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7.1 Opening of the session: Monday July 7th, afternoon

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

7.2 Approval of the agenda and registration of documents

The draft meeting agenda contained in S4-030443 was approved and the documents allocated to the agenda items

7.3 Reports/Liaisons from other groups/meetings

7.3.1 3GPP working groups


S4-030448,  ” Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers>”,from GERAN2.  Noted. 

S4-030464, Response to “LS on further discussion on the meaning of the Transfer Delay QoS parameter for Streaming services (S2-031710=GP#14(03)1068)” and response to “Reply to “Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers>” (S2-031727=S4-030361)” , from S2. It was not completely clear if other LS documents that S4 received had the same definition of delay (are they really referring to pear to pear or not).  The delay introduced by the de-jitter buffer is not included the delay figure (see also S4-030448). Noted.

S4-030450, “Reply LS on media codecs and formats for Presence and Messaging”, from CN1, Noted. 

S4-030458, “(Reply) LS on clarification on minimum set of TFCs for TFC selection”, from RAN2. TFC:s (Transport Format Combinations) are specific to UTRAN and are about the different transport modes in the network. Depending on the “radio status” in the cell the RNC will change the transport format to a suitable one depending on the available power. For example in order to contain speech service at the border of the cell the “minimum TFC” should be able to transport the lowest AMR mode. Noted. A LS will be sent back in S4-030512. 
S4-030512,  “(Reply) LS on clarification on minimum set of TFCs for TFC selection (To: RAN2, Cc: RAN4)” from S4. Needs to be checked and updated. Noted.
S4-030461, “LS on “Discard Timer””, from RAN3. The document is focused on the RLC level. The timer and its proposed value (2 second life time) is not handled at the bearer level but at lower levels. A lower layer timer (discard timer, layer 1) should not be related to higher-level timers (TCP, layer 4).  In any case, discard on TCP/UDP layer after two seconds delay is too fast.  Is it possible to have a dynamic timer and where does the information then come from (hard-codec or application depended value)?  It is really a very complex situation since RNC normally is handling the retransmissions but here it is done on node B too. It was felt that S4 is not able to answer this type of low level questions, we can give the requirements on the TCP/UDP level but how this is implemented/reflected on lower levels is not inside our competence. Noted. An answer will be sent back in S4-030513. 

S4-030449, “LS on Implementability of MBMS Requirements and Architecture” from GERAN. Noted.

S4-030456, “LS on Core Network Provision of separate flows for P2P and P2M radio Transmission and Minimum UE Capability Required for Supporting MBMS”, from RAN1. Noted. 

S4-030460, “Reply to LS on Core Network Provision of separate flows for P2P and P2M radio Transmission”, from RAN2. PTM and PTP combinations for different media might be difficult. A LS back to GERAN, RAN, etc. in S4-030519. Noted.

S4-030519, “Reply to LS on Core Network Provision of separate flows for P2P and P2M radio Transmission” to GERAN, RAN, etc.. A definition of repititiont and retransmission should be added. New document in S4-030534. Noted.
S4-030459, “Response to LS on Minimum UE Capability Required for supporting MBMS” from RAN2. Noted. 

S4-030463, “Liaison response On Minimum UE Capability Required for supporting MBMS” from S2. Noted. 

7.3.2 Other groups
S4-030320  “Liaison response on Meta-Data in ISO Media Files, Streaming Text, Advanced Text and Graphics Amendment” from ISO/IEC SC29/WG11. A draft LS response was drafted at SA4#26, but later not approved and send. The draft LS response from SA4#26 is in S4-030365. Noted.
S4-030365  “Liaison response on Meta-Data in ISO Media Files, Streaming Text, Advanced Text and Graphics Amendment” to ISO/IEC SC29/WG11. Approved with updates. New document in S4-030535.

S4-030483, “Liaison regarding RTP timestamps” from IMTC – PSS-AG. Approved. CR in S4-030517.  LS back to IMTC in S4-030518. 

