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6.1 Opening of the session: Monday September 1st, afternoon
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 S4-030597 was approved and the documents allocated to the agenda items

6.3 Reports/Liaisons from other groups/meetings

6.3.1 3GPP working groups


S4-030583, ”Response to Liaison Statement on “Reliable transport” for PSS”,from TSG SA WG1. A technical solution for reliable live streaming has not yet been discussed in S4. The new updated requirement document does not have any requirement for reliable live streaming in R6. An answer will be drafted in S4-030645  Noted. 

S4-030614,  “LS on Optimisation of Voice over IMS”, from SA2.  There is an old contribution on limitation of the size of the RTCP size from Nokia. The minimum size of a RTCP report is 72 byte but around 80 is the normal. Separation of the RTP and the RTCP stream is not a good solution as it is not possible to do measurement of the round-trip delay then. Three argued that RTCP is not useful in a point-to-point voice only connection. Ericsson pointed out that there might be non-QoS parts in a point-to-point connection and then RTCP is useful! The interested parties were recommended do have an offline discussion. Noted. 

S4-030643, “LS on Usage of RTCP & SDP in MBMS”, from TSG RAN WG2. Is it possible to state that RTCP reports will never be used in the uplink? Yes, at least not on the broadcast bearer!  We should also have some examples on SDP distribution in the LS as well as point out the fact that the SDP is NOT a part of the session.  MMS, HTTP and SAP should be used as examples of SDP distribution. Three asked if there is architectural impacts of SAP but no answer in the group. An LS will be send back in S4-030646 drafted by Nokia. Noted. 

S4-030048,  ”Reply to Liaison Statement on Scalable Codec for MBMS”,from SA WG2.  Postponed. 

S4-030290,  ” Liaison Statement on Scalable Codec for MBMS”,from  the 3GPP RAN WG2-RAN WG3 MBMS ad-hoc meeting.  Postponed. 

S4-030661, “LS regarding progress of work for MBMS User Services”, from TSG SA WG1 ,  A new updated WID on MBMS will be provided by Nokia in S4-030669. A LS response will be available in S4-030670.  Noted. 

6.3.2 Other groups
S4-030626, “LS to 3GPP SA4, OMA DLDRM”, from  OMA DLDRM,  The proposal from OMA on how to split the work is accepted. Two small clarifications are needed: The cipher method will be decided in S3 and not in S4,  we should ask if a URI pointing to the key handling function in the media stream is needed. An answer will be send back in LS S3-030647. Noted. 

6.4 Maintenance of Release 5 and earlier releases


6.4.1 Transparent End-to-End Mobile Streaming Application (SA4)
6.4.2 Extended Transparent End-to-End PS Streaming Service (SA4)
S4-030607,  ”CR 26.234 065 on Correction of obsolete RTP references (Rel-5)”,  from Ericsson. It was questioned if there where any technical changes or any backward compatibility issues in this updated RFC. The description of RR and RS (in the SDP)  is updated. An alternative could be to add the new RFC as information and keep the old (obsolete) reference. During the offline discussion it was clarified that no technical changes have been done in the new RTP RFC in the parts that 3GPP use. Approved. 

S4-030622,  “CR 066 on TS 26.234 Rel. 5 on correction of wrong reference”, from Nokia. Approved with updates.  New CR in S4-030648. 

S4-030654,  ” CR 26.234 067 Missing signaling of live content (Rel-5)”, from Ericsson. It was stated that there is ongoing discussion in the IETF on this issue. SA4 should consider the outcome of this discussion in future Releases (e.g. Rel-6) of PSS. However for Rel-5 the proposed CR was seen as useful correction and hence was Approved. 

6.4.3 Provisioning of IP based multimedia services (SA1)
6.4.3.1 Multimedia Codecs and Protocols for Conversational PS Services (SA4)

6.4.3.1.1 Codecs
6.4.3.1.2 Protocols
S4-030608,  ”CR 26.236 006 on Correction of obsolete RTP references (Rel-5)”, from Ericsson, see also S4-030607.  Approved. 

