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1 Introduction

This document contains the agreed use-cases, scope and requirements for Fast Content Switching and Start-up for PSS and MBMS. 
2 Scope and Use-Cases

2.1 Scope and Use-Case 
Both On Demand and Live streaming are in the scope of PSSe.

PSS content switching (same/different bearer and media parameters)
Adding and deleting particular media streams to/from an ongoing session.
PSS Startup (including both known and unknown content description cases)
PSS to MBMS streaming service switching [TBD Real and Nokia have concerns on the validity of this use case]

· to/from the same channel/content
· to/from a different channel/content
MBMS to PSS streaming service switching

· to/from the same channel/content (loss of coverage)

· to/from a different channel/content
Content may be available in different configurations, e.g. different view cameras, different audio languages, or different subtitling streams. The user can switch from one configuration to another during the presentation, which would give the user a similar or better control experience to watching a DVD.

2.2 
· 

3 Requirements

3.1 
PSSe should reuse as much as possible of PSS Rel-6.

PSSe should be backward compatible to pre-Rel-7 PSS clients.

We should minimize the number of Fast Content Switching solutions to cover all use cases (“no over engineering”)

Content Switching Time definition: The content switching time is the time between the user selects new content until the first full picture - resp. audio sample - of the new content is rendered on the terminal screen - resp. audio device- .

PSSe content switching time should be 

· as fast as possible and 

· significantly faster than PSS Rel-6 channel switching time in most use cases and

· less than 3 seconds in best conditions.

PSSe Startup Time Definition: The startup time is the delay between a PSS client issuing the first request for content and the first full picture or audio sample is rendered on the terminal screen or audio device.

PSSe Content Startup Time should be:

· as fast as possible and 

· significantly faster than PSS Rel-6 content startup time 
· 
PSSe to MBMS switching Definition: [TBD]

PSSe to MBMS switching Time should be: [TBD]

MBMS to PSSe switching Definition: [TBD]

MBMS to PSSe switching Time should be: [TBD]

Support 3GPP-Adaptation and Release 6 file format multirate semantics for startup and switching (S4-060604, section 3.4.1)
Channel startup and switching model and measurement incl. Server Processing delay Considerations (S4-060606, Section 2.2)
Only PSSe clients and servers are in the scope. A new, informative appendix can give guidelines, if there is a need for it (S4-060606, Section 2.3 & 2.4)

Special requirements from/for S4-060711: The solution should allow for as low bandwidth usage as possible

3.2 
· 
· 
· 
· 
4 Working Assumption

4.1 Explicitly signal the content change in the RTSP conversation to avoid teardown/setup (From S4-060605)
While RTSP request roundtrips are potentially unavoidable during initial setup for the first request when traversing NAT and firewalls, once playback has begun, it is possible for the client to switch streams with a single round trip request by reusing the same connection and ports and just signaling that the source stream is to be changed. By reusing the ports that have already been setup, there is no need to redo firewall traversal SETUP roundtrips.   
Agreement at PSSe & MBMSUSE Ad hoc (11-12 January 2007)
4.2.1 
General
Reference: RTSP 2.0: draft-ietf-mmusic-rfc2326bis-14.txt
PSS Clients shall support the “supported” header to query Rel-7 PSS features (from RTSP 2.0).
PSS Servers shall support the “supported” header to offer Rel-7 PSS features (from RTSP 2.0).
PSS Clients shall understand the SSRC response in the RTP-info header (from RTSP 2.0).
4.2.2 
Startup
The Improved Startup is inspired by the DESCRIBE + Pipeline method in S4-AHP310 and S4-AHP306.
Feature tag “3gpp-pipelined-startup” (name TBD)
4.2.2.1 
Successful case
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Figure 1
Notes on the figure:

DESCRIBE includes “supported” header indicating this Feature tag and any other relevant feature tags depending on the PSS client’s wishes (e.g. the 3gpp-play-switch TBD tag).
The client should monitor whether the server behaves as declared.
A client unique “Startup ID” is required until the client receives the session ID. The way this “Startup ID” is generated is TBD (e.g. randomly). The “Startup ID” is unique for a particular TCP connection.
Delay: 2 RTs (5 RTs in Rel-6 in case of Aggregated Play Control).
4.2.2.2 
Legacy case (Rel-7 client, Rel-6 server) with the SDP
In this case the client received the SDP by other means than a DESCRIBE. So the client has to check the server has the capabilities.
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Figure 2
Notes on the figure:

The second SETUP and the first PLAY includes “require” header indicating the Feature tag.
Delay: 3 RTs (3 RTs in Rel-6).

