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S4 is making very good progress on the transparent (end-to-end) packet-switched streaming service, which is clearly an important service for 3G. The provision of such a service encompasses many factors, including call set-up, call control and bearer control. S4 has addressed some of these issues by selecting RTSP as the mechanism for initiation and control, because it is envisaged that the transparent streaming service will run over TCP/IP. 

We hope that multimedia streaming will become a high-volume service, however, this means that the service must make efficient use of radio spectrum, and must be provided in a manner that is consistent with the 3G architecture. We note that a number of other 3GPP technical sub-groups (TSGs) are responsible for factors that are related to the provision of the multimedia streaming service. Specifically, CN1 is responsible for the use of SIP and SDP in the IM-domain; CN3 is responsible for the user plane, including RTP and RTCP issues; S2 are responsible for the overall 3G architecture and quality of service. 

We therefore propose that S4 maintain close communication with CN1, CN2 and S2. We also note from the previous meeting that T2 have an interest in the progress of this work item. We propose to send the attached liaison statement to these groups with draft copies of TS 26.233 and 26.234, in order to initiate this communication.
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Subject:
Progress on definition of codecs and protocols for a transparent packet-switched multimedia streaming service

For:
Information and comment

SA4 would like to provide the following information regarding the status of the work item "Packet-switched Streaming Service (PSS); Protocols and Codecs."

SA4 has agreed to complete the work item in two phases where the first phase will already include a complete basic streaming service, and is referred to as basic streaming. The second phase builds on the first phase and includes additional compatible functionality. The first phase will be completed for Release 4 and the second phase for Release 5. The present SA4 work on streaming is limited to downlink streaming (with a terminal as a streaming client).

The exact scope of basic streaming for Release 4 has not yet been defined, but Release 4 will at least include support for session control (based on a subset of RTSP), transport protocols (based on RTP/UDP), presentation control, and support for basic media types. Default codes and RTP payload formats will be defined for speech, video, still images, and text (possibly audio as well). 

An important working assumption in SA4 has been to minimise the number of different codecs (for each media type) that the terminal needs to support for different services. Hence, the media codec choices for PSS will be made taking into consideration the codec choices already made for defined services (speech, circuit-switched multimedia telephony 3G-324M) as well as the on-going work on packet-switched conversational service.

Preliminary drafts of the relevant specifications are attached:

TS 26.233, “Packet-switched Streaming Services (PSS) - General Description”

TS 26.234, "Packet Switched Streaming Services (PSS) - Protocols and Codecs”
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