4
	10.14
	Approval

	SP-050791
	CR TS 26.102 0017 on "20 ms packetisation time for PCM coded speech over IP Nb" (Release 7)
	SA WG4
	10.36
	Approval

	SP-050792
	CRs TS 28.062 on "Corrections and updates to specification for Tandem Free Operation (TFO)" (Release 6)
	SA WG4
	9.34
	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#29, two SA4 TRs remained to be finalised: TR 26.936 (“Performance characterization of 3GPP audio codecs”) and TR 26.946 (“MBMS User Service Guidelines”). Both have been progressed since then and TR 26.936 is brought for approval. (TR 26.946 was presented for information at SA#29 and is expected for approval at SA#31.) 

Several correction CRs (all Rel-6) have been agreed and are brought for approval.

3.1 TR 26.936 “Performance characterization of 3GPP audio codecs”

TR 26.936 “Performance characterization of 3GPP audio codecs” is presented for approval in Tdoc SP-050783. 

This TR gives characterisation of the performance of the 3GPP Rel-6 Audio Codecs, Enhanced aacPlus (Eaac+) and Extended AMR-WB (AMR-WB+). They have been recommended for use in Rel-6 for Packet Switched Streaming Service (PSS), Multimedia Messaging Service (MMS), Multimedia Broadcast/Multicast Service (MBMS), IMS Messaging Service and Presence Service. 
The TR contains collection of all relevant results and global analysis of the performances of the codecs. Dynastat has acted as Global Analysis Laboratory (GAL) to combine and analyse the results into the TR (funded by 4500 Euros, available from the overall funding collected earlier from the audio codec proponents). 
The main body of the TR summarizes the results from official tests conducted by 3GPP during the codec selection, characterisation and verification phases of testing. In addition, relevant test results from other bodies are included in Annex (ITU G.722.1 Annex C tests - G.722.1 extension for 14 kHz audio bandwidth). Some detailed documents are included as electronic attachments. These contain official test results and test plans from the various testing phases, verification test documents and some additional documents. The separate results of the selection and characterisation phases have been presented to TSG-SA earlier. For characterisation, the Global Analysis Laboratory Reports for Phase 1 and 2 were presented to TSG-SA at SA#28 and SA#29, respectively. TR 26.936 contains the full set of characterisation results and full analysis over all phases. 
At SA4#37, results from some remaining verification work (complementing analysis and testing of the codecs, performed by volunteering companies) were presented. All the codec testing phases are now completed.
3.2
TR 26.946 “MBMS User Service Guidelines”
TR 26.946 “MBMS User Service Guidelines” (v 1.0.0) was presented for information at SA#29. This TR gives informative guidelines for the use of the MBMS User Service. Since SA#29 the TR has been progressed, foremost Chapter 7.2.1 (MBMS Download delivery use-cases) and Chapter 7.2.2 (usage of the MBMS Session Identity in File Download Sessions). However, some parts still need work and SA4 intends to bring the TR for approval at SA#31.

3.3 
Change Requests

Correction CRs (all Rel-6) have been agreed on Extended AMR-WB codec to TSs 26.273 and 26.274; on Enhanced aacPlus codec to TSs 26.406, 26.410 and 26.411; on PSS to TS 26.234; on MBMS User Service to TS 26.346; on IMS Messaging and Presence to TS 26.141 and on TFO to TS 28.062. All the CRs are listed below.
Tdoc SP-050785 contains corrections to TS 26.273 “ANSI-C code for the fixed-point Extended Adaptive Multi-Rate Wideband (AMR-WB+) speech codec” and to TS 26.274 “Speech codec speech processing functions; Extended Adaptive Multi-Rate Wideband (AMR-WB+) speech codec; Conformance testing”:
	Spec
	CR
	Rev
	Phase
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26.273
	0013
	
	Rel-6
	Correction to scaling of decimation filter memory
	F
	6.2.0
	S4
	TSG-SA WG4#37
	S4-050738

	26.274
	0002
	
	Rel-6
	Correction to AMR-WB+ bit exact test vectors
	F
	6.1.0
	S4
	TSG-SA WG4#37
	S4-050772


Tdoc SP-050786 contains corrections to TS 26.406 “General audio codec audio processing functions; Enhanced aacPlus general audio codec; Conformance testing”, TS 26.410 “General audio codec audio processing functions; Enhanced aacPlus general audio codec; Floating-point ANSI-C code “ and TS 26.411 “General audio codec audio processing functions; Enhanced aacPlus general audio codec; Fixed-point ANSI-C code”:
	Spec
	CR
	Rev
	Phase
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26.406
	0001
	2
	Rel-6
	Correction to Enhanced aacPlus Encoder conformance
	F
	6.0.0
	S4
	TSG-SA WG4#37
	S4-050829

