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Introduction
This proposal documents a solution in the event the neighbour list length is a limitation.
Detailed proposal

6.4.6.1
CS to IMS call continuity

This Use Case illustrates the architecture used for handing off an active voice call from a GSM/UMTS system to a VoIP call on a WLAN/IMS system.

Figure 6.4.6.1-1 shows the bearer path for a UE in a CS domain call with a PSTN user; both before and after VCC procedures move the call to the IMS domain. The original call is from the UE to the MSC to the PSTN. After the UE moves to the IMS domain, the call leg from the MSC to the PSTN user remains, but the call leg from the MSC to the UE is now from the MSC to an IMS-MGW to the UE. Figure 6.4.6.1-2 shows the case where the UE is in a CS domain call to a UE in the IMS domain. After the UE moves to the IMS domain, the only change is to change the call leg from the MSC to the UE. In both cases, the MSC anchors the call.
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Figure 6.4.6.1-1 Bearer Path: CS domain UE call to a PSTN user
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Figure 6.4.6.1-2 Bearer Path: CS domain call to an IMS UE
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NOTE: the P-CSCF is not shown in the diagram or the flows.

Figure 6.4.6.1-3 CS Domain UE to PSTN user call continuity to IMS domain

The procedure for VCC  from CS to IMS, as shown in Figure 6.4.6.1-3, is as follows:

The UE is a dual mode handset that is active in a CS domain voice call to a PSTN user, who could be a landline phone or CS domain user. (A similar flow applies when the PSTN is replaced by a CS domain user served by the same MSC as the UE.)

1.
The UE detects an IMS network that is capable of supporting voice calls and registers with IMS. In the process, the UE and the CCCF/NeDS complete a subscribe notify sequence for mobility events.  

2.
When the UE determines that it is time to request call continuity, it sends a Measurement Report that contains channel information (e.g., an ARFCN and BSIC) configured to trigger call continuity to the CCCF/NeDS.  The BSS translates this to a GCI and the MSC translates this to the CCCF/NeDS MSC ID.

3.
The MSC sends a Prepare Handover Request to the CCCF/NeDS.

4.
The CCCF/NeDS creates handover number and includes it along with a reference number in the Prepare Handover Response.

5.
The MSC sends an IAM to the handover number contained in the Prepare Handover Response.  The handover number routes to the MGCF.  The network elements in the signalling path between the MSC and MGCF are not shown for simplicity of the flow.

6-7.
The MGCF translates the handover number to a SIP URI and communicates with the MGW to create the SDP information for the connection to the circuit specified in the IAM.  The SDP and SIP URI are put into an INVITE which routes to the CCCF/NeDS.  (This may be direct or it may go through an S-CSCF.)

8-9.
The CCCF/NeDS responds with a Session Progress message.

10.
The MGCF sends an ACM message back to the MSC.   This may occur when it receives one of the intermediate steps that was omitted in the flow.

11.
The MSC sends a Handover Command towards the UE containing the reference number from the Prepare Handover Response.

12-13. 
At the same time as the CCCF/NeDS sent the Session Progress message, it forwards the INVITE towards the UE via the S-CSCF. The S-CSCF will need to use filter criteria or some other means to distinguish this INVITE from a normal terminating INVITE request.  For this INVITE, normal filtering criteria rules are not applied and the INVITE is forwarded to the UE.  This is to turn off normal service handling such as call forwarding unconditional that would prevent the INVITE from being sent to the UE.
Note 1: It is expected that the handover number will be sufficient for the CCCF/NeDS to identify the UE.  If not, then the UE could send a NOTIFY to the CCCF/NeDS after step 9 which contains the reference number in the Handover Command.

Note 2: Filter criteria may need to be defined in the detail specification.
14.
At this point, the CCCF/NeDS and the MSC can do any needed GSM security procedures if required.

15-16.
The UE accepts the call and sends a 200 OK response.  There are generally additional steps between the INVITE and the 200 OK, but they are not shown for simplicity of the flow.

17-18.
The CCCF/NeDS sends the 200 OK to the MGCF.  The MGCF uses this information to complete the connection to the MGW by providing the SDP contained in the 200 OK.

19.
The CCCF/NeDS also sends a SendEndSignal message to the MSC.

20. The MSC responds with an ANM message and the path is now completed from the MSC to the MGW to UE and the VCC procedure to IMS for UE is completed.
The same procedures are used if the UE is in a complex call involving multiple parties.  As in normal GSM handover, these procedures also apply to UEs with supplementary services, such as call waiting, active at the time of call continuity.

There is no difference if the terminating PSTN Telephone in the previous example is replaced by an IMS UE.  The VCC procedures are the same.  Call control remains in the CS domain and only the call leg handing off to IMS is affected.

Note that a pseudo (ARFCN, BSIC) tuple is proposed to be assigned to identify an MSCID representing a specific CCCF within an IMS network. The ARFCN-BSIC tuple assigned must not be one that is used by any GSM/UMTS operator(s) in the area(s).  When a CCCF within an IMS network with co-operation arrangements is available as a neighbour to a GSM/UMTS cell, the BSC/RNC controlling this GSM/UMTS cell should be configured to transmit the ARFCN (representing a specific CCCF) as one of the neighbour lists. This needs to be configured in the BSC/RNC and the CCCF.

NOTE: the neighbour list length is limited by existing GERAN/UTRAN specifications. The neighbour list length is an upper bound for the total of number CCCFs (i.e. both in this operator’s network as well as in the IMS networks with cooperation arrangements) that can be mapped by the BSC/RNC. 
Alternatively, if the neighbour list length proves to be an issue, a solution is to introduce a “pseudo MSC” function whose purpose is to allow a network’s radio protocols to use a single ARFCN to support handovers to an arbitrary number of IMS CCCFs.  The goal is for the pseudo MSC to use IMSI to select the CCCF appropriate for the subscriber.  As in the “non-pseudo MSC” solution (above), during CCCF registration the CCCF informs the UE which pseudo (ARFCN, BSIC) tuple to use to represent the IMS network; by means of the MEP.  The BSC/RNC controlling this GSM/UMTS cell should be configured to transmit the ARFCN.  The pseudo MSC examines the IMSI in the MAP HORequest to determine the actual target network, GMSC, or home CCCF.  The pseudo MSC is then responsible for forwarding the MAP HORequest to the target system.  The pseudo MSC remains in the signalling path between the MSC and home CCCF for handover signalling (not ISUP signalling).

Using the “pseudo MSC” function, the value of the pseudo (ARFCN, BSIC) tuple shared by the CCCF is statically determined (e.g. through cooperation agreements). Only one pseudo (ARFCN, BSIC) tuple is required for any number of CCCFs.
Editor Note: How would this be supported in 3G only environments

Figure 6.4.6.1-4 shows the case where the UE is in a CS domain multi-party call to a CS domain UE2 and a party in the PSTN. This could be a case of call waiting or the parties could be in a 3-way call  managed by the MSC.  After the UE moves to the IMS domain, the only change is to change the call leg from the MSC to the UE. The MSC continues to anchor the calls.
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Figure 6.4.6.1-4 CS to IMS voice call continuity procedure for multi-party CS domain call

The procedure for CS to IMS voice call continuity for a multi-party CS domain call, as shown in Figure x-1, is as follows:

The UE is a dual mode handset that is active in a multi-party CS domain voice call to a CS domain UE2 and a PSTN user.

1-20.
 The voice call continuity procedure is the same as present above and shown in Figure 6.4.6.1-3, CS Domain UE to PSTN user call continuity to IMS domain .
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