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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 S4-030105 was approved and the documents allocated to the agenda items.

6.3 Reports/Liaisons from other groups/meetings 

6.3.1 3GPP working groups

S4-030045,”Liaison Statement on MBMS codecs requirements “, from 3GPP RANWG2 - RANWG3 MBMS ad-hoc. The group felt that it is very difficult to answer this LS without a  better understanding of the application and the “allowed” work area for S4. Nortel will draft an answer in S4-030183. Noted.

S4-030048, “Liaison Statement on Scalable Codec for MBMS “, from 3GPP RAN WG2-RAN WG3 MBMS ad-hoc meeting. Postponed until we get an answer on S4-030183. Noted.
S4-030175, “Liaison Statement on RTCP signalling in MBMS”, from TSG RAN WG2. Postponed until later meetings. 
S4-030113, “Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers>”, from TSG GERAN. The transfer delay is by definition met in 95% of the cases. It is only in extreme cases that the network will not be able to fulfil the delay contract. The Network should not expect anything about the terminal (and vice versa). The question is what should happen in the extreme cases? The delay is between the UE and GGSN, what is happening before the GGSN is not controlled or known. For many applications late packets are useful for some they are not useful. NEC is drafting  an answer in S4-030184. The second bullet is still open. Noted. 

S4-030166, “Reply LS on "Procedure for specifying UMTS QoS parameters per application”, from TSG CN WG3, The comments in the LS where seen as useful (and at least the first two correct). Nokia will draft and CR in S4-030186 and an LS answer back in S4-030185. Noted
S4-030167, “LS on Handling of DTMF in IMS”, from TSG CN WG3. This LS might result in a CR. Postponed. 

S4-030183, “Draft Liaison Statement on MBMS codec requirements (To: TSG RAN WG2, TSG RAN WG3, TSG SA WG1 and TSG SA WG2)”, Approved.

S4-030167, ”LS on Handling of DTMF in IMS”, from TSG CN WG3, It was accept to include this in TS 26.235. Noted. A LS response is provided in S4-030198. A CR to 26.235 is provided in S4-030199. 

S4-030184,” Draft Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers> (To: GERAN2, Cc SA2)”, from PSM SWG, Approved with updates. New document in S4-020200.

S4-030185, “Draft LS on Corrections on Procedure for specifying UMTS QoS parameters per application (To: CN3, RAN2, Cc SA1, SA2, RAN4, T1)”, from PSM SWG, Approved
S4-030204, ” Liaison Statement to confirm Maximum Rate Control and Guaranteed Bit Rate”, from TSG RAN WG3, Noted.
S4-030205,” Reply LS on Usage of UMTS Bearer Service attribute Maximum SDU size”,  from TSG RAN WG3, Noted.  
S4-030176,” Reply to SA2 LS on Usage of UMTS Bearer Service attribute Maximum SDU size”, from TSG RAN WG2. Noted.
S4-030177, ” Response to LS (S4-020622) on RTCP packet size limitation for voice over IP traffic”, from TSG RAN WG2, Noted.

S4-030210, “LS on Usage of UMTS Bearer Service attribute Maximum SDU size” from TSG SA WG2. Response was postponed to next meeting.

6.3.2 Other groups

S4-020641 “Liaison to multiple SDOs requesting input for “Media Coding Summary Database” project” from ITU-T Study Group 16, There will be a draft answer in S4-030104. Noted.

S4-030117, “Two issues for consideration”, from IMTC PSS-AG, It was agreed to update the SDP syntax for the frame size. NATP is not inside S4 responsibility. Answer in S4-030188, CR in S4-030187. Noted. 
S4-030188,” Draft Reply to liaison statement ‘Two issues for consideration’ from IMTC (To: IMTC PSS-AG)”, from PSM SWG, Approved with comments. New version in S4-030202,  Attached updated CR in S4-03203.