4.2.2.3 
Legacy case (Rel-7 client, Rel-6 server) without the SDP

In this case the client receives the SDP with the response to a DESCRIBE (with the supported header included) and learns the server is not Rel-7 capable. The legacy procedure is then used to setup RTP.
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Figure 3
Notes on the figure:

DESCRIBE includes “supported” header indicating the Feature tag.
Delay: 4 RTs (4 RTs in Rel-6).
4.1.1 Switching
4.1.2 There are 2 cases of switching. One when the PSS client knows the new content description, another when it doesn’t.
4.2.4.1 4.2.3.1 
Switching to new content with known description
4.2.3.1.1
Introduction
Switching with SDP is inspired by the PLAY method proposed in S4-AHP314 and S4-AHP309. It also includes a sub case where it is switching only one media stream according to the PLAY method proposed in S4-AHP314 as well.
Feature tag “3gpp-play-switch” (name TBD)

It requires that the PSS Client knows the server supports this method from Startup. So the feature tag has to be signaled in the startup (supported header)
4.2.3.1.2
Switch of streaming content
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Figure 4
Notes on the figure:

PLAY contains


Aggregated URI (from the new SDP file)


Extra header: 
switch-Stream
= “Switch-Stream” HCOLON switch-spec *(COMMA switch-spec) CRLF

switch-spec
= old-stream SEMI new-stream 

old-stream
= stream-url

new-stream
= stream-url

200 OK (PLAY RESPONSE) contains

RTP-info contains the new SSRC and all other regular info.
Delay: 1 RT (3 RTs in Rel-6).

4.2.3.1.3
Switch of a subset of media streams
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Figure 4
Notes on the figure:

PLAY contains



Aggregated URI (from the currently used SDP file)



Extra header: 

switch-Stream
= “Switch-Stream” HCOLON switch-spec *(COMMA switch-spec) CRLF

switch-spec
= old-stream SEMI new-stream

old-stream
= stream-url

new-stream
= stream-url

200 OK (PLAY RESPONSE) contains

RTP-info contains the new SSRC and all other regular info.
Delay: 1 RT (3RTs in Rel-6).

4.2.3.2 
Switching to new content without description
4.2.3.2.1
Introduction
The switching without description method is inspired by the 3GPP_QUICK_START method from S4-AHP305.
It requires that the PSS Client knows the server supports this method from Startup. So the feature tag has to be signaled in the startup (supported header).

Feature tag “3gpp-play-switch-no-sdp” (name TBD).
4.2.3.2.2
Successful with server selected streams
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Figure 5
Notes on the figure:
PLAY contains:


Content URI


Extra header: 

sdp-requested
200 OK (PLAY RESPONSE) contains:
switch-Stream
= “Switch-Stream” HCOLON switch-spec *(COMMA switch-spec) CRLF

switch-spec
= old-stream SEMI new-stream

old-stream
= stream-url

new-stream
= stream-url

RTP-info contains the new SSRC and all other regular info.
Full SDP (or relevant parts of SDP FFS)

Wether a New Session ID will be used in the response is FFS
Delay: 1 RT (4 RTs in Rel-6).

4.2.3.2.3
Successful with client requested streams
In this case the server can not decide the media streams and has to wait for the client to pick the media streams.
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Figure 6
Editorial Note: the figures must be updated so that the PLAY (no-sdp-switch) becomes PLAY (with sdp)
Notes on the figure



First PLAY contains




Content URI



Extra header: 

sdp-requested

202 ACCEPTED (PLAY RESPONSE) contains:

Full SDP (or relevant parts of SDP TBC)
For the rest please refer to section 4.2.3.1


Wether a New Session ID will be used in the response is FFS
Delay: 1 RT (4 RTs in Rel-6).

4.2.3.2.4
Successful with partial server selected streams
In this case the server can not decide ALL of the media streams, start streaming  and has to wait for the client to pick the media streams.
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Figure 7
Notes on the figure

First PLAY contains:



Content URI



Extra header: 

sdp-requested

206 PARTIAL CONTENT (PLAY RESPONSE) contains:

Full SDP (or relevant parts of SDP TBC)


Whether a New Session ID will be used in the response is FFS
The addition of the Text stream uses the mechanisms depicted in section 4.2.4.
Delay: 1 RT to get A/V and an extra 1RT to get A/V/T (5RTs in Rel-6 to get A/V/T).
4.2.5 Adding and deleting particular media streams 
Adding: Working Assumption is to use the SETUP with the existing session ID and then pipeline PLAY. The PLAY response should contain all synchronization information for all media streams.
Deleting: FFS







































_1230113369.vsd
Text


PLAY  SessionID=xxxx
Switch-Stream: url=rtsp://www.example.com/channe1/StreamID=1;url=rtsp://www.example.com/channe2/streamID=1,url=rtsp://www.example.com/channe1/streamID=2;url=rtsp://www.example.com/channe2/streamID=2


200 OK SessionID=xxxx RTP-Info:…


Client


Server


Media Data Transmission


Time


Channel Switch Delay



_1230113446.vsd
Text


PLAY  SessionID=xxxx
Switch-Stream: url=rtsp://www.example.com/channe1/StreamID=1;url=rtsp://www.example.com/channe2/streamID=1


200 OK SessionID=xxxx RTP-Info:…


Client


Server


Media Data Transmission


Time


Channel Switch Delay



