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7.1
Opening of the session 

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 S4-030001 was approved and the documents allocated to the agenda items. The list of documents reviewed during this meeting is provided in Annex 1.

7.3
Reports/Liaisons from other groups/meetings



S4-020758, “LS on Content formats” from TSG SA WG2.  The LS is about codecs/media formats for Presence and Messaging. It was agreed that they should be aligned with PSS/MMS as much as possible. An LS response will be sent back in S4-030050. Noted. 

S4-020646, “Liaison Statement from SC 29/WG 11 to 3GPP SA4 on Metadata in ISO Files” from ISO/IEC JTC 1/SC 29/WG 11. See also discussion for document S4-030005. Answer can be found in S4-030051, which was later revised in S4-030054.Noted 

7.4
Maintenance of Release 5 and earlier releases
S4-030019, “RTCP packet frequency for very low bit rate sessions” from Nokia.  It is not clear that there is a need for a recommendation, rule or mandated value for the maximum bit rate for RTCP reports. The rules/values presented were not accepted. New inputs are expected at the next meeting. Noted. 

S4-020697, “CR 26.234 052 SDP bandwidth modifier for RTCP bandwidth” from Nokia.  This an old CR with updates. There is a problem with one of the reference (there is not a RFC number yet). We should not refer to an IETF draft (this is also NOT recommended by IETF). The content of the CR is approved but the text should be updated before it is sent for approval. A revised CR will be discussed at the next S4 meeting. Approved but postponed. 

S4-020696, “CR 26.236 003 SDP bandwidth modifier for RTCP bandwidth (Rel-5)” from Nokia.  There is still some TBD in the text (see also S4-030019), one reference need to be handled (see also S4-020696). The text in the CR is agreed on and approved. A revised CR will be discussed at the next S4 meeting. Approved but postponed. 

S4-030047, “Clarification of using PSS Rel-5 Video Buffering Verifier (26.234 Annex G) in a rate adaptive service environment” from Nokia.   This document is informative only. It was very well received. It was a consensus that the information should not get “lost” but be placed in the TR on RTP usage model, TR26.937. Noted. 

7.5. Remaining Release 5 work

S4-030017, “Modification of TR 26.937” from Siemens and Ericsson.  The proposed changes in the second part were approved. The proposed changes to the first part will be discussed at the plenary. Approved with updates.

7.6
Release 6 work 
S4-030002, “A Subset of SVG-Tiny in action” from Research in Motion.  Demonstration only. Noted. 

S4-030005, “Asset Information in File Format” from Three, Emblaze Systems and NTT DoCoMo.  An old 3GPP LS regarding asset information was not discussed at the last MPEG meeting due to a mistake. This new proposal was well received and there is a consensus to send it attached to a new LS to MPEG. The LS would ask MPEG to try to align their work with this proposal.  There was also consensus that the text should be placed as working assumption in TS 26.244. The PSS Rel 6 workplan will be updated and any input from MPEG should be ready in July. The LS can be found in S4-030051. Approved.

S4-030008, “Streaming Quality Metrics - Client Metrics” from Three.  Some way to trigger the report is needed. Another possibility is to define a time scale for the measurement. The server could know from beginning the number of reports it would like to receive and could send this information to the client. It could be heavy on the terminal if all metrics should be reported to the server. Should the terminal be able to track all the data, all the time, to be able to report it when the server wants to receive it? A negotiation mechanism in the beginning, with sometimes simple, such as a well-defined mask should also be defined. The proposed metrics is a good starting point. Some of the measurement is difficult like delay  (max, min , mean). Some of the measurement is network oriented and some is about user experience. This sort of metrics is useful; it is a god tool but should be well defined.  We do not want to mandate every terminal to be a diagnostic tool for the network but should concentrate on the user experience. A new contribution for the next meeting is expected. Noted.

