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Change 1
8.2.7
PSS Streaming Session Pause

8.2.7.1
General description
The following diagram shows a SIP communication session paused using a SIP Re-INVITE request . The same can be achieved by sending an UPDATE request.
This procedure is illustrated in Figure x and presents the generic PSS streaming session pause procedure.  
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Figure x: UE-initiated PSS session pause
1) The UE sends a RTSP PAUSE request to the PSS adapter. The request indicates that the UE wishes to pause the PSS streaming session.

2) The PSS Adapter sends a RTSP PAUSE message to the PSS Server.

3) The PSS Server halts the media stream and responds with a RTSP 200 OK message to the PSS Adapter.

4) The PSS Adapter responds with a RTSP 200 OK to the RTSP PAUSE request received at step 1, and initiates a SIP Re-INVITE request towards the UE. The Re-INVITE request contains an inactive SDP offer.

5) The SCF and IM CN Subsystem forward the Re-INVITE request to the UE.

6) The UE processes the RTSP 200 OK and the SIP Re-INVITE messages and generates a SIP 200 OK response to the Re-INVITE.

7) The IM CN Subsystem forwards the SIP 200 OK to the PSS Adapter, and the latter completes the transaction by sending a SIP ACK request.

8.2.7.2
Procedures at the UE

To pause the session, the UE shall send a RTSP PAUSE request with the same content URI that was used in a previous RTSP PLAY request.

If the RTSP PAUSE request is rejected by the PSS Adapter, the UE notifies an application within the UE about the failure.

Upon receipt of a SIP Re-INVITE request with an inactive SDP the UE shall respond with a SIP 200 OK. The SIP 200 OK response shall contain an inactive answer SDP as specified in [43]. The UE shall not modify RTSP channel m-line description in the answer SDP.

8.2.7.3
Procedures at the IM CN subsystem
The IM CN subsystem handles the SIP dialog as defined in 3GPP TS 24.229 [7].
8.2.7.4
Procedures at the SCF

The SCF handles the SIP dialog procedures as defined in TS 24.229 [7] concerning the AS acting as a SIP proxy or AS performing 3rd party call control.

8.2.7.5
Procedures at the PSS adapter

Upon receipt of a RTSP PAUSE request from the UE, the PSS Adapter shall send a RTSP PAUSE request to the PSS Server. 

If the request is rejected by the PSS Server, the PSS Adapter forwards the response to the UE, otherwise, it continues the procedure.

Upon receipt of a RTSP 200 OK response from the PSS Server, the PSS Adapter responds with a RTSP 200 OK to the RTSP PAUSE request and constructs a SIP Re-INVITE request. The offer SDP in the Re-INVITE request shall be inactive, i.e. the a-attribute should be set to ‘inactive’ in the session level of the SDP as specified in [43]. Alternatively, the ‘inactive’ a-attribute may be set in the media-level for each specified in the SDP media descriptor.
The PSS Adapter sends the SIP Re-INVITE request to the SCF and handles the subsequent SIP messages as defined in TS 24.229 [7].
8.2.7.6
Procedures at the PSS server

Upon receipt of a RTSP PAUSE request, the PSS server shall halt the media stream associated with the session and respond with a RTSP 200 OK status code to the PSS adapter.
End of Change 1
Change 2
8.2.8
PSS Streaming Session Resume

8.2.8.1
General description
The following diagram shows a SIP communication session resumed using a SIP Re-INVITE request . The same can be achieved by sending an UPDATE request.
This procedure is illustrated in Figure x and presents the generic PSS streaming session resume procedure. 
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Figure x: UE-initiated PSS session resume
8) The UE sends a RTSP PLAY request to the PSS adapter. The request indicates that the UE wishes to resume the previously paused PSS streaming session.

9) In order to enable the IMS media resources, the PSS Adapter initiates a SIP Re-INVITE (or UPDATE) request towards the UE. The Re-INVITE request contains an active SDP offer.

10) The SCF and IM CN Subsystem forward the Re-INVITE request to the UE.

11) The UE processes the SIP Re-INVITE message and generates a SIP 200 OK response to the Re-INVITE.

12) The IM CN Subsystem forwards the SIP 200 OK to the PSS Adapter, and the latter completes the transaction by sending a SIP ACK request.

13) The PSS Adapter sends a RTSP PLAY message to the PSS Server.

14) The PSS Server responds with a RTSP 200 OK message to the PSS Adapter and resumes the media stream.

15) The PSS Adapter responds with a RTSP 200 OK to the RTSP PLAY request received at step 1.

8.2.8.2
Procedures at the UE

To resume the session, the UE shall send a RTSP PLAY request with the same content URI that was used in the previous RTSP PAUSE request.

If the RTSP PLAY request is rejected by the PSS Adapter, the UE notifies an application within the UE about the failure.

Upon receipt of a SIP Re-INVITE request with an active SDP the UE shall respond with a SIP 200 OK response. The response shall contain an active answer SDP as specified in [43]. The UE shall not modify RTSP channel m-line description in the answer SDP.

8.2.8.3
Procedures at the IM CN subsystem
The IM CN subsystem handles the SIP dialog as defined in 3GPP TS 24.229 [7].
8.2.8.4
Procedures at the SCF

The SCF handles the SIP dialog procedures as defined in TS 24.229 [7] concerning the AS acting as a SIP proxy or AS performing 3rd party call control.

8.2.8.5
Procedures at the PSS adapter

Upon receipt of a RTSP PLAY request from the UE, the PSS Adapter shall send a SIP Re-INVITE request to the SCF and handle the subsequent SIP messages as defined in TS 24.229 [7]. The offer SDP in the Re-INVITE request shall be active as specified in [43]. 
Upon receipt of a SIP 200 OK response from the UE, the PSS Adapter sends a RTSP PLAY request to the PSS Server.

If the request is rejected by the PSS Server, the PSS Adapter forwards the response to the UE and pauses the IMS session as specified in clause 8.2.7.5, otherwise, it continues the procedure.

If the RTSP PLAY request is accepted, the PSS Adapter responds with a RTSP 200 OK response to the RTSP PLAY request received from the UE.

8.2.8.6
Procedures at the PSS server

Upon receipt of a RTSP PLAY request, the PSS server shall resume the media stream associated with the session and respond with a RTSP 200 OK status code to the PSS adapter.
End of Change 2
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