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1 Introduction
At the last SA4 meeting Ericsson, 3 and NEC suggested an extension to PSS RTSP signalling that would make it possible to do mobile-TV channel switching inside a PSS RTSP session [1].
At the presentation of the extended RTSP signalling, some questions were raised on the flexibility of the proposed PSS change, especially regarding the possibility to use different codecs for different channels.
In this discussion input we discuss how the RTSP modification can be used to achieve an optimal switching time, including change of codec, but also how to fallback to standard RTSP signalling in the worst case.

2 Description of PSSe channel switch

In this section, we describe the “PSSe channel switching” (cf. agreements in S4-060579). The PSSe channel switching use only point-to-point UMTS bearer services. 

2.1 Quick channel zapping

A switch of service corresponds to changing TV-channel in an ordinary TV system, or “zapping”. 
As a general goal we would like to achieve a short channel switching time, and we aim for 3 seconds under normal conditions.

To achieve this for PSS, it is essential to keep the signalling time low, have rather small buffers, and also to have frequent key frames in the video stream. An alternative to the latter condition is that the server sends a key frame as the first frame after a channel switch.
2.2 RTSP channel switch in PSS Rel. 6

To perform a change of source using RTSP in 3GPP Rel. 6, one typically establishes a new RTSP session. The signalling for this would look like

Step 1: 
C->S: DESCRIBE rtsp://server.com/channel1.sdp RTSP/1.0

Step 2: 
C->S: SETUP rtsp://server.com/channel1.sdp/videotrack RTSP/1.0

Step 3: 
C->S: SETUP rtsp://server.com/channel1.sdp/audiotrack RTSP/1.0
Step 4: 
C->S: PLAY rtsp://server.com/channel1.sdp RTSP/1.0

If the SDP file is already stored in the UE, then step 1 could be skipped. 

The first three requests cannot be pipelined since they depend on the preceding ones. In the SETUP case, the second SETUP gets the Session-ID from the server response of the first SETUP. Pipelining of the RTSP PLAY request with the last SETUP is explicitly forbidden by the RTSP 1.0 RFC [RFC 2326]. The RTSP client must wait until all outstanding SETUP requests have been acknowledged as successful. Therefore, on the RTSP signalling level, the setup of a channel requires at least 3 round trips. Note, RTSP round trip contributes to the channel switching delay with the round trip time and the message processing delay.
One possibility of reducing the number of round-trips is to use non-aggregated control URIs and use different parallel RTSP sessions for the audio and video. However, this means that audio-video synchronization via rtp-info in the PLAY response is lost which is a severe drawback.
The procedure above is the one that is used to establish the first PSS relation. To switch to another channel, one would stop and close down the old RTSP session using TEARDOWN, and establish a new RTSP session for the new channel. This process therefore takes as long as the first establishment of a channel switch.

2.3 Fast channel switch proposal using RTSP PLAY
When trying to improve the switching performance via RTSP, it may be noted that the first steps describes the codecs used, while the SETUP requests establish the IP transport. Therefore, if the codec settings can remain the same, and the server’s address is the same, it should be possible to avoid redoing the first three steps, but simply perform a PLAY request to switch channel. This implies an addition to RTSP 1.0 [RFC 2326]: Servers must consider a previous PLAY request as completed and process the new PLAY request without queuing. Of course, the server should be in general aware of the “Fast Channel Switching” capabilities of the client. 
To allow channel switching on established RTP sessions,  we must introduce different control URIs for the PLAY request depending on the channel. Since this is an extension to RTSP, it is important to include a feature-tag “multiple-control-uris” at least once in an RTSP Message (e.g. DESCRIBE request) to signal to the server that the client wants to use this new feature. Note, servers which do not understand this feature tag will reply with "551 Option Not Supported". Note, the client understands the availability of this option from the SDP file. PSS clients which do not understand the new attributes will simply neglect them. 
A sequence of the PSSe Fast Channel Switching session is depicted below:
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DESCRIBE

C->S: DESCRIBE rtsp://server.com/allchannels.sdp RTSP/1.0

Require: multiple-control-uris

S->C: RTSP/1.0 200 OK

Content-Base: rtsp://server.com/allchannels/

Content-Length: ...