S4-030010, “Additional file extension for video only files” from Three.  It was commented that we should not have too many 3gpp files in order not to fragment the file format. Some delegates felt that no new file extension is needed, even a new brand might be unnecessary. Is a new file extension really needed in order to get everything working or not. How about AMR if we have 3GP audio file? The meeting did not want to include the new extension at this meeting however it was pointed out that additional file extensions for audio only files have been proposed already at the SA4#24 and we that we concluded at that time to include the feature.  As it was felt that there is no urgent need to make a final decision at this meeting Three was asked, whether it would be acceptable to postpone the final decision to the next SA4#25bis meeting. This was accepted. Noted. 

S4-030020, “3GPP Server File Format” from Ericsson.  This contribution generated a lot of discussion. Some of it is reflected in the list below.

· How many levels are really needed in the file format. One, two or more? The number of layers depends on the number of places where you can make decisions: one if only server OR client one, two if both server and client can make decisions.

· The SDP extensions and the information about alternatives are not present in the information. A small menu in the file format could be added. Vanilla SDP is just one obvious format everything else is up to a “smart server”.

· Do we need to define the extra information, most of the information already exists in the file? We should not duplicate the information we find in the file, pointers into the file format could be used instead. 

· Leave the file format as flexible as possible. 

· We need an extra chapter that describes what a content provider should do and how the file is used. 

· Requirements on the file format are important. 

· Do we need to have the hint track mandatory? By requiring them to be in the file format the packetisation is pushed to the content provider. It is OK to define the hint track, but should we mandate its use? Is it the content provider or server who cares about the hint track? Hint track should not be allowed to break the file format. There was no consensus on this question (mandatory hint track or not)

· The 3GPP file format for MMS use, and server file have different use. A multilevel file is a server file and a single level file could be delivered to the client. MMS file is limited to one video track and one audio track. This is a 3GPP file, it is a extension to the original MMS file format. 

· In order to distinguish between different 3GPP file types we could define separate brands for hinted file and MMS files. 

· The grouping should work over the media track and not over the hint track. 

· Media track have to comply with the media description that we have in 3GPP. Is it possible to have a file format that do not contain media but only hint tracks? Dow we want to allow this? Without media it is not possible to do local playback. 

· This is content to server format, the server can rearrange the file in any way it prefers!

There was a consensus to add server file format to TS 26.244 however an updated input is needed. Noted.
S4-030024, “End-to-End bit rate adaptation for PSS” from Ericsson.  Some proof that this functionality is needed should be given. It was questioned, whether it does really improve the perceived quality. Other things could be signalled such as QoS, Bitrate, etc. There might be a need to have unified decision criteria between the server and the client. The control mechanism needs to be well defined. In the present proposal the server does not know why the switch is ordered, this might be a problem. A new input is expected at the next meeting. Noted.

S4-030033, “Maximum bit rate parameter in SDP for PSS and Conversational Multimedia applications” from Nokia.  There is a possibility to signal maximum and guaranteed bitrate in the PDP context. If VBR coding is to be used the ATM VBR buffer model should be used (or some other VBR buffer model). It was questioned if this really is helpful for the user experience? More signalling between client and server must be defined if we are going to use VBR buffer model Some proof, like simulation result, is needed to prove that the solution works and gives a better user experience. Noted.

S4-030043, “Support for TCP Streaming in PSS Rel-6” from PacketVideo.  Is TCP streaming RTSP tunnelling or not?  RTSP signalling connected to TCP streaming might be a problem. RTSP binary tunnelling also has some problems. More input and requirements are needed. The effect of different TCP/progressive download schemes should be investigated. Noted. 

S4-030040, “Robust handover management for PSS” from Nokia. How is a handover detected? How is it detected that a handover is over? One possibility is to look at the received data, if no data is received for 3 seconds (as an example) then it is a good hint that the terminal is in a handover situation The method must work for other things then handovers (elevator, tunnel etc).  Not all handovers are the same, some will generate losses some not, it is also very network dependent. Inter system handwork is a big problem, RTCP reports may also be useful in this situation. The effect of a handover depends on how the IP layer and the lower layer handles the situation. It is probably simpler to look at what is happening at the application layer. Should the decision be client driven or server driven? The server will have some intelligence but more analyse is needed. The proposed method does NOT work for live streaming! It is possible that the drop out is long (in the order of tens of seconds), sending information to the server during a drop out is maybe not the best situation. To use the IP layer to signal that the IP layer is going down might be not be the best solution. The Bandwidth parameter does not have any semantic value, the scale parameter might be a better choice since it gives the possibility to thin the stream and/or go to key frames only. Speed might be the most appropriate parameter to signal. The handling of handover is implementation depended, the role of the specification is to define the protocol and the tools but not the behaviour. Deeper investigation and simulation results are needed. Noted.