	26.410
	0027
	
	Rel-6
	Correction to C-code: encoder bitrate switching simulation toolset
	F
	6.4.0
	S4
	TSG-SA WG4#37
	S4-050707

	26.410
	0028
	
	Rel-6
	Correction to C-code: encoder tuning table entry for 44.1 kHz was wrong
	F
	6.4.0
	S4
	TSG-SA WG4#37
	S4-050708

	26.410
	0029
	
	Rel-6
	Correction to C-code: fix to make decoder more robust against corrupt input data
	F
	6.4.0
	S4
	TSG-SA WG4#37
	S4-050711

	26.410
	0030
	
	Rel-6
	Correction to C-code: removal of unused coefficients in resampler
	F
	6.4.0
	S4
	TSG-SA WG4#37
	S4-050712

	26.411
	0011
	
	Rel-6
	Correction to C-code: encoder tuning table entry for 44.1 kHz was wrong
	F
	6.2.0
	S4
	TSG-SA WG4#37
	S4-050709

	26.411
	0012
	
	Rel-6
	Correction to C-code: encoder bitrate switching simulation toolset
	F
	6.2.0
	S4
	TSG-SA WG4#37
	S4-050848


Tdoc SP-050787 contains corrections to TS 26.234 “Transparent end-to-end Packet-switched Streaming Service (PSS); Protocols and codecs”:
	Spec
	CR
	Rev
	Phase
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26.234
	0089
	2
	Rel-6
	Correction of the SVGT1.2 content creation guideline
	F
	6.5.0
	S4
	TSG-SA WG4#37
	S4-050828


Tdoc SP-050788 contains corrections to TS 26.346 “Multimedia Broadcast/Multicast Service (MBMS); Protocols and codecs”:
	Spec
	CR
	Rev
	Phase
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26. 346
	0034
	1
	Rel-6
	MBMS User Service Announcement Application ID
	F
	6.2.0
	S4
	TSG-SA WG4#37
	S4-050586

	26. 346
	0037
	3
	Rel-6
	Time Synchronization between BM-SCs and MBMS Ues
	F
	6.2.0
	S4
	TSG-SA WG4#37
	S4-050831

	26. 346
	0038
	2
	Rel-6
	Reference and definition correction for MBMS user service
	F
	6.2.0
	S4
	TSG-SA WG4#37
	S4-050807

	26. 346
	0039
	2
	Rel-6
	PtP file repair URI correction
	F
	6.2.0
	S4
	TSG-SA WG4#37
	S4-050810

	26. 346
	0040
	2
	Rel-6
	Allocation of FEC Encoding IDs
	F
	6.2.0
	S4
	TSG-SA WG4#37
	S4-050830


Tdoc SP-050789 contains corrections to TS 26.141 “IP Multimedia System (IMS) Messaging and Presence; Media formats and codecs”:
	Spec
	CR
	Rev
	Phase
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26. 141
	0003
	2
	Rel-6
	Adding missing reference numbers
	F
	6.1.0
	S4
	TSG-SA WG4#37
	S4-050858


Tdoc SP-050792 contains corrections to TS 28.062 “Inband Tandem Free Operation (TFO) of speech codecs; Service description; Stage 3”:
	Spec
	CR
	Rev
	Phase
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	28. 062
	0048
	2
	Rel-6
	PCM-Idle Pattern Problem
	F
	6.1.0
	S4
	TSG-SA WG4#37
	S4-050832

	28. 062
	0049
	1
	Rel-6
	TFO Decision on Preferred Configurations
	F
	6.1.0
	S4
	TSG-SA WG4#37
	S4-050833

	28. 062
	0050
	1
	Rel-6
	TFO Decision Algorithm in C-Code
	F
	6.1.0
	S4
	TSG-SA WG4#37
	S4-050834

	28. 062
	0051
	2
	Rel-6
	Codec Type in TFO Frames
	F
	6.1.0
	S4
	TSG-SA WG4#37
	S4-050836

	28. 062
	0052
	1
	Rel-6
	Rate Control on Call Setup
	F
	6.1.0
	S4
	TSG-SA WG4#37
	S4-050837

	28. 062
	0053
	2
	Rel-6
	Determination of the TFO Frame Format
	F
	6.1.0
	S4
	TSG-SA WG4#37
	S4-050835


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 (PSS, MMS, MBMS and PS Conversational). The output TR is planned to contain informative minimum performance requirements with informative reference codec software implementations. 
Some refinements have been done for the list of preliminary test conditions and test sequences intended for video codec performance assessment. Also, new test sequences have been included into internal SA4 document “SA4 Video Adhoc Group database for video codec evaluation”. The content of the output TR on Video Codec Performance Requirements have been sketched but the TR itself needs work and no draft exists yet.
The non-availability of reference video codecs software(s) for this work could potentially jeopardize the expected completion date of the WI. (Concerns were expressed at SA#29 for the licensing conditions of a particular H.264 video codec software offered for consideration within the work.)

