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1. Introduction

The 3G packet-switched streaming service (PSS) targets at applications on mobile terminals that play back synchronised media streams like audio and video streams in a continuous way while those streams are being transmitted to the terminal over a packet-switched mobile data network.

The 3G PSS service should be based on the Internet Protocol (IP) and it should be able to work together with existing streaming services on the Internet, if they are using IETF (Internet Engineering Task Force) protocols.

Streaming applications include several elements. The simplest case involves a content server, a client and a set of standardised protocols, which are used for the client-server communication and the actual streaming of media packets. The client-server control protocol should provide the end-user with some simple VCR like control mechanisms, like playing and stopping a media stream. In addition, a standardised set of media codecs is required.
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Figure 1: Network elements used by a packet switched mobile streaming service

There is also a need to standardise mechanisms for capability exchange and for the invocation of a streaming service. In addition presentation specification standards are required for defining the layout and synchronisation of media streams in a multimedia presentation.

For some of these tasks there are obvious choices of protocols and standards. For others further studies are needed. 

The scope of this document is to highlight some available protocols and standards that can be used for PSS. It also mentions areas where more studies need to be done.  

The protocols are discussed from the basis of the network elements in a PSS service (see Figure 1). In Figure 1 dashed boxes indicate optional elements. The simplest case involves only a content server and a streaming client.

2. Session establishment

The session establishment part of a PSS session consists of ways for the user to invoke a streaming session. 

First, the user needs to get aware of the content. This can be achieved by a streaming portal or by means of messaging services like MMS. The portal can be a WAP portal or a web server, and the tool for selecting the content is some kind of browser. This means that the protocols involved in this are preferably protocols originating from the WAP forum (WML/WSP/WTP) and the IETF/W3C (HTML/HTTP/TCP).

Because of the great variety of mobile terminals and wireless network access speeds, a capability exchange mechanism would be advantageous to make sure that the content is delivered to the client in the best possible way. That may also include taking into account user preferences.

The simplest scenario is the case where the user knows where to find a version of the content, which is best suited in the specific situation which depends on the used radio access network and the terminal capabilities. This is the basic streaming case described in figure 1 (without the dashed boxes). 

Any other scenario may include one or several of the dashed network elements. To allow more attractive applications we need to care about the interworking between different network elements and what protocols are going to be used to accomplish special tasks. 

For instance, there are several options for doing the capability exchange. One example of a protocol for describing client capabilities is the Composite Capability/Preference Profiles (CC/PP) [3]. The User Agent Profile (UAProf) [5] system to handle Capability and Preference Information (CPI) within the WAP system uses CC/PP. 

3.  Session setup and control with the Real Time Streaming Protocol (RTSP)

RTSP is used for controlling a streaming session, i.e. setting up the individual streams and controlling the streaming. This signalling takes place between the content server and the streaming client in Figure 1 (or via the content cache if one is used). The IETF protocol for streaming control RTSP [1] is now a well-established protocol used by a majority of the available streaming applications on the Internet. There also exists lots of content that can be accessed through RTSP servers. These two facts make RTSP a good candidate to use also for PSS in 3GPP. The MMUSIC working group within IETF is at the moment in progress to make RTSP a draft standard.
The structure of RTSP looks very much like HTTP. It specifies 11 methods together with a set of header fields that can be used in the communication between a client and server. The methods are: ANNOUNCE, DESCRIBE, GET_PARAMETER, OPTIONS, PAUSE, PLAY, RECORD, REDIRECT, SETUP, SET_PARAMETER and TEARDOWN. RTSP is usually carried over TCP, but UDP may also be used.

Many header fields and methods in RTSP are left optional to the implementers. Which of the methods and header fields that are required also depends on if the client should be able to control both playback and recording. The fact that RTSP mainly is a framework with lots optional functionality should not cause major problems when applying it to PSS in 3GPP, we just need to define guidelines of how RTSP should be used. 

One example where the use of the term “optional” may cause interoperability problems is the transfer and interpretation of the presentation description. For RTSP to work, a client needs a presentation description. The presentation description includes e.g. information about how the media is encoded. In RFC 2326 no requirements on the format of this description is given, nor the way it should be transported to the client. Instead the IETF protocol SDP [4] is given as just one example of a presentation description format. SDP fulfils the requirements that RTSP has on a presentation description. It does however not include capability exchange in its present version. The answer to a DESCRIBE is one way of transporting the presentation description, but the use of DESCRIBE is not mandatory and there are other possible ways to transmit the presentation description. Using HTTP is one example. 

The issues mentioned above are tightly coupled with the session establishment described in section 2 of this document, i.e. the question of how network elements and the application should interact with each other to solve the overall task of session establishment and session set-up.

4. Data transport 

A well established transport protocol for real time data is the Real time Transport Protocol (RTP) [2]. RTP was designed to run on top of a connection-less protocol like the User Datagram Protocol (UDP).

RTP is used by many applications, e.g. many IP-telephony solutions. Lots of effort is put into developing payload formats for different codecs in IETF. Many available content servers support the use of RTP/UDP for media transport. Even though RTSP does not specify which protocols to use for the media transport, it promotes RTP by including special header fields to aid the use of RTP. All this makes RTP a strong candidate for the data transport in PSS.

In IETF work is now in progress to make RTP a draft standard. 

Recent work in IETF aims towards including feedback/retransmission into RTP. This work has now reached the Internet-draft level. If any retransmission for UDP is to be included in PSS the protocol developed within IETF should be used.

For some kinds of media, e.g. text, the Transmission Control Protocol (TCP) might be more suitable. This is a question for further studies.

5. Codecs

There shall preferably be a minimal set of codecs that are common to most multimedia applications like video telephony, MMS, WAP and streaming. Therefore, the codecs for mobile streaming services should be harmonised as much as possible with other 3G services.

AMR shall be the mandatory codec for speech. This is harmonised with conversational 3G services like circuit switched multimedia telephony service 3G-324M [6].

For terminals supporting video, the codecs shall be harmonised with 3G-324M having ITU-T H.263 baseline as mandatory codec and H.263 ver. 2 with some annexes and MPEG-4 simple profile as options [6].

For photographic images, JPEG should be the mandatory codec, which is inline with MMS discussions. The preferred file format is JFIF. 

Other codecs are for further studies.

6. Radio bearers and Quality of Service 

Application control data have different requirements of delay and bit-error rate than the streamed media. However, PSS should work for all different types of radio bearers. This does not mean that the quality of service experienced by the end-user will be the same for all bearers. If e.g. a special streaming bearer is used for the data transfer the end-user quality will be higher than if a best-effort bearer is used.

7. Conclusions

We suggest that the working assumption for the PSS work item is to use RTSP for session setup and control. This is enough for a simple streaming service. 

For data transport the working assumption should be UDP/RTP and in some cases TCP. 

We suggest further that the 3G-324M codecs as well as JPEG shall be mandatory codecs.
How the session establishment in PSS should work in detail is an open question. Things like capability exchange and in some aspects session control influences this. We believe that CC/PP is a good starting point for further discussions regarding capability exchange.
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