S4-030197,” Draft LS on Meta-data in ISO Media Files (To: ISO/IEC/JTC1 SC29/WG11 (MPEG)”, from PSM SWG. Approved.
S4-030173,” Liaison Statement on implementation concerns for SVG Tiny”, from RIM, Noted.
6.4 Joint session of PSM SWG, SQ SWG and AMR-WB+ ad-hoc on common Rel-6

6.4.1 PSS/MMS audio codec selection criteria

S4-030123, “DRAFT - PSS/MMS Audio Codec Selection , Criteria and Test Outline - Version 0.1”, from the Editor (Coding Technologies), This document generated a lot of discussion.  The list of proposed codecs will be finalized at this meeting. Siemens pointed out that this might be a problem; there are many good codecs available that will not take part in the selection process. The selection process was discussed (two step versus a one step approach). The way to evaluate codecs (figures of merits) was discussed, if possible one single figure of merit is preferable but it is possible to have many different (this have been the case in earlier selection processes). NEC commented that there are some hard limits. Panasonic pointed out that the document is a mixture between hard and soft limits. Dolby was missing encoder complexity requirements/limits. This would add new lines in table 2.1. Multivariable evaluations are difficult to handle and we need good selection rules. The final selection is multivariable, other variables then quality will have impacts on the selection. Furthermore there are cross effects between many requirements. Ericsson did not support that quality should be the only selection criteria at the level two selection. The final weighting is missing, however Siemens argued that we do not need to finalize all parts yet. In the table 2.1 the contribution from Ericsson should be integrated (S4-030159). Ericsson had comments on the speech part and wanted to add AMR-WB as a reference. There were also comments on the bitrate for speech (24 kbit/s is the proposed test bitrate, why not lower?). One reason is that the codec aims to replace AAC and not AMR-WB. It was agreed to add 16 kbit/s but the requirement was not clear (better then AMR-WB was not accepted since AMR-WB is not competing in the tests). The use case for speech and the relative importance for speech only, mixed content and audio (music) was not clear (this will be handled offline, the weighting of the different test cases will also express this). Dolby wanted to add some new user scenarios. Coding technology pointed out that for high quality encoding all codecs under discussion would fall back to AAC. It was also pointed out (Ericsson, Nokia) that the new codec should be significantly better then AAC since this will be a mandated codec replacing an optional codec. This will be handled offline. There is still some uncertainty about the border between the lower and the upper bitrate codecs. Update in S4-030182. Noted. 

S4-030182, “DRAFT - PSS/MMS Audio Codec Selection , Criteria and Test Outline - Version 0.2”, from Editor (Coding Technologies). The breaking point between high rate and low rate codecs is not set. There was a question about the new content type Mixed content 2, what is the mix, is it real world examples, is this a real case? It was explained that the error robustness test is oriented towards frames and not packet loss. There has been a long discussion in the group and good knowledge of the channels is missing, but this was seen as a good alternative that would reflect the real world performance. The assumed underlying packetisation scheme uses interleaving. RFC3016 does not allow interleaving and we might very well continue to use that format. The packet loss behaviour is important and the condition described in the document might be wrong.  Vodafone pointed out that there are two speech cases in the document: clean speech and speech with a little noise, what about really noisy environment. The document will be updated in S4-030230 (finishing of the started editorial changes, update of index, taking care of the comments etc). Noted. 
S4-030158, “PSM low bit rate audio codec selection criteria”, from Ericsson. Emblaze meant that most of the selection criteria are valid for high bitrate as well. Coding Technology commented that some of them are less important such as speech (less of importance due the general high quality), and the close connection to AMR-WB+ design constraints. But it was agreed that there are high degree of overlap. While general quality is important there where some questions regarding clean speech, is this important or not?  For PSS it should be of less importance (the content is usually created offline). What does “useful for MSS” mean besides limitation off the encoder complexity?   Consistent quality might be important. Further more DTX is nice feature but full variable bitrate is even better. Ericsson pointed out that speech codecs are available, but it is not always easy to know what type the content is. The encoder for MMS should be clearly specified, both the encoder and the decoder should be open and preferable in fix point, further investigation is needed on DTX versus source-controlled rate. Paulo asked if open specification for encoder and decoder means open source code? Ericsson replied that this is the intention.  NEC comment on the AMR-WB+ design constrains and argued that they are of less importance for PSS (PSS being a different type of service then circuit switched conversational speech). Ericsson commented that the document is not only useful for AMR-WB+ selection but that it could (and should) be used for the PSS low bitrate selection as well.  Alcatel, asked if the intention is to have a bit exact implementation? Nokia and Ericsson replied that the plan was to have a bit exact implementation.  Coding Technology replied that this will limit the possibilities to develop the encoder, another way is to have conformance criteria as in MPEG. This has been very successful and means that there is no bit exactness. There is no compelling reason to do anything else. Ericsson commented that there is a clear advantage to have a fix point implementation with known test vectors when the target platform is mobile with a strict limitation on complexity. To have a bit exact codec means that all improvements have to be endorsed by the group. NEC commented that the test will be done in floating point and later there will be a fix point version, this is not consistent. Bad frame handling does not necessary need to be bit exact. Dolby meant that the encoder and decoder must be discussed separately. The encoder is probably looser described then the decoder. Is there a requirement that error concealment is specified? Ericsson replied that it would look like the AMR and AMR-WB specification. Coding Technology questioned why would the specification borrow the structure from AMR and AMR-WB. Ericsson replied that it is the same type of terminal. The discussion will continue offline. Noted.