SA4 sent LS to ISO/IEC JTC1/SC29/WG11 (MPEG) explaining SA4 work status and targets. This was sent as a response to LS from MPEG explaining their work performed in the Joint Video Team (JVT) of ISO/IEC MPEG and ITU-T SG16 Q.6 (VCEG).

4.2
Performance Characterization of VoIMS over HSDPA/EUL Channels 

SA4 internal working document covering draft test plan (foreseen to be included in TR 26.935 " Performance characterisation of default codecs") and description of the needed simulators has been progressed. Some updates were made especially to clarify that the simulator is going to be partially real-time, i.e., error-delay traces will be produced off-line and then used during the real-time subjective conversational tests. 
The testing has been planned to involve the following four main functionalities:
· Radio Network (RN) simulator: It simulates the performance of the protocol layers RLC/MAC/PHY for downlink and uplink in order to produce impact of the air interfaces on the RLC packet stream.  

· IP/core simulator: It simulates the routing through a loaded IP network, in order to capture the impairments of packet loss and delay.
· VoIP simulator: It simulates the VoIP specific functions between the sound cards and the RN simulator. (It comprises of speech encoder/decoder, AMR/RTP/UDP/IP/PDCP packetizing/depacketizing, robust header compression/decompression for both party A and party B of a conversation, etc.)  

· Speech laboratory: It performs MOS tests on the AMR and AMR-WB codec under the network conditions simulated by VoIP, RN and IP/Core simulators. Each side of the conversation uses a sound card of the same built.  
The real-time simulation of the entire system may be hardware limited due to the complexity of the RN simulator. Hence, a combination of off-line simulation of the RN and on-line simulation of the VoIP will be considered. (This is justified by the fact that a continuous stream of RLC PDUs can be produced by the RN simulator regardless of the payload, so that the result can be used for later real-time simulation of VoIP in conjunction with the speech testing.) The VoIP simulator and the tests in the speech laboratory are run in real-time. Error-delay profiles covering the impact of radio network and IP/core network (consisting of error mask and time of delivery for packets) will be generated by offline system simulations (i.e., non real-time) of RAN and IP networks. The error-delay profiles will be used to inject delays and packet losses into the VoIMS traffic in an error insertion device (EID) running in real-time. Error-delay profiles are needed for at least 10 minutes to enable the conversational testing. Two sets of error-delay profiles are required, one for uplink and one for downlink. For generating the error-delay profiles, expertise from other TSGs/WGs (especially from RAN) are needed and have been requested.
RAN2 and RAN5 have been requested (by SA4#36) to inform SA4 of the appropriate DL/UL RAB(s) for the support of the conversational voice services and RAN1 to provide typical traces of error-delay profiles along with the corresponding simulation parameters and network configurations. RAN2 responded to SA4#37 that that appropriate RAB(s) for HS-DSCH and E-DCH are still under discussion in RAN2 and that RAN1 conclusion on the error-delay profiles/L1 parameters is awaited before RAB proposal for VoIMS could be completed. RAN2 further requested SA4 to provide typical latency requirements for the VoIMS service. SA4 expects that latencies as much as 400 ms might be tolerated at least for some SDUs; in line with the performance requirement set by SA1 in terms of expected perceived quality (same as for CS teleservice) and complying with ITU-T Recommendation G.114 (one-way end-to-end max. delay = 400 ms). Techniques such as adaptive jitter buffer management can be used to improve voice quality in the presence of jitter (packets coming through the network with varying delays). SA4#37 explained further to RAN2 (and copied to SA1, RAN1, RAN4 and RAN5) the RAB service attributes for which error-delay profile traces are needed for the SA4 work and explained what additional information would be necessary for SA4 purposes. Since the definition of the appropriate RAB(s) in RAN2 needs the consideration of the error and delay profiles in RAN1, RAN2 is expected to take a coordination role and provide all the requested data to SA4.
The next steps in the HSDPA/EUL characterisation work are the definition of the conversational test plan and the specification and preparation of the necessary simulators including Error Insertion Device (EID). Also, the error-delay profiles need to be defined in collaboration with the relevant RAN WGs. 
4.3
Combinational Services: Stage 3 for Codec Aspects

