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Abstract of the contribution:

This contribution expands Alternative D (“Inter-MSC Handover”) in the TR 23.882 with use of VCC Domain Transfers to provide a complete end-to-end session transfer procedure with full service control capability.

1
Discussion

Alternative D (“Inter-MSC Handover”) is based on the inter-MSC Handover procedure. The SAE/LTE Evolved Packet Core (EPC) emulates an "anchor MSC" functionality and exhibits the “E” interface towards the neighbouring MSCs. The solution works for voice calls which have been initiated in IMS/LTE and allows for subsequent transitions from 2G CS domain back to IMS/LTE.
This paper proposes to extend the existing Alternative D with an interworking function referred to CS Proxy which mimics CS HO behaviour from the SAE/LTE Evolved Packet Core toward the CS core.  Logically, the CS Proxy is associated with the visited SAE/LTE Evolved Packet Core.  This allows provisioning of the CS Proxy and the SAE/LTE eNB cells in the neighbor list of the 2G network.
In summary in the proposed solution the CS Proxy will perform the following functions:

· Acting as the anchor MSC to the target MSC.

· Relaying handover instructions between the VCC AS and the target MSC.

The CS Proxy has 2 new interfaces, one E-interface to Circuit Switch Mobile Switching Center and the other SGx to the IMS.
The MME performs the following functions,

· Determining the target MSC using configured neighboring cell information, including eUTRA cells, UTRAN cells and 2G BS cells.

· Sending handover information to the UE.

The UE forwards the handover information from the MME to the VCC AS
Also, the Voice Call Continuity (VCC) application server is used to anchor voice call and process handover procedures.
2
Proposal/Recommendation

It is proposed to include the following as one alternative solution for the Alternative D in TR 23.882 Section 7.19.1.6.
*** Begin new text*** 

Section 7.19.1.6.x LTE => 2G CS voice continuity with CS Proxy model principles
The following principles are used in defining the architecture for enablement of LTE-CS service continuity.
1. All services are centralised in IMS
2. Session is anchored in the VCC Application

3. SIP session runs in the UE when using LTE access
4. When using CS access, SIP session runs in the UE with CS Proxy presenting it to IMS 

Section 7.19.1.6.x LTE => 2G CS voice continuity with CS Proxy reference architecture

The following diagram shows the concept of CS proxy to be use for LTE to 2G CS voice call handover. 
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Figure x.x LTE to 2G CS HO with CS Proxy

Section 7.19.1.6.x LTE => 2G CS voice continuity call flow
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1. IMS Multimedia Telephony session initiation.  VCC AS performs 3pcc and anchors user plane at a MGCF/MGW. 

P- CSCF triggers the dedicated bearer establishment over Rx+.  Policy rules transferred from PCRF to SAE GW and source eNB

 Figure x.y LTE => 2G CS voice continuity call flow
1. There is an ongoing IMS Voice session establish in the IMS where the session is anchored in the VCC Application.  In step 1a, the target measurement report is sent to Source eNB.  The VCC Application is informed by the S-CSCF about the used CK/IK (cipher and integrity key) in the 3rd party register.  Note, for handovers to 2G RAN, the AKA keys shall be converted to SIM compatible keys according to the procedures specified in TS 33.102 [xx].
2. Source eNB processes the measurement report and determines a handover is needed.  In step 2a the Source eNB sends the Handover Required Message to MME containing the required information such as source to target information.

3. The MME determines the target MSC based on the information received in the Handover Required message.  (How the MME learns the CS Proxy information that will be needed in the handover, e.g., CS Proxy DN, CS Proxy IP address, is not specified here.  The information could be provisioned or the MME could use some CS Proxy local discovery mechanism).
4. The MME sends the Handover Request message to the UE with information such as source to target information, the target MSC, and the CS Proxy Information.  
5. The UE generates and sends SIP REFER message with target information to VCC Application.  The SIP REFER is sent within the currently active voice call dialogue.
6. The VCC Application returns SIP 202 Accept and begins the domain transfer to the CS domain.
7. The VCC Application initiates MAP Prepared Handover Message to the CS Proxy.  In step 7b the CS Proxy forwards the MAP Prepared Handover Message to the target MSC.
8. Standard GSM Handover Request and Acknowledge messages flow between target MSC and target BSS

9. Target MSC returns Handover Number in the Prepare Handover Response message to allow establishment of a circuit connection between the target MSC and MGW.  In step 9b, the CS Proxy forwards the MAP Prepare Handover Response message to the VCC Application.

10. Step 10 – Step 20 is the establishment of the circuit connection from the UE through the MSC to the MGW   Upon receiving message in step 13, the UE plays a tone to the subscriber to give an indication of radio technology change.
21. Upon completion of establishing circuit connection, the LTE resource is release.

22. VCC Application sends re-INVITE to MGCF to switch the media path from the UE to the target MSC.
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1. IMS Multimedia Telephony session initiation.  VCC AS performs 3pcc and anchors user plane at a MGCF/MGW. 

    P- CSCF triggers the dedicated bearer establishment over Rx+.  Policy rules transferred from PCRF to SAE GW and source eNB





















































1a. 2G Measurements
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