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6.1 Opening of the meeting

The acting PSM SWG Chairman, Rolf Hakenberg, opened the SA4 PSM SWG meeting.

6.2 Approval of the agenda and registration of documents

The draft meeting agenda contained in S4-030305 was approved and the documents allocated to the agenda items.

6.3 Reports/Liaisons from other groups/meetings 

6.3.1 3GPP working groups

S4-030210,”LS on Usage of UMTS Bearer Service attribute Maximum SDU size“, from TSG SA WG2. Nokia pointed out that they did not understand the difference (if any) between discarding and rejecting. One requirement is that the minimum SDU size should not be much larger then the minimum expected IP packet size. Small SDU sizes is not a problem for our specifications, as long as no dropping happens. An answer will be drafted by Nokia in S4-030360. Noted.

S4-030277,”Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers> “, from TSG SA WG2.  It is not obvious how buffer size, transfer delay and guaranteed bandwidth are depended on each other. The description  given in the S2 LS is not sufficient, furthermore the size and algorithm used for buffer control will be implemented dependent. An answer will be drafted by Nokia in S4-030361. Noted.

S4-030285,” LS on further discussion on the meaning of the Transfer Delay QoS parameter for Streaming services “, from GERAN. The LS points out that the Transfer delay is guaranteed for the 95 percentile.  Will the service work without the last 5 percent? The answer is that it is not possible to drop 5% of the packets and expect a service with acceptable user experience. . An answer will be drafted by NEC in S4-030363. Noted.

S4-030247,” Draft Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers> (To: GERAN2, Cc: SA2) “, posponed LS answer from S4#25bis. There where some discussions if all QoS parameters might be changed if the transfer delay can not be meet by the network. The final gaoal for S4 is to connect the rate adaptation and flow control. The proposed text should be made less detailed. An answer will be drafted by NEC in S4-030362. Noted.

S4-030284,” Reply LS on Radio Access Bearer for PS conversational testing “, from TSG CN WG1.This document was discussed during the S4#26 plenary. Please look at the S4#26 meeting report for more information. An answer will be drafted by Nokia in S4-030364. Noted.
S4-030323,” Reply to Liaison Statement on MBMS Codec Requirements “, from TSG SA WG2. It was agreed to start a new WID on MBMS codecs and applications (like for PSS). It is not clear what “Short time download” is.  To clarify this and other MBMS open issues from PSM point of view, PSM proposes a joint MBMS ad-hoc meeting between the relevant WGs, e.g. SA1 and SA2 (date/location TBD). A WID will be drafted by Nokia in S4-030385 and a LS back to S2 in S4-030386. Noted.

S4-030385, “Draft WID for Multimedia Broadcast/Multicast Service (MBMS) codecs and protocols” from Nokia. This document was drafted online during the meeting. It was felt difficult to state a date for the approval of the planned specification on MBMS protocols and codecs as the MBMA base specification from SA2, RAN and GERAN are not yet finished. Furthermore SA4 is currently lacking knowledge about the uses cases for MBMS. The WID and the attached cover sheet were Approved.
S4-030175,” Liaison Statement on RTCP signalling in MBMS “, from TSG RAN WG2. An LS back to S2 will be drafted by Apple in S4-030388. Noted.

S4-030048,” Liaison Statement on Scalable Codec for MBMS “, from 3GPP RAN WG2-RAN WG3 MBMS ad-hoc meeting. Postponed.
S4-030290,” Reply to Liaison Statement on Scalable Codec for MBMS “, from TSG SA WG2. Postponed.

S4-030276,” Liaison Statement on Core Network Provision of separate flows for P2P and P2M radio Transmission “, from TSG SA WG2. Noted.

S4-030286,” LS on Core Network Provision of separate flows for P2P and P2M radio Transmission “, from TSG GERAN. Noted.

S4-030281,” LS on Protocols, Codecs and Media formats for MBMS “, from TSG SAWG3. An LS back to S2 will be drafted by Ericsson in S4-030389. Noted.
S4-030275,” Liaison Statement on Minimum UE Capability Required for Supporting MBMS “, from TSG SA WG2. Datacasting and broadcasting was identified as interesting services. A LS back to S2 in S4-030387. Noted.