The wide range of codec combinations between CS and the PS domain can make interoperability difficult to achieve in combined CS and IMS services (CSI). Therefore, SA4#35 (May 2005) agreed as a way forward to define guidelines on how to combine CS calls with IMS sessions for typical CSI use cases. 
SA4#36 (September 2005) prepared CRs to TSs 26.141 (“IMS Messaging and Presence; Media formats and codecs”) and 26.235 (“PS conversational multimedia applications; Default codecs”) to SA#29 on the guidelines. At SA#29, it was felt that SA1 should consider including relevant requirements in the CSI Stage 1. Hence, the SA4 CRs were postponed and returned to SA4, and also sent to SA1 to consider including relevant requirements in the Stage 1. 
At SA4#37, the two CRs were revised; explaining the requirement now included in Stage 1 (through SA1 CR at SA#30). These two CRs are brought for approval in Tdoc SP-050790: 

	Spec
	CR
	Rev
	Phase
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26. 141
	0002
	5
	Rel-7
	CSI interoperability of media types and formats
	B
	6.1.0
	S4
	TSG-SA WG4#37
	S4-050861

	26. 235
	0014
	3
	Rel-7
	CSI interoperability of media types and formats
	B
	6.4.0
	S4
	TSG-SA WG4#37
	S4-050862


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 forms, 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 Technical requirements for DIMS 
Technical requirements for DIMS solutions have now been finalised and approved at SA4. 
Draft requirements were sent for information to SA1 from SA4#36 and SA1 now informed SA4 that SA1 does not have any service requirements on DIMS, and furthermore that SA1 has the opinion that the relevant use cases and requirements for this work are captured in the OMA Rich Media Environment (RME) specification (sent earlier to both SA1 and SA4 by OMA BAC-MAE). SA4 has incorporated into the finalised technical requirements many of the RME requirements; those not incorporated were generally considered out of scope for the DIMS work.
The technical requirements are divided into general requirements and more specific requirements for e.g. presentation format for scene and dynamic updates, container and delivery format, transport mechanisms, forward transmission protocols and message formats, client feedback protocols and message formats, and application features. The general requirements cover mandatory requirements e.g. on DIMS to make efficient use of radio network bandwidth, to support user interactivity, and to be able to use existing storage and transport formats.
Selection criteria in addition to the technical requirements was discussed but no unique criteria could be agreed. The selection criteria will be discussed further at SA4#38.  
4.4.2 Work scope (working assumption)

Based on feedback from OMA BAC-MAE, the working assumption scope of the SA4 DIMS work was clarified and updated. The working assumption DIMS scope is as follows:
1) SA4 intends to define a solution by selecting available open standards to perform “Presentation format for scene and dynamic updates” – e.g. XHTML, SVG, Script, LASeR. Other SDOs involved: W3C, ISO/MPEG, OMA etc.

2) SA4 assumes that “Event handling” will be provided or accommodated by the “Presentation format for scene and dynamic updates”.  

3) SA4 intends to define a solution for “Container and delivery format” – e.g. based on ISO base media file format. Other SDOs involved: ISO/MPEG, et al.

4) SA4 intends to define which protocol to use for “Forward transmission protocols” and define the necessary message formats – e.g. based on HTTP, RTP, FLUTE. Other SDOs involved: IETF, etc.

5) SA4 intends to define which protocol to use for “Client feedback protocols” and define the necessary message formats – e.g. based on HTTP. Other SDOs involved: IETF, OMA.

6) SA4 is considering producing "Content creation guidelines" (e.g. authoring, performance hints), if felt necessary. SA4 would like to be involved if other groups (e.g. W3C, OMA, MPEG) are conducting such work.

7) SA4 intends to work with the IETF to define any new “Transport mechanisms” – e.g. RTP payload format, session description information, etc. Other SDOs involved: IETF.

