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8.2.4.1 PSS Streaming session modification
This procedure presents the generic PSS streaming session modification procedure. It can be referred in some cases for PSS Content Switching, when there is a change of media components and/or bandwidth. 
8.2.4.1.1 General description
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Figure x: UE-initiated PSS session modification
Editor's note: like in other call-flows of the specification, the figure does not show that messages exchanged between the PSS adapter and the SCF are routed through the IM CN subsystem.
1) The UE sends the Re-INVITE request containing the SDP offer to the IM CN Subsystem to establish the content delivery channel. The IM CN Subsystem may require the PCRF to reserve additional resources for RTP streams according to the SDP in the Re-INVITE. The IM CN subsystem may also issue the PCRF to release resources for RTP streams.
2) The IM CN Subsystem forwards the Re-INVITE request to the SCF.
3) The SCF sends the Re-INVITE to the PSS adapter via the IM CN Subsystem.
4) The PSS adapter sends the according number of RTSP SETUP to the PSS server, if additional media components are described in the SDP.

5) The PSS server responds with RTSP 200 OK to the PSS adapter (only, if the PSS adapter has send SETUP messages to the PSS Server). 

4) The PSS adapter sends one SIP 200 OK to the SCF with the SDP answer containing the new media descriptions of RTP streams to be used.

5) The SCF sends the SIP 200 OK to the IM CN Subsystem. The IM CN subsystem interacts with the PCRF to commit the reservation, and then forwards the SIP 200 OK to the UE.

7) The UE sends the SIP ACK to the IM CN subsystem, which forwards to the SCF. The SCF forwards the SIP ACK to the PSS adapter.
8.2.4.1.2 Procedures at the UE

To modify the session, the UE shall send a Re-INVITE or an UPDATE request as specified in TS 24.229 [7] for an originating UE.

The UE shall not modify RTSP channel m-line description in the SDP if the media delivery streams controlled by RTSP are not removed (port not set to 0 in the m lines) in the SDP.

Upon receipt of a Re-INVITE request or an UPDATE request, the UE shall modify the request as specified in TS 24.229 [7] if the request is acceptable to the UE.
Editor's note: the use of SIP UPDATE is TBD.
8.2.4.1.3 Procedures at the IM CN subsytem
The IM CN subsystem handles the SIP dialog as defined in 3GPP TS 23.228 [6].

8.2.4.1.4 Procedures at the SCF

Upon receipt of a Re-INVITE request or an UPDATE request, the SCF shall follow the procedures defined in TS 24.229 [7] concerning the AS acting as a terminating UA or a B2BUA.
Editor's note: the use of SIP UPDATE is TBD.
When receiving an SDP offer, the SCF may modify the SDP answer in accordance to the user subscription. If the SCF finds a media line not compatible with the user's subscription, it shall set the port of this media line to 0. If none of the media lines are acceptable, it shall reply with a 403 error response.

Then the SCF forwards the Re-INVITE message to the PSS adapter.
8.2.4.1.5 Procedures at the PSS adapter

Upon receipt of a Re-INVITE request or an UPDATE request, the PSS adapter shall modify the session as specified in TS 24.229 [7] if the request is acceptable to the PSS adapter in accordance with the user subscription.
The PSS adapter sets up new media components, if the SDP file contains additional components. 
Editor's note: the use of SIP UPDATE is TBD.
8.2.4.1.6 Procedures at the PSS server

Upon receipt of an RTSP setup, the PSS server executes the requested method and responds with an RTSP status code to the PSS adapter.
8.2.4.2 PSS Content switching with available SDP, no change of media component and bandwidth
The UE has retrieved the SDP prior to the content switching. The procedure is as described as in 3GPP TS 26.234 [8], with the server role being played by the PSS adapter.
8.2.4.2.1 General description

[image: image3.emf]UE SCF PSS Adapter PSS Server

RTSP 200 OK

RTSP 200 OK

RTP (Old stream)

RTSP PLAY (with Stream Switch header)

RTSP PLAY (with Stream Switch header)

RTP (new stream)

SIP INFO (channel switch)

SIP 200 OK

 

Figure 1: IMS PSS Content switching

NOTE:
This sequence is simplified and does not e.g. show session progress messages and the ACK message from in response to the reception of 200 OK.
Editor's note: whether fast content switching as described in 3GPP TS 26.234 [8] is mandatory in all elements is TBD.

