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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 the 2G CS domain and allows for subsequent transitions from 2G CS domain 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 in 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 target MSC from the anchor MSC.  The 2G network has all configured neighboring cell info, such as eUTRA cells, UTRAN cells, and 2G BS cells.

· Accepting handover messages from the anchor MSC
· Relaying handover instructions to VCC Application
The CS proxy supports 3 new interfaces:

· E-interface to Circuit Switch Mobile Switching Center,

· SGx interface to the VCC Application, and

· S6x interface to the HSS.

Also, the Voice Call Continuity (VCC) application server is used to anchor voice call and process handover procedures.
******* Summaries of changes from submitted version *********
· Delete overlapping texts in S2-073040

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*** 



1. 
2. 





7.19.1.6.3  2G CS => LTE voice continuity call flow
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Figure x.y1 Overview CS to LTE Handover Call Flow
Figure x.y1 provides an overview of the CS to LTE handover procedure.  The procedure is broken into 2 phases.  The first phase is a normal handover as seen from the perspective of the source MSC.  This results in a media path that includes an IP to MSC to IP loop that can be eliminated in the second phase.  The key for eliminating the loop is that the VCC Application has anchored the signaling on the original call (labeled Call 1a and Call 1b in the figure) and the handover call (labeled Call 2a and Call 2b in the figure).  The VCC Application recognizes that both calls are associated with the same UE and that the second call is a handover call.  Knowing that, the VCC Application links the UE to the original call port directly, connecting the Call 1a leg  to the Call 2b leg and eliminating the Call 1b to Call 2a legs.
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Figure x.y2 Basic CS to LTE Handover Call Flow
The initial state is that the UE is in a PSTN call while in the CS domain.  The VCC Application is anchoring the call using the procedures specified in [TS23.206].
1. The UE performs normal GSM measurement reporting as specified in [GSM TS], including eNB  measurements.

2. The BSS determines that a handover is required and sends a Handover Required message to the Source MSC.

3. Based on information in the Handover Required message, the Source MSC determines that the CS Proxy is the target MSC and sends a MAP Prepare Handover Required message to the CS Proxy.  The CS Proxy uses the IMSI to do a lookup in the HSS to determine which VCC Application is supporting the UE.

4. The CS Proxy sends the Prepare Handover Required message to the VCC Application

5. The VCC Application creates a Handover Number (HO#) and a Reference Number (Ref#) that will be used to direct the handover calls to the VCC Application.  In IMS terms, these are PSIs that refer to the VCC Application Server.  The Prepare Handover Response is sent from the VCC Application via the CS Proxy to the Source MSC.
6. Using normal GSM handover procedures, the Source MSC sends an ISUP IAM to the HO#.  The IAM is routed to an MGCF in the VCC Application domain.
7. The MGCF creates a SIP INVITE that gets routed to the VCC Application
8. The VCC Application sends back a SIP progress response

9. The MGCF converts this to an ISUP ACM that gets sent to the Source MSC

10. When the Source MSC gets the ACM, it sends a Handover Command that gets forwarded to the UE.

11. The UE uses this as a signal to commence handover to LTE and comes up on the LTE network following the procedures defined in [TS23.401].

12. After coming up on the LTE network, the UE sends a SIP INVITE to the Ref# received in the handover command.  The INVITE gets routed to the VCC Application.
13. The VCC Application completes the call setup in the IMS domain and sends 200 OK responses to both the UE and the MGCF to link the UE to the appropriate port on the MGW.

14. The MGCF sends an ISUP ANM to the Source MSC indicating call setup is complete.
15. The Source MSC releases the 2G radio resources, but remains in the call path as the 2G anchor point.
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 Figure x.y3 Bearer and Signaling Path Optimization for CS to LTE Handover Call Flow
Since the VCC Application anchored the original call to the UE in the CS domain, it is now in the path for both call legs to the Source MSC.  Bearer and signaling path optimization can occur that removes the Source MSC from the call and just leaves the VCC Application anchor function.  The VCC Application is acting as a B2B UA for the original CS domain call and again for the handover call from the CS domain.  The VCC Application now merges the two B2B UA appearances into 1 B2B UA and removes the Source MSC from the calls.
16. The VCC Application sends a SIP re-INVITE for the initial call from the MGCF.  This time it includes the UEs SDP as the target and not a loop back port in the MGW.
17. The MGCF sends messages to the MGW to disconnect the path to the CIC that went to the MSC and connect the CIC from the PSTN to the UEs SDP.  When the MGCF completes configuring the MGW, it replies with the MGW information in the 200 OK response to the VCC Application
18. The VCC Application sends a SIP BYE to the MGCF for the call to the CS domain.

19. The MGCF converts this to an ISUP release that gets forwarded to the MSC.

20. In parallel with 18, the VCC Application sends a SIP BYE to the MGCF for the call from the Source MSC for the handover.

21. The MGCF converts this to an ISUP release that gets forwarded to the MSC.  

22. The VCC Application sends a re-INVITE to the UE that points the UE to the MGW port for the initial PSTN call instead of the MGW port for the handover call, using the information received in the 200 OK from the MGCF.
Normal SIP call signaling then proceeds to transfer the call legs and the Source MSC uses normal procedures to release all of the 2G resources.  The result is a call between the UE and the PSTN solely via IMS.
Similar logic applies if the other end of the original call was an IMS UE and not a PSTN destination.
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18. SIP BYE on Call 1b
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18. SIP BYE on Call 1b
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