S4-010601, “Liaison Statement on MBMS codec”, from TSG SA WG1. This LS was felt to be answered by the response in S4-030386. Noted.
6.3.2 Other groups

S4-030320,”Liaison Statement to 3GPP on Meta-Data in ISO Media Files, Streaming Text, Advanced Text and Graphics Amendment “, from ISO/IEC JTC 1/SC 29/WG 11. We need to analyze if ISO has included the right set of tags. The other requirement on non-complex solution needs to be evaluated. The timed text proposal seems to be OK, it is well aligned with our timed text format.  The file format guidelines are also good. The part about the Mobile graphic profile is only for information (see also S4-030339) and no answer is needed. An answer will be drafted by Apple in S4-030365. Noted. The LS answer in S4-030365 was Postponed to the next meeting.
S4-030357,” Liaison On DRM Content Format Statement “, from MAGDownload + DRM of the Open Mobile Alliance. The document was well received. A presentation is available in S4-030367 . Is the timeline aligned between OMA and 3GPP? Yes, OMA is aiming to  be ready in September and have November as “ back-up”. An answer will be drafted by Real Network in S4-030366. Noted.

6.4 Joint session of PSM SWG and SQ SWG on common Rel-6 Audio Codec issues

6.5 Maintenance of Release 5 and earlier releases


6.5.1 Transparent End-to-End Mobile Streaming Application 

S4-030283,”CR 26.234 059 SMIL supported event types (Rel-4)“, from RealNetworks. This is a fix of a typo .Approved.

6.5.2 Extended Transparent End-to-End PS Streaming Service 

S4-030265,” CR 26.234 058 SMIL supported event types (Rel-5) “, from RealNetworks. This is a fix of a typo .Approved.
S4-030288,” CR 26.234 060 on Correction to the Content Model of the SMIL Language Profile (Rel-5) “, from Nokia .Approved.

6.5.3 Multimedia Codecs and Protocols for Conversational PS Services 

6.5.4 MMS formats and codecs

6.5.5 Other issues

6.6 Remaining Release 5 work 


6.6.1 TR on RTP usage model 

S4-030347,”Updated version of the TR 26.937 "RTP usage model" “, from Nokia. Minor comments. A new document in S4-030369. Approved with comments.

6.6.2 Other issues

6.7 Release 6 work 

6.7.1 Extended AMR-WB codec 

6.7.2 Packet Switched Streaming Rel-6 

S4-030328,” Moving Forward on Reliable Transport “, from PacketVideo. Contains some very good analyse of the different possible ways to do reliable streaming. DRM is a problem also for RTSP tunnelling. Discussed together with S4-030334 and S4-030350. Noted.

S4-030334,” Reliable Streaming “, from Ericsson. Discussed together with S4-030328 and S4-030350.  The need for “Reliable Streaming” for live sources was not well understood. An LS to S1 will be sent. The LS will be drafted by PacketVideo in S4-030384. Approved.

S4-030350,” Issues and discussion on reliable streaming “, from Apple Computer Inc. USA.  There is not that big difference between ACK and NACK based systems. Discussed together with S4-030328 and S4-030334. Noted.
Discussion around S4-030350, S4-030328 and S4-030334.
Some media formats need this function, e.g. Timed text and MIDI. The requirement from S1 is not clear and we should not fulfill them in a “blind” way. 

What is the kind of “un-reability” we a re designing for? File downloading, packet error loss, transient handover errors are the obvious cases.  The list of use cases follows:

	
	Progressive Download
	RTSP

Streaming
	RTX (ACK/NACK)

	Transient packet loss, occasional versus handover 
	X
	X
	X

	Delivery of a file for re-use
	X
	(x)
	(x)

	Reliable transmission for live streaming
	(x)
	X
	X

	Delivery of long duration loss intolerant data
	x
	X
	X?

	Error mitigation for continuous media 
	X
	X
	X?

	Limited set-up time
	X
	(x)
	(x)




X: fulfils the requirement, (x): fulfils the requirements with some “difficulty”, x fullfills the requirement with some (simple) updates of the specification, X?: fulfils the requirement depending on how the requirement is understood. Apple expressed support for Progressive streaming but not for RTP over TCP (RTSP tunnelling). 

Progressive download was approved to be included into PSS as an alternative (reliable) transport mechanism.

S4-030329,” New client to server signaling for cooperative rate adaptation “, from Nokia. This is an update of an earlier proposal. The update makes the function more proactive. It uses RTSP for signalling and allows pipelining of the messages.