1) The UE sends a PLAY request with the aggregated control URI of the new content to the PSS adapter. The PSS client adds the media control URIs of the new streams in the “Switch-Stream” header field to the RTSP PLAY method request as defined 3GPP TS 26.234 [8] clause 5.5.4.3.
2) The PSS Adapter sends the RTSP PLAY message to the PSS Server.
3) The PSS Server responses a RTSP 200 OK message to the PSS Adapter.

4) The PSS Adapter sends the RTSP 200 OK message to UE.
5) The PSS server delivers the switched content streams to the UE.
6) The PSS Adapter should send a SIP INFO message to the SCF with content switching information. The content switching information may include the URIs of media streams before and after switching, and the mapping information of the URIs before and after switching. The SIP INFO message shall contain an XML file with the content switching information. 

· ImsPssMbmsCommand shall be set to "PssSwitch".
· ContentID is set to the RTSP URI of the new content.
· DateTime is set to the current timestamp. 

The Content-Type header shall be set to "application/3gpp-ims-pss-mbms-command+xml". The body content of the message is described in annex D and annex E.

The SCF may utilize the content switching information for statistic, charging etc. purpose, and may initiate a SIP Re‑INVITE request to the UE to adjust the QoS reservation if the transport resources changed before and after switching.
8.2.4.2.2  Procedures at the UE
To switch content of the PSS streaming session the UE shall send an RTSP PLAY request with the new content URI as defined in TS 26.234 [8] clause 5.5.4.
8.2.4.2.3 Procedures at the IM CN Subsystem
The IM CN subsystem handles the SIP dialog as defined in 3GPP TS 23.228 [6].
8.2.4.2.4 Procedures at the SCF
Upon receipt of a SIP INFO message the SCF shall send a SIP 200 OK to the PSS adapter.
8.2.4.2.5
 Procedures at the PSS Adapter
Upon identification of a successful content switch, the PSS adapter sends a SIP Info message to the SCF. The SIP info message contains information about the new content channel and the required QoS. 
8.2.4.2.6 Procedures at the PSS Server 
The PSS Server reacts as defined in 3GPP TS 26.234 [8] clause 5.5.4.
8.2.4.3 PSS Content switching with available SDP, change of media components or QoS
Fast Content Switching as defined in 26.234 [8] Clause 5.5.4 allows also changing content when the new content channel requires a different number of media components as the old content channel, or when the bandwidth needs to be modified. 
For instance, the old content stream consists out of an audio and a video stream and the new content channel offers an audio, video and 3GPP Timed Text media component. Addition a media component to an ongoing stream is defined in 26.234 [8] clause 5.5.4.6 and removing a media component in 26.234 [8] clause 5.5.4.7.
8.2.4.3.1
 General Description
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Figure 11: IMS PSS Content switching

NOTE:
This sequence is simplified and does not e.g. show session progress messages and the ACK message from in response to the reception of 200 OK.

NOTE: The number of required RTSP SETUP interactions between the PSS Adapter and the PSS Server depend on the number of new media components in the SDP.

