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1. Introduction
This paper proposes to add a new call flow to the TS 24.292. The call flow shows the termination of a call to a CS UE using the enhanced MSC server to enable ICS.  This call assumes codec negotiation is not used at the MSC Server.
2. Reason for Change

It is necessary to show a stage 3 protocol example of termination procedures from a CS UE using CS media to reflect exisiting stage 2 requirements. 
3. Proposal

It is proposed to agree to the following changes to 3GPP TS 24.292
IP Multimedia Subsystem (IMS) Centralized Services; Stage 3.
*** 1st change ***
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*** 2nd change ***

A.x.x
Signalling flows for termination to a CS UE registered in IMS using a MSC Server enhanced for ICS, codec negotiation is not supported
Figure A.x.x-1 shows the termination of a call to a CS UE via the MSC Server enhanced for ICS.  Codec negotiation is not performed.
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Figure A.x.x-1: CS UE Termination with CS media using a MSC Server enhanced for ICS (no codec negotiation)
The details of the signalling flows are as follows:

Steps 1 through 10 are identical to the example in subclause A.x.x.

Editor’s Note: This reference, as well as other similar references found in this call flow description, should identify the terminating flow with codec negotiation, once that flow is agreed and subclause numbering is available.
11.
CALL CONFIRMED message (from CS UE to MSC Server)

The CS UE sends a CALL CONFIRMED message towards the MSC Server according to 3GPP TS 24.008 [a].  Specifically for this signalling flow, the CALL CONFIRMED message includes:

-
Supported Codec List information element = {[(SysID 1 = UMTS), (Codec Bitmap for SysID 1 = UMTS AMR2)], [(SysID 2 = GSM), (Codec Bitmap for SysID 2 = FR AMR, GSM EFR, GSM FR)]}

As codec negotiation is not supported, the MSC Server selects the default PCM codec which was present in the SDP offer.  Selection of this codec is based on local policy.
12.
Reserve / Configure RTP (from MSC Server to CS-MGW)

This step is identical to the example in subclause A.x.x.

13.
SIP 183 (Session Progress) reponse (from MSC Server to intermediate IM CN subsystem entities) - see example in table A.x.x-13


The MSC Server returns an SDP answer.  The video media description has been removed and only the audio media description containing the default PCM codec is included.


 
 Table A.x.x-13: SIP 183 (Session Progress) response (MSC Server to intermediate IM CN subsystem entities)

SIP/2.0 183 Session Progress


Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK433b44.1, SIP/2.0/UDP sccas2.home2.net;branch=z9hG4bKnas34r5
Record-Route: <sip:scscf2.home2.net;lr>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"
Privacy: none
From: 

To: <tel:+1-212-555-2222>;tag=314159
Call-ID: 
Cseq: 
Require: 100rel 
Contact: <sip:msc2.home2.net>
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER
Rseq : 9021

Content-Type: application/sdp
Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::eee:fff:aaa:bbb
s=-
c=IN IP6 5555::eee:fff:aaa:bbb
t=0 0
m=audio 6544 RTP/AVP 0 96
b=AS:64
a=curr:qos local none
a=curr:qos remote none
a=des:qos mandatory local sendrecv
a=des: qos mandatory remote sendrecv
a=conf:qos remote sendrecv

a=rtpmap:96 telephone-event

a=maxptime:20
The SDP answer in the 183 (Session Progress) response contains a single selected codec and a request for confirmation of when remote preconditions are met.

Steps 14 through 24 are identical to the example in subclause A.x.x.

25.
Assignment

 The MSC Server performs access bearer assignment.

For UTRAN access this involves invocation of the Prepare Bearer and Change Through Connection procedures with the CS-MGW, followed by sending a RAB ASSIGNMENT REQUEST message to the UTRAN.  The NAS Synchronization Indicator information element is sent to identify the selected codec and codec configuration.  As end-to-end codec negotiation is not supported, this is the codec and codec configuration selected for the access interface only.
For GERAN access this involves invocation of the Reserve Circuit and Change Through Connection procedures with the CS-MGW, followed by sending a ASSIGNMENT REQUEST to the GERAN. 

Steps 26 through 42 are identical to the example in subclause A.x.x.
*** End of all changes ***
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