S4-030623, “CR 007 on TS 26.236 Rel. 5 on correction of wrong reference”, from Nokia. Approved with updates. New CR in S4-030649.
6.4.4 Multimedia Messaging Enhancements (T2)
6.4.4.1 MMS formats and codecs (SA4)
6.4.5 Other issues
 

6.5 Remaining Release 5 work 

6.5.1 Extended Transparent End-to-End PS Streaming Service (SA4)

S4-030624,  “Updated version 1.7.0 of TR 26.937 on RTP usage model”, from editor (Nokia). Approved with updates. New Version in S4-030650. 

6.5.1.1 TR on RTP usage model
6.5.2 Other issues
6.6 Release 6 work 
6.6.1 Packet Switched Streaming Rel-6 (SA4)
S4-030581,  “Working draft of Timed text format - TS 26.245 Release 6 (V0.1.6)”, from editor (Apple).  Approved. 

S4-030593,  “Updated draft version of 3GPP SMIL Specification (TS 26.245986)”, from Nokia. Approved. 
S4-030603,  “Working draft of PSS Protocols and codecs - TS 26.234 Release 6 (V0.2.7)”, from editor (Ericsson). There was a comment from Philips on the updates of the references to the new RTP RFC that backward compatibility might be a problem! Philips and Three did some offline checking and later reported that they do not see currently any problem and accept these updates. Approved.
S4-030604, “Working draft of 3GPP file format - TS 26.244 Release 6 (V0.2.4)”, from editor (Ericsson). One comment from PacketVideo was that it is better to have a description when each brand can be used as major or minor brand instead of a table only. This descriptions is in the specification already but spread in the text. Approved with comments. 

S4-030605, “Specification text for bitrate adaptation: receiver buffer feedback”, from Ericsson and Nokia. There were some comments on the technical part. Reporting frequency should include a default or recommended value. This is not possible to do since it might be  different in different environments so that a fixed value is not useful. Is should be possible to change the reporting interval dynamically not only static as described. There might be a problem with this since this means that the PDP context needs to be recomputed.  RR and RS values will be defined in the SDP and cannot be changed. Report frequency is misleading name since it says only every second, third etc. packet and not in time. There was some support for defining the frequency in time instead of in “packets”.  References to SDP will be updated to say SDP description. A discussion about RTCP and minimum/maximum reporting interval started. (See also S3-030652). 

There was a long discussion about the status of the feature (mandated or optional). Arguments for mandatory status (mainly by Ericsson and Nokia): this is the main feature in R6 and is needed in order to compete successfully with proprietary solutions (which all have equal features). The burden to mandate it in the terminal is very low. To have the feature optional does not make the overall interoperability testing easier. 

Arguments for optional status (mainly Philips, NTT DoCoMo and Apple):  This is not needed for interoperability. There is an extra cost associated with conformance testing. It does not make sense to have it mandated only in the terminal. The feature is not well tested and before making it mandatory it should be used “in real life” for a while. The decision was to add the feature in R6 as optional. Noted 

S4-030652,  “On RTCP reporting for bit-rate adaptation“, from Nokia. There is an upper bound on reporting frequency that is  well described in the text. This was agreed. However it was not agreed that there is a lower bound defined by the calculation. This might be a misinterpretation of the specification. 

There is no precise text in IETF. Common implementations on the Internet are that the calculation is not a fix interval but a lower bound on the interval. There is a problem since different companies read our specification differently and it must be fixed. Two proposals were made to fix this: Make it mandatory to use the RS interval calculated. The other is to use the calculation based on the  maximum bandwidth RS as an lower bound on the interval and then add a second parameter that gives the maximum interval allowed. Input is needed for the next meeting. Noted. 

S4-030606,  Replaced by S4-030651.   