allchannels.sdp as above

Optional

SETUP „video“

SETUP „audio“

C->S: SETUP rtsp://server.com/allchannels/videotrack

Optional: multiple-control-uris

S->C: RTSP/1.0 200 OK

C->S: SETUP rtsp://server.com/allchannels/audiotrack

Optional: multiple-control-uris

S->C: RTSP/1.0 200 OK

PLAY „Ch. 1“

C->S: PLAY rtsp://server.com/service1

Optional: multiple-control-uris

S->C: RTSP/1.0 200 OK

C->S: PLAY rtsp://server.com/service2

Optional: multiple-control-uris

S->C: RTSP/1.0 200 OK

PLAY „Ch. 2“

1.

2.

3.

4.


The initial setup of the PPSe session with channel switch support is described by step 1 and 2. Step 1 is optional, since the Client might have received the SDP file for the session by another mean (e.g. OMA BCAST ESG).  The feature tag “multiple-control-uris” is required during the initial session set-up. 
After Step 2, the client can then choose one out of multiple channels available, by using a specific URI in the PLAY request, e.g. (cf. step 3)
C->S: PLAY rtsp://server.com/service1

To later switch to another channel, a new PLAY request is issued (cf. step 3):

C->S: PLAY rtsp://server.com/service2
The PLAY response will include synchronization information via rtp-info, and should also include new SSRC values to make it possible for the client to know which packets belong to the new channel.

By using this new scheme, the signaling time is reduced from 4 to 1 round trips.

2.4 Support for multiple encodings

We believe that the support for multiple encoding settings would be small for the following reasons

· The video will be coded using H.264 in almost all cases. With H.264, one can specify different Sequence and Picture Parameter Sets (SPS, PPS) with, for example, different resolutions. Since these can be specified in the SDP-file, it is possible to have different H.264 encodings of different channels and provide them in the same RTP session without starting with new codec settings.

· AMR-WB+ can go from mono to stereo and sampling rate from 8 to 48kHz without changing the codec declarations in SDP.

· Enhanced-AAC+ can change bitrate without changing codec declaration in SDP.

However, if different codec settings are really needed, this can be provided in a standard way using the possibility of specifying multiple PT values on the m-line in SDP.
For example, the SDP-file for "allchannels.sdp" may look like:

v=0
o=ER 65536 0 IN IP4 10.0.0.2
s=UC common SDP
c=IN IP4 10.0.0.1
t=0 0
a=range:npt=now-
a=control:*
a=altcontrol:rtsp://server.com/channel1 bw=80 pt=97,101

a=altcontrol:rtsp://server.com/channel2 bw=100 pt=97,102
m=video 0 RTP/AVP 97
a=control:videotrack
a=range:npt=now-
a=rtpmap:97 H264/90000
a=fmtp:97 profile-level-id=42E00B; 
  sprop-parameter-sets=Z0LgC5ZSAoPy,aM48gA==,
  Z0KACkVsLE5A,aEio6g==; packetization-mode=1
m=audio 0 RTP/AVP 101 102
a=control:audiotrack
a=range:npt=now-
a=rtpmap:101 AMR-WB+/72000/2
a=fmtp:101 interleaving=30; int-delay=86400
a=maxptime: 100
a=rtpmap:102 MP4A-LATM/32000/2
a=fmtp:102 profile-level-id=15; object=2; cpresent=0; config=400028103FC0

In this case we have QVGA and QCIF resolution for H.264 using different SPS, and two possible audio codecs with PT values 101 and 102.

This way of using multiple codec settings in the m-line in SDP is normally not used in PSS, but it is included in the SDP specification [rfc 2327]. When multiple PT values are specified, the codec settings may change in the middle of an RTP session, and the client must always be prepared to start a new decoder. Since this gives an extra complexity to the client, and our main focus is to allow a change of codec settings when switching channel, we propose to specify with each alcontrol-uri, what PT values are to be expected. In the example above, there is one audio codec and one video codec per alcontrol-uri, which makes it possible for the client to start instantiating the proper decoder right after the uses has chosen a specific channel. The new channel is then detected both by a new SSRC value (conveyed in the RTSP PLAY response) and a new PT value.
2.5 Handling of multiple servers

