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Introduction

The MRFC communicates with the Application Server (AS) via the S-CSCF to provide tones/announcements, conference bridging and transcoding.  There are currently no call flows in 23.218 describing these interactions.  This contribution proposes to introduce a call flow for the AS (acting as B2BUA) interactions with the MRFC for providing transcoding.  There are also some high-level procedural descriptions for the MRFC.

Discussion

The discussion that follows is for AS (acting as B2BUA) performing third party call control with the MRFC, where the S-CSCF is in the signalling path.  It is expected that the SIP message bodies will convey instructions between the Application Server and MRFC.  The format of the SIP message bodies may be determined later (e.g. could be new MIME type, XML, etc), and may or may not be standardized.  The MRFC appears as a SIP UA to the Application Server. The purpose of this contribution is to provide the framework for the SIP signalling at the MRFC.  This should enable having an MRFC in the IM CN subsystem without having to define all the MRFC functionality.

The discussion is only concerned with MRFC functions that are requested by Application Servers (or S-CSCFs) on behalf of the UE (which may be the result of a request within the body of a SIP message) for transcoding. It does not address any cases where the MRFC URI is requested by the UE directly.

The Application Server is in control of detecting the need for the transcoder  and for requesting the transcoding operation.  The AS is aware of the MRFC capabilities and is also operating as a B2BUA performing third party call control.  

The SDP negotiation between the AS/S-CSCF and the MRFC should be kept as simple as possible.  Where it is possible to use fewer messages (e.g. two-way handshake instead of three-way handshake), this should be done.  For the case of transcoding, sometimes two-way handshakes are sufficient, but three-way handshakes may also be needed.  The MRFC should always grant the requests from the AS (unless there is a resource problem).

The message body of the SIP INVITE sent to the MRFC will contain sufficient information to request transcoding.  The definition of the message body is outside the scope of this document.  However, it will include an identifier of the transcoding resource to be used by the AS to manage the conference.  Transcoding can also be viewed as a special case of ad hoc conference, where there are simply two parties involved (both converted to G.711 at the MRFP).

There are two scenarios described.  In the first, the called party returns an indication of an acceptable codec.  For this case, the request to the MRFC will include the appropriate codec for the called party.  For the second case, the called party does not indicate any SDP, which means that a three-way handshake will be required on the subsequent INVITE request to set up transcoding.

Proposal

Add the text indicated below to the sub-clauses of [3G TS 23.218]. Remove text indicated with the strikethrough. The information flows could be part of Annex B instead of clause 4. 

4
Architecture and information flows for IM Multimedia session

Subclauses 4.1 and 4.2 show the architecture for handling a basic MO multimedia session and a basic MT multimedia session. A basic mobile-to-mobile multimedia session is treated as the concatenation of a MO multimedia session and a MT multimedia session.

Subclauses 4.3, 4.4 and 4.5 show the information flows for handling a basic MO multimedia session and a basic MT multimedia session.

4.1
Architecture for a Mobile Originated IP Multimedia session

This is specified in 3GPP TS 23.228 [8]. 

4.2 Architecture for a Mobile Terminated IP Multimedia session

This is specified in 3GPP TS 23.228 [8]. 

4.3
Information flow for a Mobile Originated IP Multimedia session

The information flow for a MO multimedia session is specified in 3GPP TS 24.228 [9]. 

4.4
Information flow for retrieval of routeing information for Mobile Terminated IP Multimedia session

The information flow for retrieval of routeing information for a MT multimedia session is specified in 3GPP TS 24.228 [9]

4.5
Information flow for an Mobile Terminated IP Multimedia session

The information flow for a MT multimedia session is specified in 3GPP TS 24.228 [9]. 

4.8
Information flows for a Mobile Originated IP Multimedia session that requires transcoding
The two figures that follow illustrate the MRFC providing transcoding for a mobile originated session, where the MRFC is receiving directions from the AS operating as a B2BUA. 

An INVITE request is generated from a UE. A 606 “Not Acceptable” response is received from the called party. The AS uses third party call control to request transcoding facilities from the MRFC.  A separate dialog is established from the AS to the MRFC for each of the two parties.  New dialogs are also established between the AS and each of the UE endpoints. The media from each UE is connected at the transcoding resource at the MRFP.

In the first figure below, the called party returns an indication of an acceptable codec.  For this case, the request to the MRFC will include the appropriate codec for the called party and a two-way handshake with the MRFC is sufficient. The normal three-way handshake is still done for the dialog between the AS and the called party.  

In the second figure below, the called party does not indicate any SDP, which means that a three-way handshake will be required on the subsequent INVITE request to set up transcoding with the MRFC. An INVITE without SDP is sent to the MRFC to get the list of codecs it supports.  The AS then sends that list of codecs in the new INVITE that it sends to the called party.  The B2BUA function of the AS matches up the responses.
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Figure 1: Transcoding Call Flow (called party indicates codec)
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Figure 2: Transcoding Call Flow (called party codec negotiated)

8
Functional requirements of the MRF 
Editor's Note: The functional behaviour of the MRF will be specified here.

8.1
Functionality of the MRF

Editors Note: The standardised functionality of the MRF such as conferencing, tones and announcements, transcoding etc will be specified here
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Figure 8.1: Relationship of MRF (MRFC and MRFP) with S-CSCF, GGSN and Application Servers

8.1.3 Transcoding

The MRFC accepts INVITE requests sent from an Application Server (acting as B2BUA), via the S-CSCF, for the purpose of transcoding. The message body of the INVITE sent to the MRFC will contain sufficient information to associate the two sessions that require transcoding. The definition of the message body is outside the scope of this document. However, it will include an identifier of the transcoding resource.

The Application Server is in control of the transcoding operation, is aware of the MRFC capabilities and is also operating as a B2BUA performing third party call control.  

A two-way or three-way handshake may be necessary for SDP negotiation between the AS/S-CSCF and the MRFC.  The MRFC should always grant the requests from the AS (unless there is a resource problem).  

For a two-way handshake, the MRFC responds to the INVITE request with a 200 response indicating the selected media in the SDP.  The MRFC will also reserve the requested local resources at that time and return the appropriate resource identifiers in the 200 response.   

For a three-way handshake, the MRFC responds to the INVITE request with a 183 response indicating the list of codecs supported by the MRFC.  When the PRACK is received indicating the selected media in the SDP, the MRFC will reserve the requested local resources at that time and return the appropriate resource identifiers in the 200 response.    
8.2
Interfaces defined for MRF

8.2.1
MRFC – S-CSCF (Mr) interface

The protocol used between MRFC and S-CSCF is based on Session Initiation Protocol, which is specified in 3GPP TS 24.229[10].

8.2.2
MRFC – Application Server (Sr) interface

The Sr interface is between the MRFC and the Application Servers and is used for control of the MRF by the Application Server.
Editor's Note: The protocol used between the MRFC and the Application Servers (Sr Interface) is for further study.

8.2.3
MRFP – MRFC (Mp) interface

Editor's Note: The protocol used between the MRFP and the MRFC (Mp Interface) is based on H.248 and is for further study.

8.2.4
MRFP – GGSN (Gi) interface

The protocol used between the MRFP and the GGSN is the Internet Protocol.

Editor's Note: It is presumed that real time protocols such as RTP and RTCP transported on top of UDP and IP will be used between the MRFP and the GGSN.

Editor's Note: Another interface reference point is probably required between the MRFP and the MGW but this is for further study.
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