It was argued that the functionality is what we want but the solution might be wrong. An alpha target value is used to manipulate the sampling curve. The transport curve and the content rate should be handled separately. The goal must be to keep the buffers as full as possible without overflowing. Simulation result supporting the proposal are missing. It was also argued that this is a cooperative congestion control and not only handling of the client buffer. In order to keep the buffers full it might be necessary to change the content rate.  How is the conformance of the clients checked? Will the server be able to trust all clients? It seemed as many companies felt that the solution was elegant but maybe to complicated and introduce a number of new problems. Maybe a simpler solution that is easier to implement is sufficient? Nokia argued that this is NOT a complex solution and that the responsibilities are clear, there is a cooperation between server and the client but the server is the master. This proposal manages the adaptivity in the time domain, the proposal in S4-030337 in rate domain.  Noted.

S4-030330,” RTP retransmission in PSS Rel-6 “, from Nokia and Panasonic. Noted.

S4-030336,” Specification text for adaptive streaming “, from Ericsson. There was a number of questions around this proposed (and agreed) update to the specification. There will be an offline discussion about the content. Noted.

S4-030337,”Adaptive Flow Control for improved mobile streaming QoS - Problem Statement and Requirements “, from Ericsson. The client signals the remaining buffer size to the server, and it is not necessary that the size of the buffer is fixed. The signalling is just an example, other buffer size related parameters could be send instead.  The RTCP reports are used and there is a trade off between fast reaction and stability. The content rate adaptation addresses not only the transmission rate. Nokia argued that the playout curve is just a time shifted version of the sending curve. Why should the client continuously report it? One reason would be to increase the stability of the system, theoretical models does not always give the full answer. Noted.
S4-030346,”Adaptive Streaming - PSS Client Buffer Management “, from Panasonic. Proposed a method that is similar to the one in S4-030337. There where some general comments during the presentation that we need a uniform language (the document from Ericsson uses “rate” and the documents from Nokia, as well as the existing specification, use “curve”). Also the meaning of server driven, combined and cooperative adaptation should be clarified. Noted.

S4-030348,” Some issues on rate adaptation “, from Nokia. One thing discussed in the document is the responsibility split between server and client. The model does not always hold, if there are no or limited numbers of alternative bitrates available the model gets confused. We should not limit the server. Noted.

It was decided to have a offline discussion on adaptive rate control in PSS. The following is a summary of this discussion:

The need to formalise the language was acknowledged once more. The difference between link adaptation and buffer control was brought up. A view was expressed that the sampling rate should not be connected to buffer level.  The alpha target value proposed by Nokia might influence both of them and it is completely up to the server to decide. Changes in sampling rate might be very annoying for the end user and the server has to take this into account. 

Buffer level is not a reliable measurement. Time is also not a reliable measurement. Max number of send-ahead bytes minimises the risk of overhead. There were some questions around how the time shift is calculated and how the start-up is handled in the Nokia model. Pre-roll is a special (but still a normal!) case, re-buffering might also be handled by the same method as pre-roll. 

A long discussion about different cases and why the server/client not always should try to keep the buffer as full as possible followed.  Apple expressed some worries about the interaction between, bitstream switching, buffer management, transmission rate management, clock skew and other mechanism in PSS. Will we get a stable system in the end? 

There are two things that should be communicated from the client to the server: the “health” of the buffer and the buffer space available. Why should the client make the decision at all? At least because: 1) the buffer is in the client and the client is handling the play-out curve 2) the client is the one that sees the handover and the network. However the information about the network is not necessarily passed to the application. The same information could be known by the server based on the RTCP feedback. 

At the end there was a consensus on: 

· There should be some adaptive rate control in PSS

· Adaptive rate control aims at managing the Link rate, content rate and the buffer in the client.

· At least two parameters should be send from the client to the server. Buffer “health” in seconds and free buffer space in bytes. The way to transport this parameters might depend on how this information is signalled.

· Simulation result would be good to have in order to evaluate the proposals.

· We are aiming at having a working assumption for the next meeting!

No consensus on a specific solution was reached. 