S4-030009, “Computational Complexity of MPEG-4 aacPlus decoder for PSS” from NEC. It was felt that memory consumption numbers are needed. NEC will be back with the numbers at the next meeting. What version of AAC+ is considered?  Both versions should be considered in the testing and design requirements. AAC-LC is a part of MPEG and will be available as a reference implementation soon. Noted.  

S4-030007, “MPEG-4 aacPlus on low samplerate terminals” from Coding Technologies. How is the sampling rate decided? What happens if the core decoder uses 24 or 32 kHz sampling rate and the terminal only uses 16? In that case the best way is probably do decode the core and then do the down sampling. The proposed method gives about 40% reduction and the reduction is more or less sampling rate independent. This is not a compliant decoder but a terminal with low capacity will never be compliant anyway. The proposed solution will be not a part of the MPEG specification. A detailed technical description will be submitted. The reference decoder in MPEG is creating a compliant output but will not be complexity limited. A detailed description should be available at the next meeting for inclusion. The where no decision on how this should be included in the specification. Noted. 

S4-030014, “AMR-WB+ development work in SA4” from Nokia. It was not clear to the PSM-SWG what the relation is between the PSM-SWG, the SQ-SWG, and the AMR-WB+ AHG. AMR-WB+ is a “normal” ad-hoc group with a longer lifespan. The AMR-WB+ AHG will report to PSM, SQ and the S4 plenary. The work split was discussed approved. Two of the documents that PSM will be responsible for was discussed: PSS/MMS Audio Codec Selection and PSS/MMS Audio Codec Selection Test Plan. It was felt that two documents will not be needed and it was decided that only one document, that would be a combination of the two, is enough. Coding Technologies (Oliver Kunz) volunteered to be the editor. PSM delegates were encouraged to make input to the AMR-WB+ performance requirements document.  PSM did not fully understand what the content of the AMR-WB+ document  “AMR-WB+ Candidate Comparison” would be!  A difference between the workplan presented in this document and the workplan for PSS Rel-6 in document S4-030025 was identified, which should be solved. Approved with comments.

S4-030011, “Draft AMR-WB+ performance requirements” from Nokia. An overview of the document was given. A full presentation will be done in the AMR-WB+ group. Noted.
S4-030012, “Draft AMR-WB+ design constraints” from Nokia.  An overview of the document was given. A full presentation will be done in the AMR-WB+ group. Noted.
S4-020753, “Proposal for Incorporating a Subset of SVG-Tiny into the MMS Specification” from Research in Motion (RIM).  RIM expressed concerns about implementing SVG Tiny on all handsets, due to the code size, processing power and low-level support required for some language features, such as multiple fonts and image rotation and scaling. In order for wide spread adoption of MMS, it must be easy to implement this profile on a wide variety of handsets, most importantly low-end handsets. RIM believes that currently not all handsets, which are target platforms for SVG players, will be capable of rendering all SVG Tiny language features.

RIM desires for SA4 to support the output of this work performed in W3C. 

It was commented that currently Java is expanded and new APIs are added. Maybe that will, at least partly, solve the problem? Limiting the language will limit the complexity, however the border between a to small language and complexity is always a problem. Even with a “smaller” SVG-Tiny there might be very complex presentations. Authoring guidelines is another possibility that might solve the problem. By sub-setting SVG-Tiny there will be even more formats on the market. This in itself might cause interoperability problem. XML transformation is another solution. W3C is the right place to discuss this. Companies should go directly to W3C to discuss the question. No LS from 3GPP was decided at this meeting. Noted.

