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Introduction

Clause 1 (scope) contains 1 minor open issues that should be closed. These were previously left open until we had a clear idea of the contents of the document, which now exists.

Open issue 1
Editor's note: If this TS makes no amendment to any of the IETF protocols, then this paragraph will not be included.

There appear to be two open issues at the stage 2 that might require future signalling:

· Any protocol on the V3 reference point (see 23.206 subclause 5.4.6). The stage 2 currently contains no flows that require signalling over this reference point. SA2 is totally split (50%/50%) as to whether such functionality is needed in order to provide the useful capabilities, and therefore this is unlikely to resolve into any agreed procedures. It is assumed to be potential release 8 work if it ever resolves.

· As indicated in C1-061649 to CT1#43. Proposals have been made to the stage 2 at least twice in the past, and these proposals have been rejected at SA2. There is no current support for such a feature within 23.206, and this is the reason why the contribution was rejected at CT1#43.

Proposed that paragraph deleted and replaced with:

"This document makes no VCC specific enhancements to SIP, SIP events or SDP, beyond those specified in 3GPP TS 24.229 [7]."

Proposal

It is proposed that Clause 1 should be modified as follows.
1
Scope

The present document provides the protocol details for voice call continuity between the IP Multimedia (IM) Core Network (CN) subsystem based on the Session Initiation Protocol (SIP) and the Session Description Protocol (SDP) and the protocols of the 3GPP Circuit-Switched (CS) domain (CAP, MAP, ISUP, BICC and the NAS call control protocol for the CS access). 

Voice call continuity allows users to move between the CS domain and the IP Connectivity Access Network (e.g., WLAN interworking) with home IM CN subsystem functionality. 

This document makes no VCC specific enhancements to SIP, SIP events or SDP, beyond those specified in 3GPP TS 24.229 [7].



The present document is applicable to User Equipment (UEs), Application Servers (AS) and Media Gateway Control Functions (MGCF) providing voice call continuity capabilities.




