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1. Abstract of contribution

MRF original function was to be a locally available resource as oppose to a network level resource. A network resource (e.g. bandwidth) to set-up an intercontinental full-motion videoconference may not be available, but the local resource to play a busy tone is considered to be always available. This type of reasoning may be extended to local video streaming (from the edge of the network) as oppose to a streaming from the depth of the network (going via several routers). This distinction has a profound QoS implication in any IP type of network.

Currently as of Release 7, the only interface to the MRF block is SIP. It should be noted that MRF would not be always implemented as a multi-functional integrated unit containing a number of functional units like tone detectors, speech synthesizer and tone player. We envision specialized MRF implementation like: MRF1 implementation being a specialized large conferencing unit, MRF2 as a large logical video and audio streaming device and MRF3 as an integrated voice announcements and small conferencing unit. Thus for the MRF1 the most suitable interface may be SIP/VoiceXML, for MRF2 RTSP and for the MRF3 SIP respectively.

2. Problem Statement
A number of operators have requested that Audio /Video Streaming is also performed within IMS 3GPP Core Network - IMS logical element MRF. The reasons cited: expected better real time performance control (QoS) and better security. Some wireless network operators envision certain streaming services or even applications to be hosted in MRF for example a Video Dial Tone or Video Busy Tone with the fast selection content menus.

Currently as of Release 7, the only interface to the MRF block is SIP. It should be noted that MRF would not be always implemented as an integrated multi-functional unit containing a number of functional units like tone detectors, speech synthesizer, tone players and conferencing. 

We envision other MRF-s specialized implementation like: MRF1 implementation being specialized large conferencing unit, MRF2 as a large logical video and audio streaming device and MRF3 as an integrated voice announcements and small conferencing unit. 

If we consider streaming applications, currently SIP does not have VCR-like fine-tuned control commands PLAY, STOP, REWIND, FAST-FORWARD or PAUSE. Although there are discussions to add those types of methods to SIP, real-time efficiency of such a solution may not be guaranteed at this point of time. In addition SIP messaging overhead may be unsuitable for applications requiring Fast Channel Switching. Fast Channel Switching is a strong end-user requirement and currently work is being done in this area in SA4 [1,2,3]
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Figure 1.  Streaming Server Located at P-CSCF delivers content during the SIP indicated “quiet” Informational-Queued 182 signalling period.
3. Solution:

MRF units performing different logical functions may require different control interfaces in order to perform their functions in a real-time optimal manner. We envision some of the MRF functional implementation for instance: MRF1 being specialized large conferencing unit, MRF2 as a large logical video and audio streaming device and MRF3 as an integrated voice announcements and small conferencing unit. Thus for the MRF1 the most suitable interface may be SIP/VoiceXML, for MRF2 RTSP and for the MRF3 SIP alone. This contribution contains no justification or should not be considered as an endorsement of P-CSCF  SIP / VoiceXML interface.

One should note that if SIP establishes RTP session between two points, as long as one point has a RTSP client and the other has RTSP server capabilities, those enmities could communicate in RTSP protocol. So in such a case RTSP does not request a creation of a new RTP stream. Thus use of RTSP does not influence statically allocated QoS level by the SIP session. RTSP provides fine grain of VCR-like RTP stream control by using commands like: PLAY, STOP, REWIND, FAST-FORWARD or PAUSE
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Figure 2. P-CSCF - MRF interfaces using RTSP
Figure 2. should not be interpreted as a RTSP control of MRF in general.

P-CSCF is configured and knows whether it contains “plain PSTN MRF” capable of playing just a busy tone, or a Video Server capable of Video Busy Tone (e.g. MRF2). 

Use case 1: 

A UA requested multimedia Video-Audio conference in the SIP Invite message, but the network bandwidth was not available. Instead of informing a user in a traditional form of a “busy tone” or “not available message”, user is presented with a selection of video clips showing an alternative ways of setting low bandwidth conferences. User scrolls via the menu options of different low bandwidth conference set-ups.

The P-CSCF – MRF/RTSP -Video-Server interface allows for the high-speed content switching. Fast Content (Channel) Switching is a strong end-user requirement and currently work is being done in this area in SA4 [1,2,3]. The content should be switched in a time less than 1.5 sec – a capability not currently guaranteed by SIP.

The RTSP interface from the P-CSCF to the MRF/Video and Audio Server will allow for the required fast content switching in order of less than 1.5 sec. 

The RTSP interface will allow operators to provide  switchable local content and streaming from the edge of the network.

It is important to realize that the RTSP interface from P-CSCF allows the MRF/Video and Audio Streaming Server to be isolated from the additions and modifications of SIP protocol. RTSP is today a preferred streaming protocol at the top of which various QoE (quality of experience) schemes are implemented.

Use case 2: 

A Client tries to establish session using Invite message addressing a French restaurant. Before SIP reply arrives, P-CSCF MRF- Streaming Server delivers a Video-Dial-Tone, being for example an important local safety announcement.

After some time P-CSCF receives SIP message indicating that the Called User Agent may be busy -SIP-Informational-Qued. Based on an analysis of Invite message while reading the information stored  in Data Base, P-CSCF selects a video clip being for an example a list of other French restaurants in local area. As soon as P-CSCF receives the SIP OK message indicating that the Queuing period has ended, the local RTSP session is being terminated.  Client has not wasted his time while being queued – he obtained a list of other options. 
Over the live of a Call Server P-CSCF the Media Server located at P-CSCF gives additional hundreds of millions of public announcement of revenue generating seconds to the Originating Network Operator. It gives also the Originating Party a benefit of a choice of alternative services when the terminating party does not answer (an additional revenue generating potential).

It should be noted that using the Policy Decision Function the P-SCSF an operator may build different and changeable criteria’s as to when and what type of Video / Audio content to interject during the SIP “quiet” signaling periods. 



 













Use case 3: 
Edge of the network streaming, as requested by some of the Networks Operators.
4. Recommendation

   We recommend that CT1 considers this proposal.
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