S4-030332,” Proposed draft Rel-6 PSS Quality Metrics Permanent Document“, from NEC. There were some questions regarding the time plan and a proposal to include new metrics about repetitive bursty behaviour. Is it possible to do the computation on the server? Better definitions of the measurement are needed (for example max, min, average needs time definitions). “Gap” in audio, “potential corruption” and “re-buffering” needs a better definition. What is the information used for? Maybe we should eliminate the one we can not make good definitions on? Number of un-detected bit errors, is maybe not important to report (also since it will be very seldom it happens). Many layers are included and this might make implementation in the terminal very hard. RTCP reports seem to be enough for packet loss information. ACK/NACK reports should make things even better. An updated version is found in S4-030391. Noted. 
S4-030353,” Stream Quality Metrics - Client Metrics “, from Three and Vidiator.  Should the reporting be per stream or per session measurements? What are the conformance criteria and how is it tested?  An interface is needed if this is mandated on the server. The intention is to have a minimum set of measurements that we can base the decisions on. The interface is not in the scope of this work. Are we going to mandate these measurements for the terminal?  Reliability, why is it important? How much reliability is needed? The information will be included in the update of the permanent document on Quality Metrics, S4-030391.  Also other relevant documents, e.g. SA1 documents on quality metrics,  will be listed in the permanent document. Noted.
S4-030282,” CR 26.233 004 rev 1 on Declaration of Content Cache (Rel-6) “, from Huawei Technologies. Is a cache part of the network or not?  An LS to S2 and S1 will be drafted by Real Network in S4-030390. Noted.
S4-030335,” Specification text for 3GP server file format “, from Ericsson. There were some questions about the compatible brand and how it should work. The Media header field should be used in the SDP and the information in the track header should be used for SDP bitrate. Only a few things need to be invented by the server and can not be stored in the file. They should be mentioned explicitly in the specification. Note 1 in the text should be deleted. Approved with comments. 

S4-030339,” Request for leveraging 3GPP Graphic Format “, from France Telecom R&D and Orange. S4-030383,” Request for leveraging 3GPP Graphic Format “, from Orange contains a presentation on the proposal in S4-030339. SVG can be improved to fulfil, most, of the requirements. Interactivity is one key element, compression and streamability the other two. List of possible solutions:

1. Flash

2. MPEG4, SVG encode it into MPEG4 and integrate into the architecture. There are ways to integrate it into 3GPP. Compression of SVG using BIFFS

3. Start with what we have and integrate it. Extend SVG with compression, streaming and extended functionality for interactivity.

Number one is not possible (Macromedia is not in the group etc). Number two would give us a number of features “free” but it is important that a MPEG solution is well integrated into PSS and that it is backward compatible. This is probably doable. 

Number three is seen as the main track! We need to inform W3C about the new requirements and also start to look at “inventing” 3GPP specific solutions. Compression (renamed to compactation :-) will be difficult to find a good solution to. We also need a transport method but progressive download may be good enough to start with. It is expected that a number of companies will start to work offline. An LS will be send to W3C drafted by France Telecom and NEC in S4-030393. Noted.
S4-030349,” Proposed minor enhancement to 26.245 Release 6 timed text format “, from Apple. Approved.
S4-030351,”Report on the ISMA content protection work and specification “, from Apple. The document was well received.  The ISMA solution, or part of it, seems to fit into the S4 work well. The question is: packetise first and then encrypt  OR encrypt first and then packetize?  There are some problems regarding interleaved RTP payload formats that need to be fixed. To have the possibility to have an interleaved payload format was seen as important by some companies. An answer will be drafted by Apple in S4-030368. Noted.
S4-030367,” DRM Content Format “, from Nokia. This is a PowerPoint presentation of S4-030357. It was agreed that S4 will start to work and define a solution that fulfils the requirements. Noted.

6.7.3 MMS formats and codecs 

6.7.4 Digital Rights Management, Codec Aspects

6.7.5 Other issues

6.8 Postponed issues

6.9 Review of the future work plan (next meeting dates, hosts)

6.10 Any Other Business

6.11 Close of the Session

The chairman of the PSM SWG thanked the group for the fruitful and efficient meeting. 

ANNEX 1

	TD No.
	TITLE
	SOURCE

	S4-030048
	Liaison Statement on Scalable Codec for MBMS
	TSG RAN WG2-RAN WG3 MBMS ad-hoc meeting

	S4-030175
	Liaison Statement on RTCP signalling in MBMS
	TSG RAN WG2

	S4-030210
	LS on Usage of UMTS Bearer Service attribute Maximum SDU size
	TSG SA WG2

	S4-030247
	DRAFT Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers>
	TSG SA WG4

	S4-030265
	CR 26.234 058 SMIL supported event types (Rel-5)
	RealNetworks

	S4-030275
	Liaison Statement on Minimum UE Capability Required for Supporting MBMS
	TSG SA WG2

	S4-030276
	Liaison Statement on Core Network Provision of separate flows for P2P and P2M radio Transmission
	TSG SA WG2