S4-030518, “Reply to “Liaison regarding RTP timestamps ”” from S4. Approved.
7.4
Maintenance of Release 5 and earlier releases


7.4.1
Transparent End-to-End Mobile Streaming Application (SA4)

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


S4-030517, “CR 26.234 064 - Correction of ambiguity in RTP timestamps handling after PAUSE/PLAY RTSP requests (Release 5)” from Philips. Approved.  

S4-030447, “Correction of 26.234 Release 5 Timed-Text layout example”, from Apple.  We should try to get it into R5, but definitly in R6.Approved with updates. The revised CR is in S4-030508. 

S4-030508, “CR 26.234 063 on correction of 26.234 Release 5 Timed-Text layout example (Release 5)” from Apple. Approved. 

S4-030489, “Clarification on session bandwidth for RS and RR RTCP modifiers” from Nokia.  Approved. 

S4-030499, “Correction of ambiguous range headers in SDP” from Ericsson. Approved with comments. New version in  S4-030511. 

S4-030511, “Correction of ambiguous range headers in SDP” from Ericsson. Approved.
7.4.3
Provisioning of IP based multimedia services (SA1)
7.4.3.1 Multimedia Codecs and Protocols for Conversational PS Services (SA4)
7.4.3.1.1
Codecs

7.4.3.1.2
Protocols
7.4.4
Multimedia Messaging Enhancements (T2)
7.4.4.1 MMS formats and codecs (SA4)
7.4.5
Other issues
 

7.5
Remaining Release 5 work 


7.5.1
Extended Transparent End-to-End PS Streaming Service (SA4)
7.5.1.1 TR on RTP usage model

S4-030490,  Update to the “RTP usage model”, editor (Nokia). The target is to send the document for SA plenary approval in September. Approved. 

7.5.2
Other issues
7.6
Release 6 work 

7.6.1 Packet Switched Streaming Rel-6 (SA4)


S4-030495, Update to the “Protocols and codecs R6”, editor (Ericsson).  Some smaller updates. Noted.  Updated version in S4-030520. 

S4-030496, Update to the “3GPP file format (3GP)”, editor (Ericsson). There was  some comments on the language. Interleaving depth needs to be explained. Progressive download and basic file should NOT be mutual exclusive.  Update in S4-030507. Noted. 

S4-030507, “3GPP TS 26.244 V0.2.2 3GPP file format (3GP)” from editor (Ericsson).  Approved with updates. New document in S4-030528. 

S4-030497, “Specification text for basic adaptive streaming”, from Ericsson. Approved.

S4-030501, “Signaling for rate adaptation in PSS”, from Nokia/Ericsson. For discussion see S4-030503. Noted.
S4-030502, “Simulation results for buffer parameter signalling mode”, from Ericsson. A  slide show presentation on this document is provided in S4-030515. There was some question regarding the simulation. For discussion see S4-030503. Noted. 

S4-030503, “Simulation Results for Scheduling parameter signalling mode”, from Nokia. Is this feature mandatory or optional? All rate adaptation is optional but if implemented the client shall implement both modes. Would not a non-adaptive client have an advantage? In the open Internet this is true but in a 3G network, the radio network control guarantees fairness. In a non-adaptive solution the first handover will eat the initial buffer delay but for the second one extra function are needed. Why do we need two solutions, why compete? Two features for the same problem is not good, the goal is to have fever options not more. How much delay do we have? The question is if we want to control the buffer or the rate? The proposal contains two mechanisms to solve the same problems. It is noy possible to know the delay we have. Frequent RTCP reports is used in the scheduling parameter signalling mode for transmission rate adaptation. One solution is preferable, if two solutions are included in the TS then a pros and cons should be noted for both of them. What are the parameters that are needed for both cases (pre-buffer size, de-jitter, etc)?

The group is not happy with the merging proposal (S4-030501). The proponents should describe very clearly what is the good and bad things with the modes. What is the relative trade-off between the two modes? Use cases where one can solve the problem and the other not should, if possible, be presented! A new document can be found in S4-030516. Noted. 