S4-030651, “Live media indication and usage of open "a=range" in SDPs for PSS”,  from Ericsson.  The work on including “seekability” has not been started in IETF. Moreover, as there seemed to be some on-going discussion in IETF on the usage of the range header, SA4 should monitor the discussion in case we should update the signaling in Release 6. Approved.
S4-030629, “Streaming Quality Metrics – Transport” from Vidiator and 3.  What happens if the feature is not supported? Then an error code (parameter not understand) is sent back. Maybe the RTSP method “options” should be used instead of “set/get param”.  The reason to use RTSP instead of RTCP is reliable delivery and long round trip delay. Range, and period, and triggering of the report is the problem, RTSP gives more flexibility. Not just one value should be defined but a minimum set. When is this setup? It is possible to do whenever during the session? The client should push the metrics, if the TCP connection is dropped.  Why not set the parameter to be send in the SDP? Yes this is also a possibility but the presented solution is more flexible and it gives the client/server to possibility to negotiate on each media stream.  

How long will a corrupted I-frame destroy the experience?  We do not know how to get the answer on how long a visual error lasts. Why not let the server do the calculation? It is to complex for the server on the other hand it is impossible for the client to compare with the original bit stream.  It is expected that the terminal reports reasonable truthful information to the server. One proposal for an updated definition is to report from the loss until the next I-frame or after x frames,  whatever happens first. This could also be used for Audio. 

If the application crashes or OS crashes then the crash information is not available. This is already included in the proposal. How is the metrics reported if the session is teardown? It could be in the teardown request itself or by some other mechanism.  

The rebuffering definition seems to be very complex. Is it not the case that it should be reported if the playout stopped, without user interaction, independently of the reason? 

It was decided to add the text into the permanent document. A BNF notation of the signaling should be added later. Noted. 

6.6.2 Multimedia Messaging (MMS) enhancements (T2)
6.6.2.1 MMS formats and codecs (SA4)
S4-030598,  “Proposed RTP payload formats for pre-encrypted 3GPP media”,  from Apple Computer.  Discussion and informative document. Noted. 

S4-030639,  “File format extensions and real-time transport of DRM protected continuous PSS media”,  from Nokia and RealNetworks. Encrypt then packetise is not that easy to do as described by Apple in S4-030598. The player needs to be transport aware for a player to play the other type of file (packetise then encrypt) file or the content must exist in two encrypted versions, one for download one for streaming. A Non-standard way to express the mime types in the SDP could be used.  Selective encryption, as described in the document,  is questioned by Ericsson/Apple. The “double solution,” proposed in S4-030639, that requires one packaging for download and one for streaming is preferred by the group. This means that the download content creation process could be similar to ISMA but the streaming format will be different. Issues we need to solve: representation in the SDP,  define a new payload format, new profile in the SDP is a possibility. The solution MUST be extensible solution. An LS will be drafted by Real to S3 in S4-030660 . Noted. 

S4-030599, “Soft Text wrap Support in 3GPP Timed Text”, Apple Computer. Is softtext wrap necessary or not? Is it done in a way we like? We earlier decided that soft text wrap should not be included due to complexity.  Is there an extensions mechanism in the timed text format? If so they could use or specification and just add new features (like the .3gp file format). Input on requirement on softtext wrap is  expected at the next meeting. Two Liaison Statements will be produced to  ITU-T SG9 in S4-030667  and to 3GPP2 in S4-030668. Noted. 

S4-030600,  “Supporting non-standard frame sizes in H.263” from Apple Computer. The problem might be solved if our requirement sent to ITU is accepted.. There might be a separate problem in MMS since they use QVGA which is not supported by the mandatory codec. Noted. 

6.6.3 IMS Messaging (SA1) and Support of Presence Capability (SA1)

6.6.3.1 Media Codecs and Formats for IMS Messaging and Presence

S4-030616,  “First Working draft of TS 26.141: IP Multimedia System (IMS) Messaging and Presence; Media formats and codecs” from Nokia (Rapporteur). I was agreed to take away the difference between static and continues media. Editor is still missing.  Noted. 