Most of the items in the SA4 DIMS work scope are not overlapping with the RME work ongoing in OMA. However, two overlapping items have been identified; items 1 and 2 in the above list where both groups have significant expertise and ongoing work. Further dialogue and coordination between 3GPP SA4 and OMA BAC-MAE is seen beneficial, hopefully aligning the DIMS and RME requirements with the optimal target of reaching a common solution for the overlapping areas of the work.
4.4.3 Liaisons with relevant external groups
LS exchange has been continued with relevant SDOs (OMA BAC-MAE, W3C SVG WG and MPEG) informing them about the DIMS work progress; especially about the agreed DIMS technical requirements and requesting information on any solutions (available or under development) that could be considered in SA4 for DIMS. SA4 requests to receive information of potential technologies from the other SDOs by the 29th of January for final identification and selection of technologies at the SA4#38 meeting. To MPEG SA4 also gave comments on LASeR (Lightweight Applications Scene Representation), which is under consideration for DIMS, as a response for LS from MPEG. SA4 requested W3C SVG WG to keep SA4 informed regularly on the progress of SVG Mobile 1.2 specifications as they are being referenced for Rel-6 services and also considered a key technology for DIMS.
The updated working assumption scope and schedule were sent to OMA BAC-MAE to continue dialogue on the related work between OMA BAC-MAE RME work and SA4 DIMS work. SA4 sees further dialogue and alignment of all DIMS and RME requirements useful with the target of reaching a common solution for the overlapping areas of the work.
4.4.4 Early indications of solutions

SA4#36 requested early indications of solutions for DIMS already by SA4#37, and three indications were received that intend to address one or more DIMS scope areas: 

· SAF (Simple Aggregation Format) 

· LASeR (Lightweight Application Scene Representation) 
· MORE: The Mobile Open Rich Media Environment
These early responses were reviewed and then noted during SA4#37.  
4.4.5 
Schedule 

Detailed working assumption DIMS schedule was updated at SA4#37. Only minor revisions were done; the overall schedule remains ‘as is’. 

Candidate DIMS technologies are to be reviewed and selection made at SA4#38 (February 2006). The specific tasks for SA4#38 include: review of technology landscape relevant to the SA4 scope, consider selection criteria, review the proposed DIMS solutions (close the list) against the requirements, and select a solution (or identify the path to SA4’s intended solution).

Selection might be postponed until a subsequent DIMS ad-hoc meeting (April 2006), if needed. Stage 3 specification of DIMS is planned to be presented for information at SA#33 (September 2006) and for approval at SA#34 (December 2006).  
4.5
3G-324M Video Telephony Call Setup Times Improvements

ITU-T WNSRP (Windowed Numbered Simple Retransmission Protocol) had been 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 presented and discussed. Several algorithms were presented: Fast Session Setup, Inferred Session Setup and Fast Media. A fourth algorithm, Automatic Connection Negotiation (ACN), was presented already at SA4#36. The same algorithms have been presented and discussed in ITU-T (or are expected to be presented there).
SA4 noted that the proposed algorithms are not necessarily mutually exclusive. Anyway, SA4 believes that a single interoperable solution should be standardized based either on a single proposal or on a single combination of interoperable proposals that together have some added value without adding undue complexity. Having several solutions with no added value when the solutions are used together may even increase the call setup time, if terminals support different solutions. 
SA4 suggested that ITU-T take ownership of the decision between the proposals. SA4 will then consider its adoption into 3GPP specifications to 3G-324M. LS was sent to ITU-T SG16 expressing the SA4 view.
4.6
Optimizations for Multimedia Telephony over IMS
TR 26.914 on “Multimedia Telephony over IMS; Optimization opportunities” was progressed and is presented for information at SA#30 in Tdoc SP-050782. 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. 

The optimization tools are not specified in this TR 'per se', but are specified as amendments to existing (pre-Rel-7) TSs and possibly new TSs (of the 26-series). Furthermore, a characterization of the optimized multimedia telephony over IMS will be available in a separate TR (of the 26-series).

The following areas of optimisations are identified in the TR:

· 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

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.

At SA4#36, subjective listening test results on the use of timescaling were presented to give initial indication of its performance when used for jitter management. Timescaling may be used to shorten and extend speech segments to cope with jitter (varying delays of received packets). AMR codec was used as the test case. Also some theoretical considerations were given about the use of timescaling approach with the AMR codec.

Alignment of tasks in the two SA4 characterisation WIs was raised (Performance Characterization of VoIMS over HSDPA/EUL Channels and Characterisation of Adaptive Jitter Management Performance for VoIP Services) since subjective testing and simulators are needed in both and jitter management should be incorporated into both. However, it was felt premature to take actions on any specific alignments yet but these remain to be considered along the work. To progress the adaptive jitter management performance work, input on requirements for the jitter management algorithms was felt needed. 