S4-030516, “Single mode solution on signalling for rate adaptation in PSS” from Nokia/Ericsson. The server may implement some additional BW adaptation as well. More information on limits to the parameters about minimum protection time and target protection time should be provided.  Approved to be the working assumption in TS 26.234. It is still for discussion what parts of the approved solution (i.e. working assumption)  are mandated/optional on a PSS server and client.

S4-030466,  “Proposal for inclusion of the SMIL 2.0 MediaParameter Module into the 3GPP SMIL Language Profile for Release 6”, from Nokia. There is an overlap with timed text when it comes to the parameter values but the intention of timed text is different. The proposal contains two things: a generic method to pass parameters to the media decoder and a proposal for attributes for text handling. Approved.
S4-030467, “Encoding of the SMIL 2.0 BasicContentControl Module systemComponent Test Attribute value”, from Nokia. A better formulation of the syntax (BNF ?) is needed. The function is context depended on the release the player support. This is OK since there is a release marker included in SMIL. UAPRof and this proposal can be used together. UAprof should be updated in R6 as well to handle this and other cases. Approved with updates. 

S4-030444, “Reporting interval for PSS” from Panasonic.  It was clarified that the client’s aliveness detection is basically a two step approach. If the server recieves no aliveness informartion by RTCP RR, it should use the RTSP options method to get aliveness information.  The session time out algorithm in TS26.234 should be better specified.  The “option method” should be finally used to know if the terminal is alive or not. A maximum RTCP reports interval could be useful for other purposes, e.g. rate control alogorithms at the server. What is the difference to signal max-int and RTSP time-out? The RTSP timeout usually specifies a larger time period than max-int. Another problem is that RTP and RTSP sessions are not the same. The decion to use only RTCP for aliveness information is not good since some network will block the RTCP reports! On the other hand RTCP reports are good since when they arrive the client is alive! For link estimation it might be good to send every 2 second (or some other specified time interval). How is this related to the RTCP BW parameter? The maximum RTCP interval should always be below what is allowed by the RTSP BW parameter. A general comment was made that we should be careful not to add to many custom attributes. It is problematic to get consistence within the specification with all the proprietary attributes. Noted.

S4-030445, “3GPP File Extensions” from Three. What happens if the files get misnamed? It is not possible to trust the .3ga extension since there also might be other files that are compatible with 3GP. If we get mandatory codec in the future, are we going to introduce new extensions? There is also a backward compatible issue. Another reason is that file extension is also a branding thing. One more problem is that the client anyway have to look into the file due to DRM . Other ways to solve the problem is preferable. Noted.
S4-030479. “128 kbit/s Video Services”, from Nokia/Ericsson. It should be possible to do this update through the standard bodies responsible for the different codecs (H.264, H.263 and MPEG4). The earliest dates to have new updated levels in the different bodies are:  H.264 March, MPEG March and ITU in February. The proposal was well received and we decided to send out LSs to the different bodies. Noted. Liaison statements in S4-030509, S4-030529, S4-030530.

S4-030482, “Further proposals for 3GPP Progressive Download” from PacketVideo. It was not clear if the OMA download solution covers Progressive download. In the ISMA specification the same encryption scheme is used for all modes (download, progressive download and streaming). Maybe this is interesting for OMA and 3GPP as well (however we do not have any requirement for a “unique file”). 

The proprietary solutions from Apple, Real and PacketVideo all use helper file. If included the helper file need version numbering as well. Helper files is an implementation problem and has nothing to do with user experience. An alternative to a special helper file is to use SMIL. The mechanism to move information between the browser and the client is implementation and system depended. The mechanism differs according to the operating system. A LS to OMA on  DRM for progressive download will be send in S4-030510.  The helper file part of the input was Noted. . 