6.4.2 AMR-WB+ performance requirements

S4-030137, “Updated draft AMR-WB+ performance requirements”, from Editor (Nokia), Noted.

6.4.3 Other issues

S4-030159, “Application scenarios using low bit rate audio in PSS and MMS in 3GPP Rel-6”, from Ericsson and Nokia. There were some strong opinions that the document should not be presented in S4 but in S1 since S4 is not responsible for services. However in order to design the codec the service/application should at least be known to S4. The granularity of the bitrate is important since that will have impact on the discussion for PSS (not necessarily true for MMS).  Are we able to make a mandatory codec for PSS ourselves or must we ask S1. For PSS use we can do this ourselves (backed up by an old S1 decision).  Coding technology commented that the use cases for PSS is still uncertain so we do not wan to limit the codecs too much.  It might even be feasible to have higher bitrates then 32 kbit/s. For MMS it might be beneficial to have one codec that cover a large bitrate/”source” area.  The later comment was questioned since this is what is happening in the present implementations. The requiremnt to have consistence between different source materials was also questioned. The document was in the end considered to be outside of S4 area. Noted.

S4-030139, “Proposal for joint AMR-WB+ and PSM audio codec testing from PSS/MMS”, Nokia. Coding technology commented that saving time and efforts are good. However what reference codec should be used, how should the mismatch between test cases be handled? Panasonic pointed out that there is mismatch between the PSS codec and AMR-WB+ tests and before deciding for joint testing this mismatch should be solved. Hence, Panasonic recommended to continue with two separate tracks but to work on solving the mismatch in order to make joint testing possible. In the end we want to compare AMR-WB- and AAC+ at least for the low bandwidth. All codecs must also be treated equal (AAC+ and AMR-WB+). Ericsson commented that the design constrains for AMR-WB+ could also be used for PSS audio. Noted.

S4-030138, ”AMR-WB+ development schedule”, from Nokia. Noted. New document in S4-030214.

S4-030214,” AMR-WB+ development schedule”, from Nokia, Comments from Panasonic: Spilt the PSM and AMR-WB+ work more clearly,  Make clear that AMR-WB+ is only intended for the low rate audio in PSS.  Noted. Update in S4-030231.
6.5 Maintenance of Release 5 and earlier releases


6.5.1 Transparent End-to-End Mobile Streaming Application 

S4-030179, “CR 26.234 055 rev 1 Update of references (Rel-4)”, from Editor (Ericsson). The changes are in principle acceptable and approved, however it was felt that the changes might be difficult to get approved in SA-plenary. Kari will have to comment on the proposal. Postponed.
6.5.2 Extended Transparent End-to-End PS Streaming Service 

S4-030180, “CR 26.234 056 rev 1 Update of references (Rel-5)”, from Editor (Ericsson), Approved with comments, new version in S4-030191.
S4-030124,” Specification of stream control URLs in SDP files” and

S4-030125” CR 26.234 053 regarding specification of stream control URLs in SDP files (Rel-5)”, from RealNetworks, Approved.