S4-030021, “Working draft of PSS Protocols and codecs - TS 26.234 Release 6 (V0.1.0)” from Editor (Ericsson).  There was a consensus that the SMIL part should be moved out into a new document. There was a discussion if UAProf should be moved into a separate document but the decision was that it should not be done. A new updated version can be found in S4-030060. Approved with updates.

S4-030022, “Working draft of 3GPP file format - TS 26.244 Release 6 (V0.1.0)” from Editor (Ericsson). S4-030061. A new updated version can be found in S4-030061 Approved with updates.

S4-030023, “Working draft of Timed text format - TS 26.245 Release 6 (V0.1.0)” from Editor (Ericsson). S4-030062  A new updated version can be found in S4-030062. Approved updates. 

7.8
Review of the future work plan (next meeting dates, hosts)

S4-030025, “Time Plan for PSS Release 6” from Rapporteur (Ericsson).  The timeplan was approved but the feature “Asset information” should be put into the document. The work should be ready in July (this should also be communicated to MPEG). New document in S4-030053. Approved with updates. 

7.9
Any other Business
None.

7.10
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
	Replaced by

	S4-020646
	Liaison Statement from SC 29/WG 11 to 3GPP SA4 on Metadata in ISO Files
	ISO/IEC JTC 1/SC 29/WG 11
	S4-030051

	S4-020696
	CR 26.236 003 SDP bandwidth modifier for RTCP bandwidth (Rel-5)
	Nokia
	

	S4-020697
	CR 26.234 052 SDP bandwidth modifier for RTCP bandwidth
	Nokia
	

	S4-020753
	Proposal for Incorporating a Subset of SVG-Tiny into the MMS Specification
	Research in Motion
	

	S4-020758
	LS on Content formats
	TSG SA WG2
	

	S4-030001
	Draft Meeting Agenda for the PSM SWG session at SA4#25
	SA4 PSM SWG Chairman
	

	S4-030002
	A Subset of SVG-Tiny in action
	Research in Motion
	

	S4-030005
	Asset Information in File Format
	Three, Emblaze Systems, NTT DoCoMo
	

	S4-030007
	MPEG-4 aacPlus on low samplerate terminals
	Coding Technologies
	

	S4-030008
	Streaming Quality Metrics - Client Metrics
	Three
	

	S4-030009
	Computational Complexity of MPEG-4 aacPlus decoder for PSS
	NEC
	

	S4-030010
	Additional file extension for video only files
	Three
	

	S4-030011
	Draft AMR-WB+ performance requirements
	Nokia
	

	S4-030012
	Draft AMR-WB+ design constraints
	Nokia
	

	S4-030014
	AMR-WB+ development work in SA4
	Nokia
	

	S4-030017
	Modification of TR 26.937
	Siemens, Ericsson
	

	S4-030019
	RTCP packet frequency for very low bit rate sessions
	Nokia
	

	S4-030020
	3GPP Server File Format
	Ericsson
	

	S4-030021
	Working draft of PSS Protocols and codecs - TS 26.234 Release 6 (V0.1.0)
	Ericsson
	S4-030060

	S4-030022
	Working draft of 3GPP file format - TS 26.244 Release 6 (V0.1.0)
	Ericsson
	S4-030061

	S4-030023
	Working draft of Timed text format - TS 26.245 Release 6 (V0.1.0)
	Ericsson
	S4-030062

	S4-030024
	End-to-End bit rate adaptation for PSS
	Ericsson
	

	S4-030025
	Time Plan for PSS Release 6
	Ericsson
	S4-030052

	S4-030033
	Maximum bit rate parameter in SDP for PSS and Conversational Multimedia applications
	Nokia
	

	S4-030040
	Robust handover management for PSS
	Nokia
	

	S4-030043
	Support for TCP Streaming in PSS Rel-6
	PacketVideo
	

	S4-030047
	Clarification of using PSS Rel-5 Video Buffering Verifier (26.234 Annex G) in a rate adaptive service environment
	Nokia
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