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Introduction

MGCF procedures for SIP and SDP need to be defined in 3GPP TS 24.229.

The MGCF communicates with the I-CSCF, S-CSCF and BGCF via SIP/SDP for calls to/from the PSTN (and other circuit-switched networks).

Discussion

The call flow examples from 3GPP TS 24.228 include cases involving the MGCF.  The MGCF procedures are based on those call flows and the MGCF descriptions from 3GPP TS 23.002 and 23.228.  

The description of the SIP-ISUP mapping is outside the scope of 3GPP TS 24.229.  However, ISUP events will trigger the SIP activities described in 3GPP TS 24.229.  As such, there is a need to reference some ISUP events for the SIP behaviour described here.  Though most circuit-switch events will be described generically.

The interface between the MGCF and MGW is also outside the scope of 3GPP TS 24.229.  However, there will also be events over this interface that trigger SIP activities described in TS 24.229.  These events will be referenced in a general manner.  For example, the MGW will inform the MGCF if the bearer path is lost (e.g. trunk went out of service).  

Proposal

Add the text indicated below, which is underscored and in blue, to the sub-clauses of [3G TS 24.229].  Initially, this will be part of Annex B.  Remove text indicated with the strikethrough.

5
Application usage of SIP

5.5
Procedures at the MGCF

5.5.1
General

See 3GPP TS 29.163 for the description of the interworking between the IM CN subsystem and circuit-switched networks.

The MGCF, although acting as a UA, does not initiate any registration of its associated addresses. These are assumed to be known by peer-to-peer arrangements within the IM CN subsystem. Therefore the dependencies of Table 0.3/1 and Table 0.3/2 shall not apply.

The use of the Path header shall not be supported by the MGCF. 

5.5.2
Subscription and notification

Editors Note: This should be handled in a generic way. 

5.5.2.1 Subscriptions to MGCF events

5.5.2.2 Gateway behaviour for SUBSCRIBE / NOTIFY

5.5.3
Call initiation 

5.5.3.1 
Initial INVITE

5.5.3.1.1 PSTNCircuit-switched network-originating case

When the MGCF receives an indication of an incoming call from a circuit-switched network, the MGCF shall: 

· generate and send  an INVITE request

· set the Request URI to the “tel” format using an E.164 address 

· set the Require header to “100rel” and “precondition” (see <draft-ietf-sip-manyfolks-resource-02>)

5.5.3.1.2 PSTNCircuit-switched network -terminating case

When the MGCF receives an initial INVITE request (must receive 100rel), the MGCF shall:

· send 100 “Trying” response

· assuming the “100rel” indicator was received and a matching codec is found,send 183 “Session Progress” response 
· set the Content-Disposition header to the value of precondition
Editor’s Note: need text to describe error legs.

5.5.3.2
Subsequent requests

Editor’s Note: PRACK and COMET can be handled in a generic way.

5.5.3.2.1 Circuit-switched network-originating case

When the MGCF receives 200 OK in response to PRACK (which indicates the agreed codec for this session) and notification that bearer setup is complete, the MGCF shall:

· send COMET request 

5.5.3.2.2 Circuit-switched network-terminating case

When the MGCF receives an indication of a ringing for the called party of outgoing call to a circuit-switched network, the MGCF shall:

· send 180 “Ringing” to the UE

When the MGCF receives an indication of answer for the called party of outgoing call to a circuit-switched network, the MGCF shall:

· send 200 OK “Answer” to the UE

5.5.4
Call release

5.5.4.1 PSTNCircuit-switched network -initiated call release

When the MGCF receives an indication of call release from a circuit-switched network, the MGCF shall: 

· send a BYE request to the UE

5.5.4.2 S-CSCF-initiated call release

5.5.4.3   MGW-initiated call release

When the MGCF receives an indication from the MGW that the bearer was lost, the MGCF shall: 

· send a BYE request towards the UE 

Editor’s note: should the Error-Info header be used to indicate an error case for the session release?

5.5.5
Call-related requests

5.5.5.1
Re-INVITE

5.5.5.1.1 PSTNCircuit-switched network -originating case

Editor’s Note: When the bearer on the circuit-switched network side is halted/resumed, should the MGCF notify the UE with a re-INVITE?

5.5.5.1.2 PSTNCircuit-switched network -terminating case

If a Re-INVITE is received that requests a new codec, the MGCF shall send back negative response and keep existing session.

5.5.5.2
REFER

5.5.5.2.1 PSTNCircuit-switched network -originating case

5.5.5.2.2 PSTNCircuit-switched network -terminating case

5.5.5.2.3 REFER initiating a new session

5.5.5.2.4 REFER replacing an existing session

5.5.5.3
INFO

Editor’s Note: It has to be determined which of these requests can be handled in a generic way.

5.5.6
Further initial requests

Editor’s Note: Generic handling of e.g. OPTIONS should be described here 

6
Application usage of SDP

6.4
Procedures at the MGCF

6.4.1 Circuit-switched network-originating case 

When the MGCF generates and sends an INVITE request for a circuit-switched network-originating call, the MGCF shall: 

· populate the SDP with the codecs supported by the associated MGW (see 3GPP TS 26.235 for the supported codecs) 

· set the ‘p’ field to the phone number received for the incoming call 

· set the ‘t’ field with a long duration time or set the <stop time> to zero, which indicates an unbounded session 

· set the ‘m’ field to indicate “audio”

· set the “a:qos” attribute with the values of  “mandatory” and “sendrecv” 

When the MGCF receives 183 “Session Progress” message, the MGCF shall:

· check that a supported codec has been indicated in the SDP

When the MGCF generates and sends a PRACK in response to a 183 “Session Progress” message, the MGCF shall:

· set the SDP indicating the agreed upon codec

· set the ‘p’ field to the phone number received for the incoming call 

· set the ‘t’ field with a long duration time or set the <stop time> to zero, which indicates an unbounded session 

· set the ‘m’ field to indicate “audio”

· set the “a:qos” attribute with the values of  “mandatory” and “sendrecv” 

6.4.2 Circuit-switched network-terminating case

When the MGCF receives an initial INVITE request, the MGCF shall:

· check for a codec that matches the requested SDP 

When the MGCF generates and sends a 183 “Session Progress” in response to an initial INVITE request, the MGCF shall:

· set SDP indicating support for the codec
· set the ‘p’ field to the phone number for the outgoing call 

· set the ‘t’ field with a long duration time or set the <stop time> to zero, which indicates an unbounded session 

· set the ‘m’ field to indicate “audio”

· set the “a:qos” attribute with the values of  “mandatory”, “sendrecv” and “confirm”
When the MGCF receives PRACK request, the MGCF shall:

· get the agreed upon codec from the received SDP