6.6.4 Definition of teleservice using MBMS (SA4, SA1)

S4-030611, “Proposal for draft MBMS Protocols and Codecs TS”, from Three. There where comments on the bearer and also on the carousel mechanism. Figure 1 is approved.  Figure 2 needs to be updated. Other transport options might be defined over time. Three offered to be the editor and this was accepted. Noted. 

S4-030612, “MBMS Requirements”, from Three. Packet loss could be addressed by redundant information instead of error resilience tools. Move redundant information from the codec to the transport/network is an option. Combination of error resilience and redundancy methods are also possible. We do not have any characterization of the network yet. A decoder that gets a packet with biterrors should be better: however this is not clear at all for video. H.263 does have GOB headers to resynchronize. An earlier S4 contribution from Nokia, S4-010024, shows that the error handling is quite good for H.263 baseline. The error resilience depends a lot on the available tools, Data partitioning is such a tool. Scalability, rate adaptation should be considered in later Releases. It was concluded that there is a consensus on not work on scalable codecs for Release 6, this will be added in the permanent document. UDP does not always send packets with  biterror up to the layer above. Error concealment is not a part of any standard but the error resilience tools are. Noted. 

S4-030630, “Carousel Protocol and Format for MBMS”, from NTT DoCoMo.  The proposal is to use RTP without RTCP and continuous retransmission. It was commented that RTP for download is not appropriate, other protocols should be considered.  We need a clear definition of what a carrousel is, how it interacts with the application and on what level this is done. Noted. 

6.6.5 Other issues
S4-030592, “H.264 / MPEG4 AVC - Introduction to 3GPP Services” from Siemens AG. An updated version is available in S4-030653. Noted.

S4-030596, “Proposal on ITU-T H.264/MPEG-4 AVC in Release 6”, from Panasonic. The complexity numbers how meaningful are they since the MPEG-4 simple implementation is not optimised? Nokia commented that the complexity analyse of the error resilience features is not correct: FMO might be implemented smarter. Loopfilter is usually used in today’s H.263 anyway so no added complexity. Support for Level 1 is proposed in the document. Slight restriction of the profile/levels are acceptable for specific services as long as it is a true subset (comment by Siemens). Noted. 

S4-030618,  “On MPEG-4 AVC / H.264 in Release 6”, from NTT DoCoMo, Inc.  DoCoMo pointed out that we should not over specify anything, as an example decoder conformance needs not be specified, as proposed in previous documents(Siemens). What is the proposed settings for the baseline? Level 1 at this point, 128 kbit/s when this is defined. It is desirably to match other content: this is not a decoder issue but more service issue. Preferably full baseline decoder but recommends specific guidelines. H.264 encoding is not listed. Noted. 

S4-030631,  “Revised proposal to support MPEG-4 AVC / H.264 in Rel-6”, from Nokia.

Interleaving is allowed in the RTP payload format of AVC. What is the cost for FMO? The overhead can be found in a JVC paper. An error rate around1% seems to be the breakpoint when error resilient tools becomes useful in AVC. The error resilient tools are complex to use and how will the implementers know what to do. For H.263 there exist a document but not yet for H.264. The JVT group might do something but it also possible to do something in 3GPP. Is there any influence on the decoder depending on the use of FMO. A dumb implementation might get a different result compared to a smart implementation.  AVC is 20-50 % more complex then H.263 with loop-filter. What happens if the FMO is included? There is no bigger buffer then the hypothetical decoder buffer.  The H.26L and H.263+ comparison is not really meaningful. The UVB implementation referred to in the document, does it use any “limitation tricks”? It is not know.  To mandate SEI means baseline+.  The features are most likely already included in H.245 for conversational service. A presentation accomplishing this document is available in S4-030655. Noted. 

S4-030632, “Computational complexity of MPEG-4 AVC / H.264 decoder”, from Nokia. What does it really say? It shows that there is a definite maximum. What is the difference between H.263 and H.264 encoding? Not known.  Noted. 

