3GPP TSG-CT1 Meeting #43
Tdoc C1-061793
Da Lian, China, 28 August – 1 September 2006

was Tdoc C1-061672
Source:
Lucent Technologies

Title:
CR to 24.206: Closure of open issues on scope clause

Agenda item:
8.10

Document for:
APPROVAL

Introduction

Clause 1 (scope) contains 3 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: The above paragraph will contain the list of protocols used or impacted by this specification.

The document now contains requirements for the usage of the following protocols, or for the configuration to allow usage in a particular manner:
-
SIP

-
SDP

-
CAMEL

-
MAP

-
ISUP (and BICC)

-
24.008.

Open issue 2
Editor's note: If this TS makes no amendment to any of the IETF protocols, then this paragraph will not be included.


No resolution at the moment.
Open issue 3

Editor's note: The above paragraph will contain the list of functional entities impacted by this specification.

Proposed to amend this to:

"The present document is applicable to User Equipment (UEs), Application Servers (AS) and Media Gateway Control Functions (MGCF) providing voice call continuity capabilities."
Note that while we have no direct requirements on the MGCF, we do specify its inclusion in the configuration issues, and therefore it is appropriate to draw attention to it in the scope of the document.
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 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. 

Where possible the present document specifies the requirements for this protocol by reference to specifications produced by the IETF within the scope of SIP, SIP Events and SDP, either directly, or as modified by 3GPP TS 24.229 [7]. Where this is not possible, extensions to SIP are defined within the present document. The document has therefore been structured in order to allow both forms of specification.

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

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