If different channels are provided on different servers, it is no longer possible to directly switch channel with an RTSP PLAY, but instead a new RTSP session must be established. Therefore, there is no direct gain of the proposed solution for that case. However, it is relatively straightforward to use an RTSP proxy that remains constant over the full client session and thereby provide the static transport settings needed. By doing this, a faster channel switch can be achieved even with multiple RTSP servers in the back plane.
3 Hybrid UC/BC solution
In this section, we describe the “PSSe to MBMS switching” and the “MBMS to PSSe switching” (cf. agreements in S4-060579).
3.1 Setup and switch UC->UC, and UC->BC/BC->UC

Depending on the UE capabilities, the UE may be able to maintain a PSSe session, while receiving MBMS. Certain UE may even use the PSSe session, while receiving MBMS. Of course, the perceived Mobile TV channel switching quality depend on these capabilities. In the following we assume that the UE can maintain a PSSe session, while receiving MBMS data. Thus, the UE established the RTSP and RTP session at the beginning. 

C->S: DESCRIBE rtsp://server.com/allchannels.sdp RTSP/1.0
      Require: multiple-control-uris

S->C: RTSP/1.0 200 OK
      Content-Base: rtsp://server.com/allchannels/
      Content-Length: ...

      allchannels.sdp as above

C->S: SETUP rtsp://server.com/allchannels/videotrack

C->S: SETUP rtsp://server.com/allchannels/audiotrack

If the user starts with BC access to a service, the UC RTSP session will rest in the state after SETUP (analogous to the PAUSE state).

If the user later switches to a service with UC access, the RTP sessions for the UC is started with a PLAY request with the appropriate uc-altcontrol URI, e.g.:
C->S: PLAY rtsp://server.com/service1

To switch to a new service, a new PLAY request is issued:

C->S: PLAY rtsp://server.com/service2

Note that service1 and service2 may be encoded in different ways. The encoding is given by the PT value in the RTP streams.

Finally, when switching to BC, the PSSe transmission is simply paused:

C->S: PAUSE rtsp://server.com/service2

3.2 Update of SDP-file for UC

If the service provider chooses to introduce new encoding settings for some services, these must be communicated to the clients in advance, and must be correspond to new RTP PT values. The means of updating service settings is to provide an updated ESG/USD with new codec settings. 
3.3 General Service Description Issues

To be able to switch channel (service), a list of services, and the corresponding accesses must be known in the client. For MBMS Release 6 and Release 7, this is provided to the client via a service guide (User Service Description (USD) in MBMS).

In the Broadcast case, there is a description of how to access each service in the ESG and USD. To harmonize with unicast, we should include a description for how to access the service via unicast in the same place. Since it is likely that there are services which are only available via UC, we will also have some services whose access is solely UC.

For UC (RTSP), there is no service description standardized except standard SDP files. 
There is a specific aggregated control-URI that is used to choose a specific service. As a fallback for legacy PSS clients, standard RTSP URI could be provided. The last new piece needed is a bandwidth description for each service, since it should be provided with the aggregated control URI.
A service that has a completely different encoding or a different server, can finally be described using a standard RTSP URI, but then requires a completely separate RTSP setup for access.
We thus propose to include the following new information in a user service description

	Information
	Description

	ucFChSwitchingURI
	Common unicast URI that references the SDP used for multiple services

	altcontrol
	The AC URI used to choose a specific service via the PLAY request

	bw
	The bandwidth (in kbps) used for the specific service

	pt
	The PT values specifying the codecs being used.

	unicastAccessURI
	An ordinary single-stream RTSP URI, that can be used by standard PSS clients


An example:

Example of a hybrid PSS/MBMS Mobile TV Service Announcement
<?xml version="1.0" encoding="UTF-8"?>

<bundleDescription 


xmlns="urn:3GPP:metadata:2005:MBMS:userServiceDescription" 


xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance"

xmlns:r7="urn:3GPP:metadata:2007:MBMS:userServiceDescription">


<userServiceDescription serviceId="urn:3gpp:1234567890MobileTVChannelBundleCh1">



<r7:fastChannelSwitching



 ucFChSwitchingURI="rtsp://www.example.com/3gpp/mbms/allchannels.sdp">




<r7:channel chId=”ch1” altcontrol="rtsp://server.com/service1" bw="100" pt=”97 102”/>



