PAGE  
4

3GPP TSG-SA WG2 ad-hoc meeting 


15-29 June 2001, Dallas, Texas USA
S2-011611
Agenda Item:
MRF

Source: Accord Networks.

Title: MRF Decomposition

Document for: Discussion
Contact: Roni Even

Polycom Israel (Accord Networks)

Email: roni.even@polycom.co.il

Tel: +972-3-9251200

Introduction

This document describes a profile of decomposition architecture for the MRF to a control subsystem (MRFC) and media processing subsystem (MRFP). The design is based on the Megaco/H.248 architecture and assumes that the control protocol between the MRFC and MRFP is H.248/Megaco. 

This document will not address the issue of conference reservation or authentication of dial-in participants but will assume that such mechanisms exist and will be used by the service logic. 

The MRFC will terminate the call signaling and control while the MRFP will handle the media streams. The MRFC will handle the SIP protocol through the Mr. interface. The MRFP will handle the bearer channel via the Gi interface. The focus of the document is on the MRFC-MRFP architecture.

The decomposition will address the conference architectures defined in TS 23.002 it may address the different conferencing model as described in “draft-rosenberg-sip-conferencing-models” of the IETF.

The basic conference model will support centralized conferences reserved or ad-hoc and dial out and dial in participants. 

Conferences management may be divided to the following stages:

· Conference reservation – will be handled by an external management system (not part of MRF?). The conference reservation is for dial-in or dial out conference. The result of this stage is a reserved conference (not assigned to a specific MRF) with information about the conference participants if needed (e.g. dial out numbers, number of maximum participants, etc.). The reservation can be for immediate scheduling (different from an extension from 2  way to 3 way). The issue of conference reservation and initiating of ad hoc conferences is not part of this document and may involve an Application Server and IVR system.

· Conference scheduling – At this stage the conference reservation system will assign the conference to an MRFC that will handle the conference (Dial out to participants, wait for dial in users, etc.)

· On going conference – The MRFC will handle the signalling (call setup, tear down) and will allocate MRFP resources. This stage includes management issues like floor control or conference extension.



The figure above illustrates the decomposed MRF.

The H.248 architecture defines an implied multipoint session by having more then two terminations in a context and using the context topology to have the streams mixed or switched. There is no conference level termination in this architecture that will enable the MC to manage the conference (for example define the views that each participant will see). The MC may need to manage the conference since it may be the link to the conference manager which may want to reserve conference and manage them using external management system.

2. Architecture 

The architecture assumes that the MRFC handles all control messages. The MRFP handles the media streams according to commands from the MRFP.  

The suggested approach is to define a different termination for audio bridge and video bridge; This is due to the fact that the model will need to support the different conferencing models for example an MRF or conferencing bridge that has only audio MRFP must be supported. The context is shown in the next figure. The RTP package defined in H.248 can be used. The audio mixer and video mixer are ephemeral terminations. They decide on the actual routing and what physical resources they need (In the video how to physically build the connection in the box and if a physical video mixing or transcoding resource is needed or is it just a switched video conference). The MRFC in this case only knows the conference type. The video mixer termination may be from four different terminations types: video switch, video mix, video softmix and video transcoding. One will be chosen for the conference. The audio mixer termination will accept N streams and will be able to mix M specific streams or the M loudest streams and will be able to signal the loudest speaker to the MRFC.



The system will include a resource control part that will manage the resources and streams in the conference. This is not a termination but is part of the system architecture. The resource control will manage the streams inside the context according to the current status of the conference. The video and audio mixer termination will actually handle the streams. The topology definition in H.248 defines that the default topology of a Context is that each termination's transmission is received by all other terminations. It also works on a context and not on streams. This is a problem to conference architecture with a mixer termination since the default flow for that will be a star based. The fact that the topology works on context and not streams is a problem for multimedia since each type of stream (Audio, video and data) may need to take a different route inside the conference context. This is one of the reasons for having the resource control manage the streams flow internally. The MRFC will define in most cases the streams that need to presented to the participants, a case that the resource control will do it may be for voice activated video switching, in this case the MRFC may let the MRFP handle it and just report the current speaker.

2.1 Description of new terminations.

 2.1.1 Audio mixer termination will handle the audio mixing. The mixer will accept audio streams from all participants and will mix them. The mixing options will be either the N loudest speakers or N specific streams. The audio mixer will signal the stream ID of the loudest speaker and the IDs of the mixed streams. When an RTP termination is modified or added the audio mixer is modified with the stream ID and the audio codec of the stream.

2.1.2 Video Mixer termination can be of one of four types. 

· Video switch termination is conducting a video switching conference. In this conference type one of the incoming video streams is sent to all the other participants. The selected stream can be the video stream of the active speaker who will receive the previous speaker stream or the displayed stream for each participant can be decided by the MRFC (using some floor control). The voice activated switching can be managed automatically, in the MRFP, or by the MRFC. All video streams have the same parameters (line rate, frame rate, algorithm) in this type.

· Video mixing termination is conducting a video mix session that mix N out of M streams. The MRFC defines for the termination the incoming stream IDs that are to be mixed for each participant, the mixed layout and if to switch the content of a window according to the active speaker. The video stream parameters can be different for each stream.

· Video softmix termination is a video mix session that mixes 4 incoming streams that have the same parameters (example mixing four H.261 QCIF stream to one H.261 CIF outgoing stream). This mode may be un applicable to Mobile network due to asymmetric communication speed (The MRFP will receive low bit rate and transmit at 4 time the receive rate).

· Transcode termination is similar to video switch but the MRFC defines the video mode of the termination and allow it to transcode video streams that have different parameters. Each conference participant can run at different bit rate, resolution, frame rate or compression algorithm. This is needed for video transcoding only. The assumption is that the audio mixer can transcode the audio for each participant.

3. Call Flow

This section will go through one call flow example to explain the architecture.

The flow will start with creation of a reserved dial out voice activated video switch conference, dialing to the users, establishing the communication mode and the conference termination. 

1. MRFP initialization. This stage is done for the whole MRFP. The MRFP connects to the MRFC and informs it which terminations it supports and what are the capacities and codec supported. This is done by sending a service change from the MRFP and the MRFC will do audit values.  
2. Conference initialization. The MRFC receives from the Conferencing Service Manager (Reservation) the conference parameters (number of participants, dial-out numbers).

3. The MRFC selects the right MRFP for the conference.

4. The MRFCC creates the conference context on the MRFP and adds the selected video mixer and audio mixer terminations to the conference. 

5. The MRFP creates the context with the added terminations and allocates the needed MRFP physical resource. It returns the identifiers of the context and terminations. The MRFC registers the conference in its database. It may register the conference on the S-CSCF

6. The MRFC adds an RTP termination to the context for the first user.

7. The MRFP responds with port information on which it will receive the RTP streams.

8. The MRFC dials the first user via the CSCF. 

9. The MRFC updates the RTP, the video and audio mixers terminations with the right codec information.

10. The MRFP opens the channels for communication.

11. The MRFC continues to add users the same way from step 6.

12. The selected streams to be sent to the end point during the conference may be decided by the MRFC. For example in a voice activated video switched conference the audio mixer termination will signal the MRFC that the active speaker has changed and the MRFC will change the flow of the video mixer accordingly. This switch in the case of voice activated switching may be done by the MRFP but the MRFC will be notified about the switching, the MRFC decide which method to use.

13. The MRFC will manage the conference tear down process. It will terminate calls delete the terminations and context. The MRFP will notify the MRFC about changes in its available resources.
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