S4-03494, “Proposal to support GZIP as a compression format for SVG in Rel-6” from Nokia. GZIP is already a part of SVG and is simple, efficient and compact to implement. It might not give the highest compression (BIM or CVG for example might be more efficient) but is already a part of the standard. There is a XML compression workshop/meeting coming up in September and it was commented that it is premature to decide on GZIP already now. GZIP is however already included in SMIL (confirmed by mail from SVG chairman) and will thus be supported in the future as well. 
Progressive download is also supported by HTTP but not all of the extra information contained in the proposed GZIP extension headers is available in an HTTP solution. The progressive HTTP download will thus not give the same user experience.

We should make the requirements stricter and have a common understanding of them. Does the proposed solution cover all requirements? No, but the two most important (compression and progressive download) are addressed. “Dynamic behaviour” is not possible in SVG 1.1 and will first be introduced in 1.2. Progressive download will also be introduced in SVG 1.2 but can be handled as proposed. The 32k structure of GZIP is also possible to use for progressive download but again, the extra information will not be transported. 
A note will be added in 26.234/26.140 and the IMS messaging draft about the support for GZIP for compression of SVG. The part about GZIP extension to support progressive download will be send to W3C for comments. The LS will be in S4-030532. Partly Approved with comments.

S4-030498, “Brands and SDP in 3GP files” from Ericsson. The brand names might not be the best. Instead of using”r” for “progressive download” it was proposed to use “i” for interleaved (3gr6 ( 3gi6). A 3gp6 can contain multiple file tracks. The definition of a 3gp6 file should be changed so the file only contains one media track of each type!

The server should be allowed to change the SDP the bandwidth field. The names/labels in the table might not be the best. Note 4 should be updated. The updates will be included in 26.234. Noted.

S4-030500,  “Explicit indication of live media in SDP for PSS”, from Ericsson.  Live and seekeable are different things. We should have different signalling for the two use case. Do we have seekeable live streaming? The timezone should be optional. The syntax is an RTSP syntax and should not be used in a SDP. EMPT is not the best maybe just “:-“ instead. T= 0.0 is used in other case. Rewind in the live content might be useful. Seekability separated from Live content signalling seems to be smart. Do we need to standardise a new method for seekability? This should hopefully be possible to add/use in R5. Noted. 

S4-030505, “Draft Rel-6 PSS Quality Metrics Permanent Document” from editor (NEC). Online editing improved the text.  New interfaces between different layers in the terminal might result in major problems for terminal implementation. On the other hand the parameters are optional so the terminal do not have to implement them. Still inter-component implementation might be a burden. A raw matrix is also allowed to be send. The user of the information is customer care how important is the reporting: required or optional?. Noted. The online editing of the document continued at a later time after the PSM session. Please refer to the SA4 report for further details.

7.6.2 Multimedia Messaging (MMS) enhancements (T2)

7.6.2.1 MMS formats and codecs (SA4)

S4-030484, “Ambiguity in the MMS AMR decoder”, from STMicroelectronics. The encoder shall (MUST) set the padding bits to zero and the decoder should ignore them. The intention ist o have this update in both R5 and R6. We need to follow up on the RFC development and if needed (i.e. if there is no update in the RFC) we will make the change in R6. It should then not be a problem with R5 if R6 is updated. Noted. 

7.6.3
IMS Messaging (SA1) and Support of Presence Capability (SA1)


7.6.3.1
Media Codecs and Formats for IMS Messaging and Presence

7.6.4

Definition of teleservice using MBMS (SA4, SA1)

S4-030487, “MBMS Teleservice Use Cases”, from NTT DoCoMo. The meeting agreed that the presented use cases are useful. It was commented that 3GPP will define only one or a limited number of teleservices and many will most likely defined outside of 3GPP. Another way forward would be to define some example telesevices instead of use cases. The bit rate of the different use case have quite broad range (and some are high too), the examples should also aimed at GERAN where the bitrate is below 30k. We are also missing requirements on user experience and QoS, as well as the required level of integrity of the data. At some point we need to specify to which network the services are available, UTRAN or GERAN. Noted. 