</r7:fastChannelSwitching>


<deliveryMethod sessionDescriptionURI="http://www.example.com/3gpp/mbms/channel1.sdp"







chId=”ch1”                    

                        unicastAccessURI="rtsp://www.example.com/3gpp/mbms/channel1_pss.sdp"/>



<deliveryMethod sessionDescriptionURI="http://www.example.com/3gpp/mbms/interactivity.sdp"







chId=”ch1”                    

                        unicastAccessURI="http://www.example.com/3gpp/mbms/register"/>


</userServiceDescription>

</bundleDescription>
<?xml version="1.0" encoding="UTF-8"?>

<bundleDescription 


xmlns="urn:3GPP:metadata:2005:MBMS:userServiceDescription" 


xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance" 
xmlns:r7="urn:3GPP:metadata:2007:MBMS:userServiceDescription">


userServiceDescription serviceId="urn:3gpp:1234567890MobileTVChannelBundleCh2">



<r7:fastChannelSwitching 



ucFChSwitchingURI="rtsp://www.example.com/3gpp/mbms/allchannels.sdp">




<r7:channel chId=”ch2” altcontrol="rtsp://server.com/service1" bw="80" pt=”97 101”/>



</r7:fastChannelSwitching>


<deliveryMethod sessionDescriptionURI="http://www.example.com/3gpp/mbms/channel2.sdp"







chId=”ch2”

                        unicastAccessURI="rtsp://www.example.com/3gpp/mbms/channel2_pss.sdp"/>


</userServiceDescription>

</bundleDescription>
<?xml version="1.0" encoding="UTF-8"?>

<bundleDescription 


xmlns="urn:3GPP:metadata:2005:MBMS:userServiceDescription" 


xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance" 
xmlns:r7="urn:3GPP:metadata:2007:MBMS:userServiceDescription">


userServiceDescription serviceId="urn:3gpp:1234567890MobileTVChannelBundleCh3">



<r7:fastChannelSwitching 



ucFChSwitchingURI="rtsp://www.example.com/3gpp/mbms/allchannels.sdp">




<r7:channel chId=”ch3” altcontrol="rtsp://server.com/service1" bw="100" pt=”97 102”/>



</r7:fastChannelSwitching>


<deliveryMethod sessionDescriptionURI="http://www.example.com/3gpp/mbms/channel3.sdp"







chId=”ch3”

                        unicastAccessURI="rtsp://www.example.com/3gpp/mbms/channel3_pss.sdp"/>


</userServiceDescription>

</bundleDescription>
In this example, Channels 1, 2 and 3 are described is separate MBMS User Service Description fragments. All three services are offered via MBMS and via PSSe. Fast Channel Switching should be used, if the channels are not received via MBMS. Each USD includes a fastChannelSwitching element, which contains the “all channel” Fast Channel Switching SDP, the altcontrol uri for the associated channel and a bandwidth description. If the pt attribute (i.e. RTP Payload Type) is given, the only codecs, which are associated with the Payload Type value are used for this channel. 

Note, that channel 1 offers an Interactive Mobile TV service. Thus a MBMS streaming and an MBMS download delivery method is defined for that channel. 

A unicastAccessURI attribute is defined with each deliveryMethod. This allows non “Fast Channel Switching” enabled UEs to access the given channel using PSS.
Backward compatibility: The MBMS Release 6 User Service Description schema allows certain extensions. MBMS Release 6 UE shall ignore “unknown” attributes of the deliveryMethod element (here chId and unicastAccessURI). Further, MBMS Release 6 UE shall ignore elements from “unknown” namespaces (here r7:fastChannelSwitching).
4 Conclusion and Proposal
We propose that SA4 shall adopt an optional RTSP extension that makes it possible to perform fast channel switching inside an RTSP session while keeping all negotiated transport parameters untouched. This solution can directly provide optimized channel switching if the different channels are available on the same server or via a proxy. 

We propose the definition of fast channel switching solution as defined in section 2 in the TS 26.234 v7.x.

In addition, we propose to extend the MBMS USD with the necessary attributes to access the PSS channels both via this RTSP extension as well as via ordinary one-session-per-channel RTSP (see section 3). These extensions should be defined in TS 26.346.
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