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1 Introduction

23.228 currently outlines the various techniques available for establishing and manipulating multimedia session. The user should have the opportunity to manipulate the multimedia delivery once the session is set up. A way to perform this function is the use of the Real Time Streaming Protocol (RTSP) as referred to in TS 26.233 and TS 26.234

2 Discussion

2.1 Proposal

The Real Time Streaming Protocol (RTSP), defined in RFC 2326, allows the control of data delivery with real time property. RTSP is attractive for several reasons:

· The media does not need to be downloaded but a multimedia session is set up between the user equipment and the content server.

· RTSP offers user interaction by employing methods as play, pause etc…

This contribution defines the architecture needed to use RTSP as control delivery mechanism of streamed media in IM.

2.2 SIP and RTSP.

The Session Initiation Protocol (SIP) can be seen as a way to set up multimedia call and RTSP as a complement controlling the delivery of streaming media in IM. RTSP can complement SIP offering user interaction by acting on the control of the multimedia delivery. SIP can be seen as a complement of RTSP as well. Indeed no capability exchange mechanism is defined for streaming (TS 26.234). A call set up based on SIP could offer the codec negotiation mechanism needed.

2.3 Architecture needed to support streaming in IM.

SIP can be used to perform call control functions on the IM domain (e.g create a multimedia session, redirect a call, forward a call…) via the control plane. After having setting up the multimedia session with SIP the user can interact with the content by sending RTSP messages to the Multimedia Server via the user plane.
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Figure 1 Architecture needed to support streaming in IM.

2.4 Service example: Retrieving a voice mail and interacting with the delivery of the content.

· Scenario

The UE just finished the call that he was proceeding and receives a message alerting him of an incoming mail. The user starts to listen to the content of the message and decides to hold the media.

Note: the voice mail element is composed of three different functions:

· A function handling SIP signalling.

· A function handling RTSP signalling.

· A function managing the media content.

· High level call flow.


Figure 2: call flow describing mail retrieving.

1. The voice mail element sends an indication to the user to inform him of new incoming message.

2-25 The flow follows the mobile origination procedure-home defined in TS 23.228 V5.0.0.

26-28 The UE responds to the 200 OK with an ACK message which is sent to the P-CSCF and then forwarded to voice mail element.

29 The UE sends an RTSP SETUP message through the User interface. The SETUP request specifies the transport mechanism to be used for the streamed media.

30 The voice mail element answers positively to the request with a 200 OK message.
31 The UE sends a PLAY RTSP message to start the media flow.

32 The voice mail element accepts the request and sends an RTSP 200 OK message to the UE.

33 The voice mail element starts the media flow corresponding to the message.

34 The user decides to hold the media flow and sends a PAUSE RTSP request.

35 The server confirms the request with a 200 OK.

3 Conclusion and Proposed next steps

Based upon this paper it is proposed that the following proposals are discussed:

1. To ensure user interaction on the media delivery, a standard needs to specify the support of streaming for all 3GPP IM CN SS compliant UE with transport of the signalling needed via the user plane.

2. 3GPP should select RTSP as the streaming control mechanism of choice.

3. 23.228 should be modified to reflect the findings of this paper (see Tdoc  S2-011223).
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