S4-030134, “CR 26.234 054 Clarification of multiple modifiers for timed text (Rel-5)”, PacketVideo. Approved.

S4-030170, “RTCP bandwidth modifier in SDP - Boundary usage”, from Nokia. Ericsson commented that the bandwidth is slightly wrong calculated. Ericsson also wanted to add a percentage limit. Nokia wanted to have a justification of such a percentage value. The justification being that some of the RTCP reports will grow with higher packet rates and the packet rate will be higher when high bitrates are used. The question was raced why the RTCP bandwidth should be limited at all. Nokia pointed out that it should be limited since it otherwise can take very large values. It is even possible to have an RTCP stream with a bandwidth that is a number of times bigger then the media stream. Another question was why the sender reports is useful only once a second? Nokia replied that this is just an assumption, roundtrip pull might need higher values. How is the limit enforced? It is a network business; in the IMS case there will be an authorisation mechanism. A new document based on the discussion will be created in S4030189. Noted.

S4-030189,” RTCP bandwidth modifier in SDP – Boundary usage (updated)”, from Nokia, Approved, CRs have to be produced: CR to 26.236 in S4-030226, CR to 26.234 in S4-030227.

S4-030162,”Definition and Signalling of Maximum Packet Reception Rate of the 3G PSS Client (Release 5 and beyond)”, from Nokia. Nokia pointed out that Max bitrate and Max packetrate are not directly connected. The intent is to have a dynamic signaling method where the client can change the max packetrate over time. The server is not forced to change its behavior (even if the server declares that it understand the parameter). Emblaze questioned why only the bitrate and packet rate should be signaled, there are many other rates as well such as video frame rate, why is this not added to the signaling? Nokia answered that bit rate and packet rate is hardware limited but the other rates are less so. It was also questioned if the packet rate at the server really will mean anything at the terminal after the jitter and buffering introduced by the network. Noted. New input expected at the next meeting.
S4-030191,” CR 26.234 056 rev 2 Update of references (Rel-5)”, from Editor (Ericsson), Approved.
S4-030203,” CR 26.234 057 rev 1 Correction of signalling frame size for H.263 in SDP (Rel-5)”, from Emblaze Systems and PacketVideo, Approved with commends. New document in S4-030229, the LS to IMTC in S4-030228.
S4-030229,” CR 26.234 057 rev 2 Correction of signalling frame size for H.263 in SDP (Rel-5)”, from Emblaze Systems and PacketVideo. Approved.
S4-030186,” CR 26.236 004 Correction on QoS profile parameters for conversational multimedia applications (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 

S4-030127, “Clarifications on TR 26.937”, from Nokia. A small update is needed. Approved. CR in S4-030190. 

S4-030190,” 3GPP TR 26.937 v. 1.4.0”, from Editor, Approved.


6.6.2 Other issues

6.7 Release 6 work 

6.7.1 Performance characterisation of default codecs for PS conversational multimedia applications 

6.7.2 Packet Switched Streaming Rel-6 

S4-030163, “STUN and NAT traversal,” Philips, Emblaze commented that the document conflicted with the IMTC LS S4-030117. It was discussed if the STUN protocol have any architectural impacts or not (NAT have architectural impacts).  NATs and firewalls are usually combined and symmetric something that STUN cannot handle. Since NATs is not included in the architecture it is the operator that brings in the architectural element. They should then also see to that it works. It was felt that is not an issue for standardization but more a matter of implementation. Noted.

S4-030128, “Proposal for PSS Audio Codec,” from Dolby Laboratories Inc, Dolby. This codec shall be added the list of codecs for PSS. There are no complexity figures this time but it is less complex then full BW AAC.  It was pointed out that the codec is not related to current MPEG activity. The codec will be compatible with AAC-LC, and partly compatible with AAC+. Siemens commented on the figure and it needs to be updated if it is going to be used in any more documents.  How should the specification be handled? Should we create a new WID?  We need a WID if this codec is handled inside 3GPP since it is a proprietary codec and not specified anywhere outside 3GPP. Kari pointed out that the existing PSS WID could be used, the AMR-WB+ WID could not be used since it is focused on AMR-WB extensions. Coding Technology commented that we need to be very careful so we do not destroy the existing framework. PacketVideo asked if we should standardize every proposed codec. It seems unnecessary to create a new standard before the selection starts. A separate WID should be created since the Dolby proposal is proprietary (at this point in time). NEC argued the group needs evidence in order to create a work item, and that a WID is needed in order to create a standard. Coding Technology pointed out that the document does not contain any evidence that the technology gives the performance we need in R6. PackedtVideo asked if it is enough time to create a new codec trough the WID process. A document that that describes the process for codec selection is also needed. Noted. Update in S4-030192, this will be a general document on performance etc. The proposed WID will be in S4-030193.

