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Background

SA4 has been leading the work effort on Packet Streaming Service and Extended Streaming Service. These services are based on the basic GPRS architecture. Meanwhile SA2 has been working on IMS subsystem that will be available in Release 5. The IMS subsystem can carry services that are very similar in nature to PSS/ESS services. Therefore moving forward, there is a potential danger for duplication of standardization efforts and a possible duplication of infrastructure for the operators.  SA2 acknowledged this problem in the last SA2 meeting (SA2#23, Sophia Antipolis) when SA4 presented PSS/ESS architecture to SA2  for comments. An LS (S2-020864) was generated as a result that reflected SA2’s position on importance of bringing the IMS subsystem multimedia services and ESS/PSS services closer in Release 6 timeframe from several perspectives. For example, 

· The concept of charging of IMS multimedia applications should be similar to that for the PSS/ESS. 

· The concept of QoS using PCF should be similar

· The DRM techniques should be the same for media related services (including for IMS subsystems and ESS/PSS services)

· The terminal capability exchange mechanism can be globally the same (including for IMS subsystem and ESS/PSS services)

To advance this idea further, an inter-working mechanism between SIP based IMS subsystem and PSS/ESS service is proposed in this discussion paper as an IMS enhancement in Release 6. 

Description

Currently IMS supports only SIP in the control plane (although possibility for extending IMS beyond SIP in the control plane exists). SA4 mandates the use of RTSP in the control plane for ESS/PSS. Because of its VCR functions (play, pause, forward etc.), RTSP is well suited for streaming applications. 

ESS/PSS services as defined by SA4 allow various triggering mechanisms like HTTP, MMS etc. to start the RTSP based streaming session. This contribution proposes another triggering mechanism i.e. using SIP under the IMS subsystem. The inter-working between SIP and RTSP is not new. It has already been purposed for scenarios where voice mail is being stored in an RTSP based streaming server and SIP clients need access to the voice mail.

The proposed solution introduces the concept of a SIP application server that sits between a SIP based UE client and the RTSP based streaming server. Figure 1 presents a high level view of various entities (included SIP application server) involved in an IMS based streaming session using PSS/ESS, and the signaling and bearer traffic amongst them.
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Figure 1: Control and bearer traffic amongst the entities involved in a streaming session

Figure 2 presents one possible call flow for IMS based streaming media service that uses PSS/ESS.

1. The UE sends out a SIP invite to a SIP application server (the URI being that for the application server). Within the SDP, codec information is not needed. However within the session description part of SDP, it contains the “u” parameter (i.e. a URI per RFC 1630) of actual streaming media link on the RTSP server.

2. Upon receiving the invite, the SIP application server uses the included URI to communicate with streaming server. Depending upon the URI, it can send out either a RTSP Describe message or HTTP Get message to the streaming server.

3. The streaming server responds to the RTSP Describe/ HTTP Get command with a description of the streaming session that includes a SDP part with codec information and other information about session that SIP application server uses to create a URI that is passed back to the UE (this URI is then used later by the UE in RTSP setup)

4. The SIP application server passes the codec information and the URL information as part of the SDP information in response to the initial SIP Invite. The PCF/PCSCF uses the codec information for doing resource assignment. 

5. Upon receiving the URL information in the response to invite, the UE proceeds with its RTSP signaling directly to the RTSP server i.e. it performs RTSP setup and play procedures.

6. The media starts flowing between the UE and the streaming server.

7. At the end of the session, RTSP tear down happens.

8. Upon RTSP session teardown, the UE proceeds with sending a SIP bye message to the SIP application server.

9. The SIP application server responds to the bye message that also results in release of resources by the PCF.
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Figure 2: A possible call flow for streaming media service using IMS subsystem

The proposed call flow allows the IMS subsystem to be used for 

· Session setup

· Policy control functionality to provide QoS – there is no mechanism defined by SA4 for this purpose. Use of IMS will help resolve this issue. 

· Session teardown 

The inter-working will allow the possibility of avoiding point solutions and therefore duplication of standardization efforts in the areas of 

· Charging infrastructure

· DRM techniques

· Terminal capability exchange mechanisms

Conclusion

If this IMS enhancement of inter-working with PSS/ESS service for Release 6 is agreed, AWS is willing to 

· Bring CR to 23.228 

· Send an LS to SA4, suggesting changes to 26.233 
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