4.8
End-to-End Multimedia Services Performance Metrics

No contributions were received for this work item, which was approved at SA#29.
4.9 
Others

CT3 sent LS to SA4 requesting support of 20 ms packetisation to be defined for PCM encoded speech into TS 26.102 (”Adaptive Multi-Rate (AMR) speech codec; Interface to Iu and Uu”). Currently only 5 ms packetisation is defined. 20 ms packetisation is needed by CT3 for enhancements of the transport of CS services over packet backbones. (To guarantee backward compatibility and interoperability between different vendors’ implementations, the currently specified 5 ms packetisation time remains the default packetisation time to be supported in 3GPP packet backbones.) SA4 agreed on the CT3 request and on the CT3 proposed CR to TS 26.102. SA4 however included a note stating that the use of longer (20 ms) packetisation will result in higher delays over the speech path compared to using 5 ms packetisation. The CR is brought for approval in Tdoc SP-050791: 
	Spec
	CR
	Rev
	Phase
	Subject
	Cat
	Vers
	WG
	Meeting
	S4 doc

	26. 102
	0017
	
	Rel-7
	20 ms packetisation time for PCM coded speech over IP Nb
	B
	6.0.0
	S4
	TSG-SA WG4#37
	S4-050826


5.
Proposed New Work Item Descriptions

A new WID on “MBMS User Service Extensions” (Rel-7) is presented for approval in Tdoc SP-050784.
The objective of the work is to extend MBMS User Service Rel-6 procedures and provide the required changes in Rel-7 specifications. The intention is that the Rel-7 extensions provide backward compatibility to Rel-6 terminals. However, Rel-6 UEs may be able to use only a subset of a MBMS Rel-7 user service, or even certain MBMS User Service are not accessible for Rel-6 UEs. 

Specific objectives are listed below:

· MBMS User Service optimizations, whenever the gain justifies the changes

· Enhanced services such as interactive services while consuming an MBMS stream and protecting the network against possible overload situations due to these enhanced services
· Bearer independent procedure to allow alternative transmission bearers 

· Usage of interactive and streaming bearers for MBMS user service delivery

· Harmonizing with OMA BCAST where appropriate

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#29.   

Table 3: SA4 LSs sent out since TSG SA#29
	Tdoc no.
	Title
	Intended for
	Copy to

	Tdoc S4-050817
	LS Reply on V.18 equivalent of TS 126.226
	ETSI TC HF
	

	Tdoc S4-050845
	LS on Clarification on the use of Target Time in 3GPP Adaptation Header
	IMTC PSS AG
	

	Tdoc S4-050798
	LS on Higher data rates in MBMS user service
	TSG SA WG1
	TSG RAN WG1

	Tdoc S4-050846
	Liaison Statement from ISO/IEC JTC1/SC29/WG11 on Loss Resilience Video Experiments
	ISO/IEC/JTC1/SC29/WG11 (MPEG)
	

	Tdoc S4-050847
	Reply to Liaison Statement from MPEG(N7671, S4-050765) on LASeR and FLUTE
	ISO/IEC/JTC1/SC29/WG11 (MPEG)
	

	Tdoc S4-050793
	Reply to Liaison Statement from OMA BAC-MAE on DIMS/RME
	OMA BAC-MAE
	TSG SA WG1

	Tdoc S4-050840
	Reply LS on RAB and the error-delay-profile for the performance characterization of VoIMS over  HSDPA/EUL
	TSG RAN WG2, 
	TSG RAN WG1, TSG RAN WG4, TSG RAN WG5,  TSG SA WG1

	Tdoc S4-050852
	LS Reply on Clarification on Acoustic Echo Cancellation in 3GPP Rel-7
	TSG CT WG4
	

	Tdoc S4-050853
	Communication on call setup time
	ITU-T Q.1/16
	

	Tdoc S4-050849
	Reply to LS from W3C SVG WG on SVG Mobile 1.2 (S4-050775)
	W3C SVG WG
	W3C CDF WG

	Tdoc S4-050809
	Reply LS on Application level clock for synchronization of BM-SC with the UEs supporting MBMS
	TSG CT WG1, TSG RAN WG2, TSG SA WG2
	

	Tdoc S4-050859
	Reply to LS to 3GPP on the Mobile Broadcast Services Specifications
	OMA BAC-BCAST
	TSG SA WG1, TSG SA WG2, TSG SA WG3

	Tdoc S4-050864
	Reply LS on support of 20ms packetisation time for PCM encoded speech over Nb
	TSG CT WG3
	TSG CT WG4


The main issues in the LSs are:

· Tdoc S4-050817
This response to ETSI TC HF explains that the performance requirements for CTM have been specified by using the Baudot code as just one pragmatic example for testing. SA4 is of the opinion that no further work (requested by ETSI TC HF) is required to characterize the performance of CTM in conjunction with other V.18 text telephony standards.