S4-030192,” Higher Bitrate Audio Codec Proposal”, from Dolby Laboratories Inc., Generated quite a number of questions and comments. Only a few of them listed here! The test case used the Dolby MPEG2 Professional encoder as “reference”. The test was done without hidden reference which might be a serious flaw, on the other hand Dolby pointed out that for really low bitrates hidden reference did not add anything to the tests. 

The information on 14 kbit/s mono and 28 kbit/s stereo is purely informative. The codec is not meant to be used at those bitrates. The statement about full bandwidth audio signal at all bitrates are more qualitative then strict informative.  The test was done with experience listener, trained, essential people in the audio area. 

Currently there are no deliveries identified for this WID. There must be some output from the WID and they should be visible in the document.  The schedule is one of the permanent document, more information on the other documents are also needed. A design constraints document is needed. Noted. New document in S4-030233.

S4-030193,” Work Item Description for Higher Bitrate Audio Codec”, from Dolby Laboratories, Apple Computer, AT&T Wireless Services, RealNetworks, The bitrate “24 kbit/s and obove” seems OK. Noted, New document in S4-030234.
S4-030118, “Session Description for MBMS” from NTT DoCoMo. The document was very well received. The SAP protocol should probably be handled in S2. SAP is a standard IETF protocol but S2 should clarify what we are supposed to do in MBMS.  The document is about transport of SDP not about the content of the SDP. The use cases for MBMS must be understood first. It is not only to copy the SDP handling from PSS since PSS is unicast and MBMS is multicast. Should we create new TS? DoCoMo replied that this depends on how different the two solutions will be. We need clarifications from S2 before we do anything. Noted.
S4-030119, “Scalable Service and Its Code Point in MBMS”, from NTT DoCoMo. Siemens asked what the new information about scalable codecs where in the document. DoCoMo replied that the document describes that already today it is possible to offer scalable services, it is not necessary to have scalable codecs in order to do so.  Vodafone commented that it is not clear how the client makes the judgment on shift between levels? RealNetwork commented that we should reuse the codecs we have. They also pointed out that bitrate adaptation and scalability might be connected. Noted.
S4-030120, “Protocol for Static Media Delivery in MBMS”, from NTT DoCoMo. How should we deliver static media in PSS but not using TCP? Emblaze questioned if this really is in the scope of S4. RealNetwork commented that S4 couldn’t themselves define a new TCP protocol (that is a to big task for S4). Ericsson pointed out that there are some experimental RFC that we should look at. Reliable delivery (all bits and all fragments of a are delivered) is important for some media in PSS like SP-MIDI. Noted.

S4-030121, “Scene Description Language for MBMS”, from NTT DoCoMo. Noted.

S4-030171,” Introduction to rate adaptation for Rel. 5-6 PSS”, from Nokia and Ericson. RealNetworks expressed support for the proposal. Philips expressed that they would prefer a client driven solution instead of a server driven. They wanted to have a mandatory switch command. Nokia replied that there is no proof that the client can do better then the server. The only information that is unique to the client is the buffer level. The goal with the input is to solve the rate adaptation problem. There might be some extra problems when two media streams gets out of sync. 