S4-030488, “Discussion Items for MBMS Teleservice” from NTT DoCoMo. Why do we need synchronization of audio and video if we do downloading? A part of the presentation might be downloaded, another part streamed. What is needed in order to support timing and synchronisation. For simple download timing it is not needed, more advanced use cases needs timing. First P2P to get the start information (PUSH and/or HTTP). Different delivery methods for transport of the initial information was discussed. The information in the document is a useful tool when we designing the service but we cannot use it before we know which teleservice we are talking about. We should wait for SA1 to define the service requirements. It is also possible to start earlier in S4 and do parallel work. Waiting for S1 to define the obvious is not the  best way forward. The structure of the TS should be based on the structure of this contribution. Howver we do not have yet an editor for the MBMS TS. Noted.

7.6.5
Digital Rights Management (SA1)
7.6.5.1 Codec Aspects (SA4)

S4-030531, “Discussion issues in rights-managed content”, from Apple. Noted.

7.6.6
Other issues

S4-030478, “Proposal to support MPEG-4 AVC / H.264 in Rel-6”, from Nokia. The complexity figures where discussed. The worst case is the most interesting and also the peak rate during the worst sequence is interesting. A graph showing complexity per frame would also be good. There where some question regarding how the complexity figures where computed, some was answered on line. What about encoding? It is possible to do encoding at a complexity close to the existing codecs (but with a quality close to the existing codes as well!). The complexity should be evaluated better. Using the same platform and compare H.263, MPEG4 and H.264 might be a way forward. The complexity figures in the document are not from the reference codec (but the implementation used are fully compliant).

Optional baseline encoding for MMS is proposed but limited so that the main profile decoder could decode it. The MMS encoder is proposed to have optional support for the baseline AND extended profile. How is the “universal” (i.e. outside 3GPP) support for the extended profile then? It is a trade off between quality and universal interoperability. It is not fully clear what optional in the tables means. For MMS it is more SHOULD on the encoder, for PSS it is more a MAY. The interop problem should not be discussed now but instead if the extra functionality given by a new codec offer enough functionality to make it worth to add a new codec or not? The answer for H.264 and other new codecs is probably yes (due to the improved compression ratio). 

Will all the dependencies be ready in time (file format, payload etc)? The file format proposal already exist and is progressing well (the only thing missing is the more advanced features), the RTP payload in IETF is moving forward and should be ready in time. 

Microsoft announced that they have a codec that address the same requirements; some evaluation of the two should be done. Microsoft is planning to have an initial contribution for the next meeting. It is not fully clear what requirements we have on a new video specification. The implementation for video is usually not bit exact. Proprietary codecs are different but for standardised codecs we should not need to include mandated software. 

One possibility is to have a technology under consideration document where all proposal have some text. This was not seen as the preferable solution instead each proposal should try to have some specification text included. Another concern was that proposed codecs should have an IPR scheme ready (not cost etc, just the possibility to get an IPR). Companies are encouraged to consider the decision and selection process if we get more then one proposal for new video codecs in R6.

It was agreed to add a note in the three specification 26.140, 26.234,  26.235 that a new video coding technology, H.264/AVC is under consideration in SA4. Also a note to the input document will be added.

Two WIDs for conversational services are probably needed (one each for PS and CS) if we are going to update the service. Noted. 

7.7
Postponed issues


S4-030509, “Communication to ITU-T on the specified levels in ITU-T Recommendation H.264 | ISO/IEC International Standard 14496-10 (MPEG-4 AVC)” to ISO/IEC JTC1/SC29/WG11 (Moving Pictures Experts Group). Approved. 

S4-030529, “Liaison Statement on specified levels in MPEG-4 Visual Simple Profile” to ISO/IEC JTC1/SC29/WG11 (Moving Pictures Experts Group). Approved.

S4-030530, “Communication to ITU-T on the specified levels in Annex X of ITU-T Recommendation H.263” to ITU-T SG16 WP3 Question 6 (Video Coding Experts Group).  Approved.

S4-030532, “LS on compression of SVG content and progressive downloading” to W3C SVG group.  Approved
7.8
Review of the future work plan (next meeting dates, hosts)

7.9
Any Other Business

7.10 Close of the session

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