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Introduction

Streaming refers to the ability of an application to play synchronised media streams like audio and video streams in a continuous way while those streams are being transmitted to the client over a data network. 

Applications, which can be built on top of streaming services, can be classified into on-demand and live information delivery applications.. Examples of the first category are Music- and news-on-demand applications. Live delivery of radio and television programs are examples of the second category.

The 3G packet-switched streaming service (PSS) provides a framework for IP-based streaming applications in 3G networks. This document specifies protocols and codecs of 3G PSS. 

1 Scope

The present document specifies the protocols and codecs to be used in 3G packet-switched streming services.

2 References

[1]



3G TS xx.xxx, Packet switched mobile streaming application – General Description

[2] 



3G TS 26.111 version 3.2.0, Codec for Circuit Switched Multimedia Telephony Service Modifications H.324
[3]



Schulzrinne H., Rao A. and Lanphier R., “Real Time Streaming Protocol”, RFC 2326, April 1998.

[4]



Handley M. and Jacobson V., “SDP: Session Description Protocol”, RFC 2327, April 1998.
[5]



ITU-T Recommendation H.263: "Video coding for low bitrate communication"
3 Abbreviations

For the purposes of the present document, the following abbreviations apply:

PSS
3G packet-switched streaming service

MMS
Multimedia Messaging

FFS
For further studies

4 System description
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Figure 1: Functional components of a 3G packet switched mobile streaming terminal


Streaming services require some control components namely presentation control, capability exchange, session control and content selection.  

Presentation control mechanisms are needed for specifying the user interface layout, for defining the particular media streams, which compose a media presentation, and for the synchronisation of those media streams. 

Capability exchange methods should enable automatic choice or adaptation of media streams depending on different terminal capabilities. 

Session set-up and control deals with the set-up of the streaming session between the streaming server and client and the control of media presentation by the user. It involves VCR-like presentation control functions like start, pause, fast forward and stop of a media presentation.

Session Establishment refers to method to invoke the streaming client from a browser or directly by the user..

5 Protocols

5.1 Packet based network interface

UDP and TCP are used for carrying all the session data including session set-up, session control and media streams 

5.2 Capability exchange

FFS

5.3 Session establishment

FFS

5.4 Session set-up and control

The Real-Time Streaming Protocol (RTSP) [3] shall be used for session set-up and session control. 3G PSS client and servers are required to follow the rules for minimal RTSP implementations in Appendix D of RFC 2326 [3]. [Only the parts related to on-demand playback are mandated.] In addition to this, 3G PSS servers and clients are required to implement the DESCRIBE method. 
[Editors note: Additional support for headers and methods will be decided on later. A proposal is given in the document S4-000509.]

The Session Description Protocol (SDP) is mandated as the format of the presentation description for both clients and servers. Servers should generate and clients interpret the SDP syntax according to RFC 2327 [4] and Appendix C of RFC 2326 [3]. 
[Editor’s note: Further studies will show if additional SDP attributes needs to be defined.]
5.5 Data transport

[For release 4 only unicast is considered.]
5.5.1 RTP/RTCP over UDP

RTP/RTCP provides a means for sending real-time or streaming data over UDP. It is the preferred way of sending audio and video data. It also provides feedback to the server about the transmission quality. Each media has a payload specification defined or to be defined by IETF.

5.5.2 TCP

TCP provides reliable transport of data over IP networks, but with no delay guarantees. It is the preferred way for sending some type of data like files, text and still images. The details are FFS. The usage of TCP for transmission of streaming audio and video is also FFS.  

6 Codecs

6.1.1 Text

FFS

6.1.2 Speech

[AMR is the mandatory codec for speech. This is harmonised with conversational 3G services like circuit switched multimedia telephony service 3G-324M [2].]

6.1.3 Audio

FFS
6.1.4 Bitmap Graphics

FFS

6.1.5 Vector graphics codecs

FFS

6.1.6 Still images

[For terminals supporting still image, ISO(IEC JPEG and JPEG2000 are mandatory still image codecs.]

6.1.7 Video

The ITU-T H.263 [5] baseline is the mandatory video decoder. 
[Editor’s Note: It has been decided that harmonization with the video codecs used for the 3G conversational services should be the starting point in the discussion about which possible profiles and levels that additionally could be specified. Suggestions are H.263 Ver. 2 Conversational and Streaming Wireless (Profile 3) Level 10 and MPEG Visual Simple Profile level 0. Some functions of them may be moved to mandatory with the consensus of the group in future.]

7 Presentation layout and synchronisation 

[SMIL/mobile SMIL (or alternative schemes) shall be used for presentation layout and synchronisation. W3C is working towards a new version of SMIL known as SMIL Boston. Which parts of SMIL Boston to include is for further studies.]
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