Regarding the proposed mechanism for Rel 5. The meeting felt that the information was placed in the wrong document. It should be placed in the TR 26.937 instead of in TS 26.234. Furthermore, it should be made clearer that this is one method, maybe not even the recommended one, to use in a hand-over situation. Hand-over is here just as a generic term that cover all cases of breaks in the service (elevators, tunnels, intersystem handover etc). The method might actually introduce a very long break (twice as long as needed) and this should not be the recommended behaviour. The way to not get the breaks would be to have a large buffer but that would on the other hand mean that the start up would be long. Noted, update is expected from Nokia

S4-030131, ” End to end bitrate adaptation”, from 3. The added complexity in the client is probably very limited. On the other hand it might be a problem in the server to have a complex algorithm. There are some scenarios where the server driven is best but there still might be some in which the client is the best choice. To use existing signal mechanism is fine but if we invent new mechanism and allow the server to ignore them then it is not good. This is not a proposal, it is just for consideration. Noted.

S4-030152, “End-to-End bit rate adaptation for PSS - Framework and Basic functionality”, from Ericsson. The ttimeline for the IETF part was questioned. The AVTF second draft working group is in last call, it is with high probability finished by the fall. The server must implement the SET param, and we do not have set param yet. Ericsson, SET param should be included in PSS, it is the cheapest way to implement “keep alive” mechanism. PLAY has even less overhead but there is some problems with PLAY. In the new RTSP rfc  play will not be recommended for this use. Philips commented that SET param with BW act as a switch command, but it is up to the server to decide what to do. Ericsson answered that it is just information from the client to server about the available bitrate. Switching between different decoder configurations is possible but most often not needed.  Philips asked if it for AAC is possible to switch from stereo to mono. Ericsson answered that this is not a big problem at least not for AAC. Real network commented that the capability in the terminal to switch between different encoders should be handled in the capability exchange. Siemens asked if there are some way to register new extensions. Ericsson answered that there is nothing in the RFC about registration and it is not possible to do IANA registering. Collisions is not seen as a problem, Approved as working assumption, a pointer will be added in the TS 26.234 Rel-6

Siemens indicated their intention to write a document on how to handle extensions to IETF protocols. This was agreed to be a good idea.

S4-030164, ” RTSP signaling for stream switching”, from Philips. If this work is done in IETF it will take (estimated) 1 to 1.5 year before it is ready. RealNetwork pointed out that a client driven solution does not necessarily need new headers. SET param will work as good. Stream switching is not the only tool a server has, thinning etc, is other possibilities and the responsibility for stream switching should thus be at the server.  Furthermore, if things get difficult it might not be the best idea to add extra signaling to handle stream switching. The proposed method is more a capability exchange then anything else. A good example, which shows the benefits, should be presented. Noted. A new input is expected to the next meeting. The current IETF draft was provided in S4-030195.

S4-030126, “New client to server signaling for co-operative rate adaptation”, from Nokia. There was some general support for the concept and approach.  There should be a distinction between buffer management and congestion management. Will not the time shift introduce problems with jitter measurements from the RTCP reports? Yes but the jitter measurements are so bad anyway so this is not seen as a problem. 
During a offline discussion on the best signalling method (RTSP or RTCP) four use cases were discussed: Three of the use cases have no strict time requirements and the simplicity of RTSP would be preferred. The fourth had strict time requirements and thus needed RTCP transport. The outcome of the offline discussion was to design a RTCP transport mechanism with acknowledgement information from server to client. The proposed parameter to signal is only the clock shift (alpha). The method described in the input document otherwise seems to fulfil the requirements for the four discussed use cases. 

During the meeting more comments were made: The method is mandated in the server (SHALL) and optional in the client (SHOULD). NEC asked if there are any problems with forward commands where the ACK is lost on its way back.  Will this not flood the network? It was pointed out (by Nokia) that congestion control and buffer control is handled separately in the server and it is the server’s responsibility not to congest the network. RealNetwork commented that making the shift an instantaneous event keeps it inside the Annex G. Clock shift is NOT a speed thing it is just an adjustment of the buffer parameters. Panasonic commented that the proposal seems not to be fully mature, as at the last meeting another and very similar method was discussed (SPEED parameter), furthermore, the proposed method will introduce overhead, in particular if  RTCP messages are acknowledged. Panasonic wanted to see some proof that the gain was high enough to allow for this overhead. Panasonic also needed more time to digest the proposal and compare it with other methods.

Nokia will provide the packet format and a proposal text to be inserted to the TS 26.234 Rel.6 at the SA4#26 meeting. Noted. New input expected for the next meeting. 