S4-030613, “WMV9 - an alternative advanced video codec for 3GPP”,  from Microsoft. 

The codec will be presented to international SDO during the fall.  Development of transport of WMV9 in MPEG2 streams are under development. RTP format is also under development. ARIB and DVB have been/is looking at WMV9.  Advanced I frame coding is used , postfiltering is controlleable with one in-loop and one deblocking. Two reference frames are used. Advanced motion compensation is used but not global. It is not known how good the Tandberg implementation of H.264 is compared to the reference codec. For high motion more then one reference frame helps.  The low end is not in the presentation. Was color conversion included in the H.264?  It is not included in the calculation of the complexity for the WM9 codec. The codec complexity on the real platform ( OMAP 710) is about twice as high as given by the emulator. What about the encoder complexity? Not shown and not interesting for our use case. How would this integrate into 3GPP PSS? The format for .3gp file format needs to be defined. RTP format must also be defined.  Same codec features as in MPEG4. Lower bitrate can be improved, when is not clear. High and low bitrate is different,  will this effect the decoder? Most likely not.  

This is anApple/Orange comparison: one is an open H.264 but not yet optimized codec the other is an optimized but not (yet) open WMV9 codec. We need access to the specification in order to make a fair comparison. The WMV9 specification should be public as a standard in late 2004. We should clarify the requirement to MS what they should get ready an when. The timescale is important, no more delay of R6 is acceptable! Are we going to have a mandatory or optional codec? We already have a mandatory codec for video. NEC and Three are for an optional codec. Nokia proposed to make the new codec mandated in order to give a market message. Ericsson expressed that either zero or one more optional codec is accepteable but not two! We should not delay the decision on H.264 because of WMV9 (i.e. the Release 6 timeframe is important.) Three expressed that preferable is one, the next best is two, the least favorable is none new codec in Release 6.

RTP payload specification might be a problem. There are several companies involved in the RTP standardization process (in IETF) and it is hard to control it.

The discussion about  source code, available for everybody started. Most companies seemed to be a in favor for some type of open source code ranging from “the code used to produce the sequences used at the selection tests must be available” (Ericsson Nokia) to some what less strict view expressed by Apple and Motorola (source code available that meets the candidate entrance criteria). At least one company (Microsoft) expressed the view that open source code should not be included in the specification but only a textual description of the algorithm. The possibility to have a third party to handle the source code and licensing was discussed. 

If only one codec fulfill the requirements then it will be chosen at the February meeting. 

Terminal implementation and interoperability with other standards is also important. DVB and ARIB have already chosen AVC.  The possibility to implement an efficient AVC decoder and (even more) encoder was questioned by Microsoft. 

We need to finalize all documents before we set the end of the process (candiadate criteria, test plan and selection criteria). In order to be ready in time we will have a declaration of intention to submit a candidate in October (maybe we will end up with only one candidate). 

The discussion on requirements for video codec candidates, documents on candidate criteria’s, selection criteria’s, test plan and a draft time plan for video codec selection process is documented in S4-030658. It was decided to have further discussion on this document during an evening session. A document of this offline discussion can be found in S4-030659. The contribution S4-030613 was Noted. 

S4-030609, “The Mobile DLS Content Format”, from  Nokia, Motorola, Ericsson, Beatnik and Vodafone.  The contribution proposes a new instrument format for improved MIDI content.  A technical specification was requested for SA4 review, and it is expected to be available for the next meeting.  The implementation complexity and polyphony were questioned.  Vodafone commented that there is a need for other means than polyphony to provide a better quality to the consumer.  The whole Mobile DLS technical work is aimed at low complexity, reducing from existing DLS2 specification.  Beatnik commented that SP-MIDI and Mobile DLS together offer a scalable solution for complexity. Noted.

6.7 Postponed issues

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

6.9 Any Other Business

6.10 Close of the session

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