The UE determines that the new SDP file contains a different number of media components as the old SDP. The UE updates the streaming session by sending a Re-INVITE with the new SDP file, as described in clause 8.2.4.2 . As soon as the UE receives the 200 OK for the Re-INVITE, the UE initiates a PLAY to get the new synchronization information.
8.2.4.3.2
 Procedures at the UE
The UE shall send an RTSP PLAY request with the new content URI as defined in TS 26.234 [8] clause 5.5.4. The UE changes the number of media components by sending a Re-INVITE message with the new SDP offer. After receiving the 200 OK for the Re-INVITE the UE initiates a PLAY to get the new synchronization information.
8.2.4.3.3
 Procedures at the IM CN Subsystem
The IM CN subsystem handles the SIP dialog as defined in 3GPP TS 23.228 [6].
8.2.4.3.4
 Procedures at the SCF
Upon receipt of a SIP INFO message the SCF shall send a SIP 200 OK to the PSS adapter.
8.2.4.3.5
 Procedures at the PSS Adapter
Upon identification of a successful content switch, the PSS adapter sends a SIP INFO message to the SCF. The SIP INFO message contains information about the new content channel and the required QoS. 

When receiving the SIP Re-INVITE message from the SCF, if a new media component needs to be added, the PSS adapter shall send the RTSP SETUP to the PSS server, indicating the new media component that needs to be added.
8.2.4.3.6  Procedures at the PSS Server 
The PSS Server behaves as defined in 3GPP TS 26.234 [8] clause 5.5.4

8.2.4.4 PSS Content switching without SDP, no change of media component and/or bandwidth
8.2.4.5.1 Introduction

In this case, the UE does not have the SDP for the streams it intends to switch to. The new content has same media and bandwitdh characteristics.
8.2.4.4.1
 General description
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Figure 12: IMS PSS Content switching without available SDP, no change of media component and/or bandwidth
NOTE:
This sequence is simplified and does not e.g. show session progress messages and the ACK message from in response to the reception of 200 OK.
The UE sends a PLAY request to the PSS adapter indicating that it needs the SDP for the new streams. The PSS Adapter sends the RTSP PLAY message to the PSS Server.

The PSS Server responses a RTSP 200 OK message to the PSS Adapter, PSS Adapter sends the RTSP 200 OK message to UE containing the SDP for the new streams.
The PSS server starts streaming the switched content streams to the UE.

The PSS Adapter should send a SIP INFO message to the SCF with content switching information according to clause 8.2.4.2.1. 
8.2.4.4.2
 Procedures at the UE
To switch content of the PSS streaming session the UE shall send an RTSP PLAY to request the new SDP as defined in TS 26.234 [8]. 
8.2.4.4.3
 Procedures at the IM CN Subsystem
The IM CN subsystem handles the SIP dialog as defined in 3GPP TS 23.228 [6].
8.2.4.4.4
 Procedures at the SCF
Upon receipt of a SIP INFO message the SCF shall send a SIP 200 OK to the PSS adapter.
8.2.4.4.5
 Procedures at the PSS Adapter
Upon identification of a successful content switch, the PSS adapter sends a SIP INFO message to the SCF. The SIP INFO message contains information about the new content channel. 
The PSS Adapter sends the RTSP 200 OK message to UE containing the SDP for the new stream.
8.2.4.4.6 Procedures at the PSS Server 
The PSS Server behaves as defined in 3GPP TS 26.234 [8] clause 5.5.4.
8.2.4.5.2 8.2.4.5 PSS Content switching with unavailable SDP, change of media component and/or bandwidth
8.2.4.5.3  Introduction