S4-030181, “3GPP Server File Format (revised)”, from Ericsson, Siemens had some comments on the branding. PacketVideo commented on mandating support for hint track. They also proposed to change the name “Server file format” to  “Hinted Server File Format”. The version handling is new, and DoCoMo had some comments on that.  

Some more comments:

1. The meeting suggested to add for each track a list of attributes used as differentiation criteria w.r.t other tracks in the same file. The list should convey the information that for instance “language”, “bitrate”, “codec” etc are the critera used, but not the actual values. This way, no information is duplicated, while the server knows what (and implicitly where) to look for the differentiating information. The detailed definition of this list can be done independently of the S4-030181 proposal. 

2. The grouping rules are very strict language-wise in doc S4-030181. Change language to be more flexible than a strict mandate to follow.

3. Stricter rules on what a hint-profiled file shall be. Need some statements that say how the hinting shall be done (following minimal capabilities of a PSS network). The details were left open for further input.

The following was mentioned already to be a requirement in the ISO spec, so we don’t need to include it:

4. Fat hint files shall also be accompanied with media tracks.

The proposal was approved as working assumption and will be added to TS 26.244. And LS will be sent to MPEG, S4-030196, and a new input from Ericsson is expected at the next meeting. 

S4-030129, “Additional file extensions for Audio only files”, from 3.  Generated a long discussion: is a new brand really needed?  One extension only is beneficial for market purpose, this is more an implementation problem then a standard.  It was also questioned if  the proposal is backward compatible. Noted.
S4-030108,”Additional Asset Information in File Format”, from Emblaze Systems, The meeting agreed that this proposal should be handled in the same way as the old proposal. Approved with the same limitations as before. A new LS to MPEG will be in S4-030197.

S4-030149,” Working draft of PSS Protocols and codecs - TS 26.234 Release 6 (V0.2.0)”, from Editor (Ericsson). Approved.
S4-030150, “Working draft of 3GPP file format - TS 26.244 Release 6 (V0.1.2)”, Editor (Ericsson). Approved.
S4-030151,” Working draft of Timed text format - TS 26.245 Release 6 (V0.1.2)”, from Ericsson. Approved. 

S4-030135,” Proposal for separate TS on 3GPP SMIL”, from Nokia. Approved.
S4-030133,” Further comments on reliable transport”, from PacketVideo, This document was very well received and many companies commented that it was a good description of the different technologies.  All companies were encouraged to use the reflector to discuss this feature.  The time plan states that we should have a working assumption for this meeting but the group felt NOT ready to define such a working assumption yet. However it should be pointed out that the only input on reliable streaming is the technique descried in this document! Noted. 

S4-030130,” Streaming quality Metrics - Essential Client Data”, from 3. There is already a decision to include this feature in 3GPP but the document presented generated a long a winding discussion. The discussion was basically around a few things: 

· What is possible and meaningful to measure?

· The transport mechanism

· How to use the measurements?

· The impact on the terminal (complexity etc)

· The control mechanism

· Continuous measurement versus reporting at the end of the session

· The problem to define Quality and the possibility to report meaningful measurements anyway.

· That the method should not limit the possibilities (maybe it is better to stop the play out and rebuffer then to do bad for a longer time)

· Compliance to the standard (a terminal might cheat in order to give a better “impression”)

· The possibility to report when instead of what in the reports.

· And others!

There was also a discussion how this feature should be handled in the future. So far there have been only inputs from one company but a lot of comments at the meeting. Tracking of the discussion is then difficult since the comments are lost between the meetings. The decision was to try to have a permanent document that would live between the meetings and where the editor will add the comments and inputs over time. Furthermore all companies are encouraged to use the reflector to discuss the matter and to have input on it for the next meeting! Noted.

S4-030161,” Methodology for Definition, Signalling and Negotiation of Capabilities in 3G PSS (Release 6)”, from Nokia. Noted.
S4-020662. “CR Declaration of Content Cache Noted”, from Huawei Technologies.  This is not PSM understanding of the architecture. This is outside of the scoop of PSS. We are not working with architectural elements that are in the S2 scope.  The actual text introduces a new element (as the text is written). 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. 
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