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1.
Introduction

This contribution proposes text to be included in the alternatives considered section of TR 23.806 for Voice Call Continuity between CS and IMS (including I-WLAN).
2. Discussion

This contribution proposes the CS to IMS Handover section for the Anchored Call Control Model to support the voice call continuity between the 3G IMS system and the 2G CS system.

******New Text Start******

6.
Alternatives Considered

6.X
Service Continuity Model: Anchored Call Control Model

6.x.6
Handover Scenarios

6.x.6.1 
CS UE to CS UE call
This Use Case illustrates the architecture used for handing off a dual mode dual mode handset on a circuit voice call on a GSM/UMTS system to a VoIP call on a WLAN/IMS system.
In Figure 6.X.6.1-1, the dual mode handset is operating in the GSM domain and has two active GSM calls.  One session is to a PSTN telephone (which could be a wireline or wireless phone) .  The other session is to a GSM dual mode handset connected to the same MSC.  Since these are GSM calls, the MSC manages both call legs for services such as call waiting or 3-way calling.  Any mixing of the media streams is managed internal to the MSC.
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Figure 6.X.6.1-1: Initial State GSM - dual mode handset has 1 GSM call and 1 PSTN Call active (either 3-way or call waiting)
Figure 6.X.6.1-2 shows the state of the calls after the dual mode handset had handed over to the IMS domain.  Since the GSM MSC remains in the call as the anchor MSC, only 1 call leg is handed over.  The GSM MSC, as anchor MSC still manages the call and the various call legs.  The dual mode handset sends and receives call state change to the MMCF as DTAP messages embedded in SIP NOTIFY messages (SIP INFO messages could be used as an alternative).  The MMCF acts as a pass thru point to the GSM MSC for these DTAP messages, as is the normal procedure with GSM handovers.
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Figure 6.X.6.1-2: Handover - GSM Circuit Voice to IMS VoIP
The steps in the procedure for handoff of a GSM circuit voice call to a WLAN VoIP to are as follows.

The dual mode handset is in a call with two parties, one is another GSM MS served by the MSC and the other is a PSTN party which could be an IMS based user.  This could be a 3-way call or it could be a call waiting call.

1. The dual mode WLAN/GSM mobile, upon entry into a WLAN coverage area, must register with the IMS (IP Multimedia Subsystem) network and a Macro-Mobility Control Function (MMCF).  The S-CSCF does a proxy register with the MMCF.  The MMCF will use a SIP SUBSCRIBE/NOTIFY method to subscribe to a newly defined Mobility Event Package with the mobile, and the mobile will likewise subscribe to the same event package with the MMCF.  The dual mode handset notifies the MMCF that it is in a GSM call and provides its IMSI.  In this case, the MMCF sends a null notification to the dual mode handset (flow line 1). 
2. On the GSM circuit voice network, the mobile initiates the GSM handover procedure via the MSC and the mobile is instructed to tune its WLAN radio to the WLAN-IMS (flow lines 2 – 8).
· dual mode handset now initiates a normal GSM handoff, with the target MSC pointing to the MMCF.  Even though there are multiple connections, only 1 connection is setup from the MSC to the IMS network.  The MSC anchors the call and will continue to manage both the call leg to MS2 and the PSTN.

· The MMCF provides a handover number to the MSC and the MSC initiates a call to the handover number.  

· When the MGCF receives the call setup message, it uses ENUM or some other means to translate the handover number to a handover number URI that routes to MMCF.  It then initiates a call to MMCF.

· On the GSM side, the dual mode handset receives a handover command with the reference number and the fake traffic channel info.
3. On the WLAN-IMS network, the mobile uses the SIP NOTIFY to inform the MMCF that it is handing off and includes the reference number that it received (flow lines 9 – 12).
4. The MMCF then establishes a SIP session with the mobile and the mobile now switches to its WLAN radio (flow lines 13 – 17).
· MMCF sends an invite to dual mode handset with MGW1 as the endpoint.  It is able to do this since the reference number allows it to correlate the dual mode handset with the incoming call to the handover number URI from MGCF1.

· After dual mode handset accepts the call, MMCF can respond to the call from the MGCF.

· The MGCF uses the dual mode handset endpoint information and connects the MGW to the dual mode handset.
5. The GSM network is informed the handoff is complete and the GSM core network and radio access network resources are released (flow lines 18 – 20).
· The MGCF provides an answer message to the MSC.

· The MSC now clears the connection to the dual mode handset.
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6.x.6.2 
CS UE to IMS UE call
There is no difference if the terminating PSTN Telephone in the previous example is replaced by an IMS UE.  The handover procedures are the same.  Call control remains in the CS domain and the only call leg that is affected is the leg to the dual mode handset that is handing off to IMS.
Editor note: Elaborate on the simultaneous registration for CS and PS domain,
******New Text End******

3. Proposal

Include the proposed text in section 2 above to the baseline TR 23.806.
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