In this case, the UE does not have the SDP for the streams it intends to switch to. And the new content has different media and/or bandwitdh characteristics.
8.2.4.5.4 General description
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 Figure 13: IMS PSS Content switching without available SDP, change of media component and/or bandwidth
The UE sends a PLAY request to the PSS adapter indicating that it needs the SDP for the new streams. The PSS Adapter sends the RTSP PLAY message to the PSS Server.. If the UE receives a “206 Partial Data” success status code, then the UE changes the number of media components and/or bandwidth by sending a RE-INVITE message with the new SDP file, as described in clause 8.2.4.1. 
8.2.4.5.2
 Procedures at the UE
If the UE receivesor a “206 Partial Data” success status code, then the terminal changes the number of media components by sending a re-INVITE message with the new SDP file.
8.2.4.5.3 Procedures at the IM CN Subsystem
The IM CN subsystem handles the SIP dialog as defined in 3GPP TS 23.228 [6].
8.2.4.5.4
 Procedures at the SCF
Upon receipt of a SIP INFO message the SCF shall send a SIP 200 OK to the PSS adapter.
8.2.4.5.5 Procedures at the PSS Adapter
Upon identification of a successful content switch, the PSS adapter sends a SIP Info message to the SCF. The SIP info message contains information about the new content channel and the required QoS.
When receiving the SIP RE-INVITE message from the SCF, if a new media component needs to be added, the PSS adapter shall send the RTSP SET-UP to the PSS server, indicating the new media component that needs to be added.

8.2.4.5.6 Procedures at the PSS Server 
The PSS Server reacts as defined in 3GPP TS 26.234 [8] clause 5.5.4.
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_1281532462.vsd
UE

PSS Server

RTP (new stream)


SCF

PSS Adapter


RTSP 200 OK


RTSP 200 OK


RTP (Old stream)


RTSP PLAY (with Stream Switch header)


RTSP PLAY (with Stream Switch header)


SIP INFO (channel switch)


SIP 200 OK



_1286627351.vsd
UE

IM CN Subsystem

SIP Re-INVITE (SDP offer)


SCF

PSS Adapter


SIP Re-INVITE (SDP offer)


PSS Server

SIP Re-INVITE (SDP offer)


SIP 200 OK (SDP answer)


RTSP 200 OK(s)


SIP 200 OK (SDP answer)


RTSP SETUP(s)


SIP 200 OK (SDP answer)


ACK


ACK


ACK



_1286629198.vsd
UE

PSS Server

RTP (new stream, not all media components)


SCF

PSS Adapter


Re-INVITE (new SDP)


Re-INVITE (new SDP)


SETUP (new flow)


RTSP 200 OK


SIP 200 OK


SIP 200 OK


RTSP PLAY (with Stream Switch header)


RTSP PLAY (with Stream Switch header)


RTSP 200 OK


RTSP 200 OK


RTP (new stream, all media components)


RTP (Old stream)


RTSP PLAY (with Stream Switch header)


RTSP PLAY (with Stream Switch header)


SIP INFO (channel switch)


SIP 200 OK


RTSP 200 OK


RTSP 200 OK


PSS Session Modification



_1286629565.vsd
UE

PSS Server

RTP (new stream, not all media components)


SCF

PSS Adapter


RTSP 206 Partial Data (incl. New SDP)


Re-INVITE (new SDP)


Re-INVITE (new SDP)


SETUP (new flow)


RTSP 200 OK


SIP 200 OK


SIP 200 OK


RTSP PLAY (with Stream Switch header)


RTSP PLAY (with Stream Switch header)


RTSP 200 OK


RTSP 200 OK


RTP (new stream, all media components)


RTSP 206 Partial Data


RTP (Old stream)


RTSP PLAY (SDP requested)


RTSP PLAY (SDP requested)


SIP INFO (channel switch)


SIP 200 OK


PSS Session Modification



_1285929593.vsd
UE

PSS Server

RTP (new stream)


SCF

PSS Adapter


RTSP 200 OK


RTSP 200 OK


RTP (Old stream)


RTSP PLAY (with SDP requested)


RTSP PLAY (SDP requested)


SIP INFO (channel switch)


SIP 200 OK



_1280848985.vsd
UE

PSS Server

RTP (new stream)


SCF

PSS Adapter


RTSP 200 OK


RTSP 200 OK


RTP (Old stream)


RTSP PLAY (with Stream Switch header)


RTSP PLAY (with Stream Switch header)


SIP INFO (channel switch)


SIP 200 OK