	S4-030277
	Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers>
	TSG SA WG2

	S4-030281
	LS on Protocols, Codecs and Media formats for MBMS
	TSG SA WG3

	S4-030282
	CR 26.233 004 rev 1 on Declaration of Content Cache (Rel-6)
	Huawei Technologies

	S4-030283
	CR 26.234 059 SMIL supported event types (Rel-4)
	RealNetworks

	S4-030284
	Reply LS on Radio Access Bearer for PS conversational testing
	TSG CN WG1

	S4-030285
	LS on further discussion on the meaning of the Transfer Delay QoS parameter for Streaming services
	TSG GERAN

	S4-030286
	LS on Core Network Provision of separate flows for P2P and P2M radio Transmission
	TSG GERAN

	S4-030287
	New TS 26.246 on 3GPP SMIL Language Profile
	Editor

	S4-030288
	CR 26.234 060 on Correction to the Content Model of the SMIL Language Profile (Rel-5)
	Nokia

	S4-030290
	Reply to Liaison Statement on Scalable Codec for MBMS
	TSG SA WG2

	S4-030305R
	Draft Meeting Agenda for the PSM SWG session at SA4#26
	SA4 PSM SWG Chairman

	S4-030320
	Liaison Statement to 3GPP on Meta-Data in ISO Media Files, Streaming Text, Advanced Text and Graphics Amendment
	ISO/IEC JTC 1/SC 29/WG 11

	S4-030323
	Reply to Liaison Statement on MBMS Codec Requirements
	TSG SA WG2

	S4-030328
	Moving Forward on Reliable Transport
	PacketVideo

	S4-030329
	New client to server signalling for cooperative rate adaptation
	Nokia

	S4-030330
	RTP retransmission in PSS Rel-6
	Nokia, Panasonic

	S4-030332
	Proposed draft Rel-6 PSS Quality Metrics Permanent Document
	Editor (NEC)

	S4-030334
	Reliable Streaming
	Ericsson

	S4-030335
	Specification text for 3GP server file format
	Editor (Ericsson)

	S4-030336
	Specification text for adaptive streaming
	Editor (Ericsson)

	S4-030337
	Adaptive Flow Control for improved mobile streaming QoS - Problem Statement and Requirements
	Ericsson

	S4-030338
	Working draft of PSS Protocols and codecs - TS 26.234 Release 6 (V0.2.2)
	Ericsson

	S4-030339
	Request for leveraging 3GPP Graphic Format
	France Telecom R&D, Orange

	S4-030343
	Working draft of 3GPP file format - TS 26.244 Release 6 (V0.1.4)
	Editor (Ericsson)

	S4-030344
	Working draft of Timed text format - TS 26.245 Release 6 (V0.1.4)
	Ericsson

	S4-030346
	Adaptive Streaming - PSS Client Buffer Management
	Panasonic

	S4-030347
	Updated version of the TR 26.937 "RTP usage model"
	Editor (Nokia)

	S4-030348
	Some issues on rate adaptation
	Nokia

	S4-030349
	Proposed minor enhancement to 26.245 Release 6 timed text format
	Apple Computer Inc. USA

	S4-030350
	Issues and discussion on reliable streaming
	Apple Computer Inc. USA

	S4-030351R
	Report on the ISMA content protection work and specification
	Apple Computer Inc. USA

	S4-030353
	Stream Quality Metrics - Client Metrics
	Three, Vidiator

	S4-030357
	Liaison On DRM Content Format Statement
	MAGDownload + DRM of the Open Mobile Alliance

	S4-030360
	Draft Reply to “”LS on Usage of UMTS Bearer Service attribute Maximum SDU size“ (To: SA2)
	SA4

	S4-030361
	Reply to “Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers>”
	SA4

	S4-030362
	Draft Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers> (To: GERAN2, Cc: SA2)
	SA4

	S4-030363
	Draft Reply to LS on < further discussion on the meaning of the Transfer Delay QoS parameter for Streaming services > (To: GERAN, Cc:SA2)
	SA4

	S4-030364
	Draft Reply to “Reply LS on Radio Access Bearer for PS conversational testing” (To: CN1, Cc: RAN2, GERAN2)
	SA4

	S4-030365
	DRAFT Liaison response on Meta-Data in ISO Media Files, Streaming Text, Advanced Text and Graphics Amendment (To: ISO/IEC SC29/WG11)
	SA4

	S4-030366
	Draft LS on DRM Content Format (To: OMA DRM+DL, Cc: SA3)
	SA4
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