3GPP TSG SA WG2 Architecture — S2#46
S2-051045

9 - 13 May 2005

Athens, Greece

Agenda Item:
8.4 Voice Call Continuity
Source:

Bridgeport Networks, LG Electronics, Motorola

Title:
Anchored Call Control Model: IMS 2 CS Handover
Document for:
Discussion and Decision
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 IMS to CS 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.6.3 
IMS UE to IMS UE call
This Use Case illustrates the architecture used for handing off a dual mode dual mode handset on a VoIP call from a WLAN/IMS system to a circuit voice call on a GSM/UMTS MSC. 

In Figure 6.X.6.3-1, the dual mode handset is operating in the WLAN domain and has two active IMS call sessions.  One session is to a PSTN telephone (which could be a wireline or wireless phone) .  The other session is to an IMS dual mode handset.  Since these are IMS sessions, the dual mode handset manages both sessions for services such as call waiting or 3-way calling.  Any mixing of the media streams is managed internal to the dual mode handset.

[image: image1.emf]MS

S-CSCF

MGCF

1

PSTN

SIP

SIP

SIP

H.248

TDM

ISUP

AMR/RTP

MGW

1

AMR/RTP

MS

AMR/RTP

S-CSCF

SIP

Telephone

Bearer Signaling

IMS VoIP

GSM Circuit Voice

Both


Figure 6.X.6.3-1: Initial State IMS - dual mode handset has 1 IMS session and 1 PSTN Call Active (either 3-way or call waiting)
Figure 6.X.6.3-2 shows the state of the sessions after the dual mode handset has handed over to the GSM domain.  Since the GSM domain only supports 1 media stream to the dual mode handset, the MMCF has introduced an MRF in the IMS domain to terminate the IMS sessions that have been transferred to the MMCF.   The MMCF appears as the anchor MSC to the GSM MSC after handover and still manages the call and the various call legs.  The dual mode handset sends and receives session state change messages to and from the MMCF via DTAP messages, as is the normal procedure with GSM handovers.  
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Figure 6.X.6.3-2: Handover - MMCF and MRF replace dual mode handset for IMS session and PSTN call

The steps in the procedure for handoff of a WLAN VoIP to a GSM circuit voice call and a subsequent hand back to WLAN are as follows.

1. STEP 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 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 (flow line 1).
· Standard IMS registration occurs, with the dual mode handset providing an indications that this is a dual mode dual mode handset.

· The S-CSCF does a proxy register with the MMCF

· The MMCF  and dual mode handset subscribe to each others mobility events.  The dual mode handset notifies the MMCF that it is idle and provides its IMSI.  The MMCF notifies the dual mode handset of a handoff URI to use when a handoff is required.  The handoff URI will uniquely identify the session as one being handed off for this dual mode handset.

2. The Mobile sets up the PSTN call and IMS dual mode handset VoIP session.  In IMS, call waiting and 3-way call may be client features and not network features.
· In the example flow, the dual mode handset has 2 sessions active

· The first session is a call to the PSTN

· The second session is an IMS VoIP call to another IMS dual mode handset.

· In this example, both media streams are connected to the dual mode handset and the dual mode handset will do any media stream selection (e.g. for call waiting) or media stream mixing (e.g. for 3-way calling)

3. When the mobile is engaged in a call with another party on the PSTN (or with another mobile) and it detects that it is leaving WLAN coverage and entering the coverage area of the GSM network, the mobile makes the decision to hand over the call.  It initiates 3 different steps in parallel:

a. It notifies the MMCF that it wants to handoff .

b. It initiates IMS session transfer procedures with the active PSTN session to transfer it to the MMCF.

c. It initiates IMS session transfer procedures with the active MS2 session to transfer it to the MMCF.

4. STEP a: The dual mode handset will notify the MMCF and pass it parameters that identify the target GSM system and cell ID.  This marks the start of the handover sequence (a.1 – a.18).
· The dual mode handset sends a notify to the MMCF with target information as well as information on the state of its existing IMS call sessions (e.g. there are 2 sessions, actively talking to MS2, but the PSTN session is on-hold in call waiting)

· The MMCF will use GSM Handoff MAP signaling procedures to communicate with the GSM network and a circuit switched MSC.
· Standard inter-MSC handoff MAP messages are sent and the MMCF receives back the target traffic channel

· The MMCF notifies the dual mode handset which traffic channel to switch to.

· When the dual mode handset switches to the traffic channel, the MSC completes the signaling with the MMCF to bring up the path from the dual mode handset to the MMCF via the GSM network.  This results in connecting the GSM media stream to the MRF via MGW2.
5. STEP b: Using IMS session transfer procedures, MS1 transfers the existing session with the PSTN via MGCF1/MGW1 to the MMCF/MRF.  MS1 uses the Handoff URI to inform MGCF1 of the destination.  The MMCF had supplied this Handoff URI to MS1 in a NOTIFY at registration time (flow line b.1).

6. STEP c: Using IMS session transfer procedures, MS1 transfers the existing session with MS2 to the MMCF/MRF.  MS1 uses the same Handoff URI to inform MS2 of the destination (flow line b.2).  

With the completion of these steps, the handover has been completed.  The bearer stream now flows to the MRF from MS2 and MGW1 on the IMS side.  Media is combined or selected by the MRF and sent to MGW2 and then to the MSC and out to the dual mode handset.
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6.x.6.4 
IMS UE to CS UE call
There is no difference if the terminating PSTN Telephone in the previous example is replaced by a CS UE.  The handover procedures are the same.  Call control remains in the IMS domain and the only call leg that is affected is the leg to the dual mode handset that is handing off to CS.
******New Text End******

3. Proposal

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