· Tdoc S4-050845
SA4 asks feedback from IMTC PSS AG for proposed revisions in TS 26.234 to clarify the intended usage of the target protection time parameter of the 3GPP Adaptation Header.
· Tdoc S4-050798
SA1 asked from SA4 whether the MBMS Rel-6 user services are bearer agnostic and could be carried over any generic IP access. SA4 responds that they are not bearer agnostic and cannot simply be carried over any generic IP access. Rel-6 MBMS User Services were designed to run on top on an MBMS bearer service. This means that the underlying distribution bearer service must offer IP multicast capabilities. The MBMS User Service can be made bearer agnostic, but this may have an impact on procedures, security and the architecture. Hence, SA4 suggests involving SA2 and SA3 and possibly other groups in any further discussions. 
· Tdoc S4-050846
As a response to MPEG, SA4 explains the targets and time schedules of SA4 video codec performance requirements work.
· Tdoc S4-050847
SA4 responds to MPEG on questions about DIMS work and gives comments on MPEG LASER specification. Also, answers are given to questions about defining a hint format for the transmission of ISO base media file format container files over the FLUTE protocol.
· Tdoc S4-050793
LS exchange between SA4 and OMA BAC-MAE on SA4 DIMS work and OMA BAC-MAE RME work is continued. SA4 explains the progress in DIMS and sends the updated DIMS documents for information (agreed technical requirements, working assumption scope, working assumption schedule and request for information on solutions for DIMS). SA4 also discusses overlap with OMA work and encourages for further dialogue and aligning the DIMS and RME requirements with optimum target of reaching a common solution for the overlapping areas of the work.
· Tdoc S4-050840
SA4 explains to RAN2 (and Cc: SA1, RAN1, RAN4 and RAN5) in detail the RAB service attributes for which error-delay profile traces are needed for the SA4 work on Performance Characterization of VoIMS over HSDPA/EUL Channels. RAN2 requested SA4 to provide typical latency requirements for the VoIMS service, and SA4 responds that  it is expected that latencies as much as 400 ms might be tolerated at least for some SDUs. SA4 explains that the use of techniques such as adaptive jitter buffer management can be used to improve voice quality in the presence of jitter in VoIMS. 
· Tdoc S4-050852
CT4 asked SA4 to clarify whether Acoustic Echo Cancellation functionality is needed in the core network (MGW) and if yes, then how its usage should be triggered (from the MSC). SA4 explains that the 3G UE shall fulfil the Echo Performance requirements as specified in TS 26.131 and that the fulfillment of these requirements is tested in accordance with TS 26.132. With these requirements in place SA4 feels that there is no need for Echo Handling inside the 3G Core network.
· Tdoc S4-050853
This is communication to ITU-T to be submitted there as company contribution. (The content of this document was agreed by SA4#37.) SA4 explains that there are several call setup time reduction proposals presented (in ITU-T SG16 and SA4) and these are not necessarily mutually exclusive.  SA4 believes that a single interoperable solution should be standardized based either on a single proposal or on a single combination of interoperable proposals that together have some added value without adding undue complexity. Having several solutions with no added value when the solutions are used together may even increase the call setup time if terminals support different solutions. With respect to proposals on call setup time improvements, SA4 suggests that the ITU-T take ownership of the decision between the proposed algorithms; the solution then to be considered by SA4 to be used in 3GPP.
· Tdoc S4-050849
SA4 explains the progress in DIMS work and sends the approved technical requirements for the information of W3C. Also, information on potential technologies to be considered for DIMS are requested. SA4 requests W3C SVG WG to keep SA4 informed regularly on the progress of SVG Mobile 1.2 specifications as they are being referenced for Rel-6 services and also considered a key technology for DIMS.
· Tdoc S4-050809
SA4 thanks SA2, RAN2 and CT1 for the input application level clock synchronization of BM-SC with the UEs supporting MBMS. SA4 has considered NITZ and SNTP as possible solutions and selected a solution which is based on SNTP.
· Tdoc S4-050859
On the request of OMA BAC-BCAST SA4 explains the Rel-6 SA4 MBMS User Service specifications and their status. Also, the content of the planned Rel-7 work is explained (new WID for approval at SA#30).
· Tdoc S4-050864 
CT3 proposed CR to TS 26.102 to define 20 ms packetisation for PCM encoded speech over Nb. SA4 agreed with the proposal and prepared a CR to SA#30. In the CR SA4 included also a note on the use of 20 ms packetisation time stating that it will result in higher delays over the speech path compared to the 5 ms packetisation time.
Responding to some incoming LSs was postponed until next SA4 meeting: 

· Tdoc S4-050734 on “Quality of service for voice handover” (from SA1): SA1 requests a quantitative analysis of the acceptable interruption time for voice service handover. SA4 felt no firm answer on the issue was readily available. Companies were invited to study this issue so that SA4#38 would be in a better position to reply. 

