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1 Introduction
PSS reuses RTSP [7] for session setup and control. RTP/RTCP [5], RTP/AVP profile [6]and RTP/AVPF [4] profile are used for the media transport and for feedback exchange between the client and server. 3GPP PSS defines several extensions to RTSP to allow for exchange of link characteristics, media bit rate adaptation information, and quality of experience (QoE) information. 

The target of PSSe is to define extensions to 3GPP PSS Rel.-6 in order to optimize the streaming service experience. Among other issues, fast channel start-up has been identified as an important field of optimization for the PSS service.  
In this document we propose a simple extension to RTSP to enable fast channel start-up for PSSe. The proposal is to allow for non-aggregate SETUP requests so they can be pipelined and then to introduce a bundling functionality to combine the individual RTSP sessions into a single streaming session. The remaining sections give more details of this approach. 
2 PSS Rel-6 Channel Startup
In 3GPP PSS Rel-6, initiating a streaming session is consuming a significant amount of time, which is on the border of user acceptance. The procedure for starting a streaming session is depicted in Figure 1. The total delay also includes other components such as buffering delay and transport delay. A typical start-up delay in PSS Rel-6 lies around 5 to 8 seconds. 
As can be seen from Figure 1, the initiation of a streaming session (composed of an audio and a video stream) in PSS takes 3 round trips. Additionally, a round trip for performing a DESCRIBE may be necessary to acquire the session description of the presentation. This high delay is, however, necessary according to RTSP in order to establish a well-defined presentation with shared aggregate control and presentation timeline. The target is to define extensions to RTSP that do not break the existing RTSP and RTSP specifications and at the same time reduce the overall delay for initiating a PSSe session significantly.
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Figure 1 Channel Start-up Procedure in PSS Rel-6

3 Proposal
3.1 Outline

We propose an extension to RTSP that enables fast start-up of a streaming session. 

The proposed solution is to
· allow for non-aggregate SETUP of the different media streams of the presentation
· introduce a bundling functionality
The bundling functionality allows us to bundle two different RTSP sessions into a single ‘user’ session. The two RTSP sessions will then share the presentation timeline and the aggregate methods (e.g. PLAY, PAUSE, and TEARDOWN).  
The client pipelines the SETUP requests for all the media streams in the session. In response, the server generates random Session IDs (‘xxxxxx’, ‘yyyyyy’) and sends them back to the client. The client then introduces the bundling relationship in all subsequent aggregate control methods. The bundling relationship between the two RTSP sessions is signalled by using a new header ‘BUNDLE’. The BUNDLE header field contains the session IDs of the sessions to be bundled together. Figure 2 illustrates the usage of bundling according to this implementation.

If applied to the example in section 2, this proposal would allow for saving a complete round-trip delay due to the pipelining of the SETUP requests.
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Figure 2: Channel Start-up Procedure according to the proposal
3.2 Detailed Example
In the following example, we show a detailed RTSP dialog that makes use of the BUNDLE header field to aggregate several originally independent sessions.
DESCRIBE rtsp://mediaserver.com/movie.3gp RTSP/1.0
CSeq: 1 
User-Agent: TheStreamClient/1.1b2
RTSP/1.0 200 OK
CSeq: 1
Content-Type: application/sdp
Content-Length: 435

v=0
o=- 950814089 950814089 IN IP4 144.132.134.67
s=Example of aggregate control of AMR speech and H.263 video 
e=foo@bar.com
c=IN IP4 0.0.0.0 
b=AS:77
b=TIAS:69880
t=0 0
a=range:npt=0-59.3478 
a=control:*
a=maxprate:20
m=audio 0 RTP/AVP 97
b=AS:13
b=TIAS:10680
b=RR:350
b=RS:300
a=maxprate:5
a=rtpmap:97 AMR/8000
a=fmtp:97
a=maxptime:200
a=control:streamID=0
m=video 0 RTP/AVP 98
b=AS:64
b=TIAS:59200
b=RR:2000
b=RS:1200
a=maxprate:15
a=rtpmap:98 H263-2000/90000
a=fmtp:98 profile=3;level=10 
a=control: streamID=1

SETUP rtsp://mediaserver.com/movie.3gp/streamID=0 RTSP/1.0
CSeq: 2
Transport: RTP/AVP/UDP;unicast;client_port=3456-3457
User-Agent: TheStreamClient/1.1b2 

SETUP rtsp://mediaserver.com/movie.test/streamID=1 RTSP/1.0
CSeq: 3
Transport: RTP/AVP/UDP;unicast;client_port=3458-3459
User-Agent: TheStreamClient/1.1b2                                                                      
RTSP/1.0 200 OK
CSeq: 2
Transport: RTP/AVP/UDP;unicast;client_port=3456-3457; server_port=5678-5679
Session: xxxxxx

---------------------------------------------------------------------------------------------------

RTSP/1.0 200 OK
CSeq: 3
Transport: RTP/AVP/UDP;unicast;client_port=3458-3459; server_port=5680-5681
Session: yyyyyy
---------------------------------------------------------------------------------------------------

PLAY rtsp://mediaserver.com/movie.test RTSP/1.0
CSeq: 4
Session: xxxxxx 
User-Agent: TheStreamClient/1.1b2
BUNDLE: Session ID =yyyyyy

---------------------------------------------------------------------------------------------------
RTSP/1.0 200 OK
CSeq: 4
Session:xxxxxx
BUNDLE: Session=yyyyyy
Range: npt=0-
RTP-Info: url= rtsp://mediaserver.com/movie.3gp/streamID=0; seq=9900;rtptime=4470048, 
                 url= rtsp://mediaserver.com/movie3gpt/streamID=1; seq=1004;rtptime=1070549
4 Introduction of the “Supported” Header Field

The “Supported” header field is defined in HTTP/1.1 and the IETF draft RTSP 2.0. It provides means for querying the other communication party for support of a specific feature. The features are indicated using feature tags. The benefit of supporting the “Supported” header field over the “Required” header field, is that it does not cause a request to fail if a specific feature is not supported. The receiver should include the “Supported” header field in the DESCRIBE request or in the first communication with the server. An unknown header will be ignored by RTSP 1.0 servers and the response will not contain the “Supported” header field. In that case, the receiver can safely assume that the feature is not supported.
A new feature tag “org.3gp.psse.fast-start”, is defined to indicate the support for the fast channel start-up mechanism.

5 Conclusion

This document presented a solution to improve the channel start-up times in PSSe. The proposal is to allow for non-aggregate SETUP requests so they can be pipelined and then to introduce a bundling functionality to combine the individual RTSP sessions into a single ‘user’ session. The proposed solution has the advantage that it reduces the PSSe channel start-up time by at least one roundtrip time. It is compliant to RTSP 1.0 specifications and it introduces a simple extension to RTSP 1.0. 
Nokia proposes to adopt the solution outlined in section 3 for PSSe Rel-7 fast channel start-up. We also propose to adopt the capability signalling procedure based on the “Supported” header field and the new feature tag.
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