· Tdoc S4-050463 on “Requirements for Multimedia Convergence Codec” (from ITU-T SG16):  ITU-T solicit input on requirements and possible schedule for new Multimedia Convergence Codec. Since the deadline for reply is April 2006, and no proposals for response were raised at SA4#37, this was postponed.

· Tdoc S4-050464 on “Generic VAD and generic music detector” (from ITU-T SG16): Comments are requested on two possible new ITU-T work items 1) Generic Voice Activity Detector and 2) Generic Music Detector. Since the deadline for reply is April 2006, and no proposals for response were raised at SA4#37, this was postponed.

· Tdoc S4-050781 on “Reference RAB Configurations for MBMS” (from RAN2): RAN2 request SA4 indicate combinations of service settings that could be important for reference bearers, especially for low data rates or download-and-play services. Received during SA4#37. No answer available yet. 
7.
Documents presented for information 

	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-050781
	TSG S4 Status Report at TSG-SA#30
	SA WG4 Chairman
	7.4
	Information

	SP-050782
	3GPP TR 26.914: "Multimedia telephony over IP Multimedia Subsystem (IMS); Optimization opportunities" Version 1.0.0 (Release 7)
	SA WG4
	10.30
	Information


8.
Documents presented for approval 

8.1
New specifications 
	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-050783
	3GPP TR 26.936: "Performance characterization of 3GPP audio codecs" Version 1.0.0 (Release 6)
	SA WG4
	9.26, 9.29
	Approval


8.2 Release 6 CRs
	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-050785
	CRs TS 26.273 & TS 26.274 on "Corrections to Extended AMR-WB codec (AMR-WB+) specifications" (Release 6)
	SA WG4
	9.26
	Approval

	SP-050786
	CRs TS 26.406, TS 26.410 & TS 26.411 on "Corrections to Enhanced aacPlus codec specifications" (Release 6)
	SA WG4
	9.29
	Approval

	SP-050787
	CR TS 26.234 on "Corrections and updates to specification for PSS" (Release 6)
	SA WG4
	9.29
	Approval

	SP-050788
	CRs TS 26.346 on "Corrections and updates to specification for MBMS" (Release 6)
	SA WG4
	9.17
	Approval

	SP-050789
	CR 26.141 0003 rev2 on "Adding missing reference numbers" (Rel-6)
	SA WG4
	9.7
	Approval

	SP-050792
	CRs 28.062 on "Corrections and updates to specification for Tandem Free Operation (TFO)" (Release 6)
	SA WG4
	9.34
	Approval


8.3 Release 7 CRs

	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-050790
	CRs TS 26.141 & TS 26.235 on "CSI interoperability of media types and formats" (Release 7)
	SA WG4
	10.14
	Approval

	SP-050791
	CR 26.102 0017 on "20 ms packetisation time for PCM coded speech over IP Nb" (Rel-7)
	SA WG4
	10.36
	Approval


8.4
Proposed new WID (Release 7)
	Tdoc
	Title
	Source
	Agenda Item
	Document for

	SP-050784
	New WID on "MBMS User Service Extensions" (Rel-7)
	SA WG4
	10.7
	Approval
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 Annex A: 
Status of SA4 Rel-7 work: completion-% and output specifications for each SA4 Rel-7 WI
	Video Codec Performance Requirements (25% 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
	Presented for approval at SA#30

	TS 26.235
	
	
	SA#28
	IMS streaming operation and codecs with CS calls
	Presented for approval 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) (25% 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 (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)

	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 (5% 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.

	TS xxx
	Toolbox of optimisation means for Multimedia telephony over IMS
	
	
	SA#33
	SA#34
	Part of Release 7
	

	TR xxx
	Quantification of gain of toolbox for optimization for Multimedia telephony over IMS
	
	
	SA#33
	SA#34
	 Part of Release 7
	

	Affected existing specifications
	

	Spec No.
	
	Subject
	Approved at plenary#
	Comments
	

	TS 26.235
	
	
	
	
	

	TS 26.236
	
	
	
	
	

	
	
	
	
	
	


	Characterisation of Adaptive Jitter Management Performance for VoIP Services (5% 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
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