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1
Discussion

The Alternative D-1 (“Inter-MSC Handover with anchoring at the VCC Application”) for SR-VCC was agreed in SA2#58 and was inserted in TR 23.882. During the discussion (offline and online) of this proposal, there were several aspects identified, which could be improved / optimized in order to enhance the performance of this alternative proposal. So, the intention of this contribution is to improve / optimize Alternative D-1 in the TR 23.882 by creating optimized message flow diagrams that can considerably improve the performance.
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The main concern was that messages 5, 6 and 13 in the flow diagram above can considerably affect the handover delay. Recall that message 5 (SIP REFER) is used by the UE to directly notify the VCC Application of the required handover to CS domain. This SIP REFER request includes an implicit subscription notification that results in a total of four SIP messages being exchanged between the VCC Application and the UE. Also, message 13 (SIP NOTIFY) is used by the VCC Application to directly transfer a “Handover Command” to the UE. In the optimized flows messages 5, 6 are not used and a “Handover Required” message is used instead that goes directly from the CS Proxy to the VCC Application. Also, in the optimized flows, message 13 (SIP NOTIFY) is not used. Instead, the UE receives the “Handover Command” within an Access Stratum message (e.g. RRC) as it is usually the case.

The optimized flows proposed in this document implement the above optimizations and also address several other concerns. For example, in the current flow (see again the diagram above) the UE is instructed to conduct a handover to CS domain (step 13) with an application-layer message that is transparent to eNB. This concern is also resolved in the optimized flows by using an RRC message to send the “Handover Command” to UE via the eNB. More improvements are further discussed below in the proposed changes. Overall, the new signalling flows can improve the performance of Alternative D-1 considerably.

2
Proposal/Recommendation

It is proposed to include the following text in TR 23.882.
*** Begin of changes *** 
7.19.1.6a
Alternative D-1 – Inter-MSC Handover with anchoring at the VCC Application
7.19.1.6a.1
Description

This alternative proposes a solution utilizing the inter-MSC handover mechanism and the VCC Rel-7 Voice Call Continuity Application to enable the handover call between CS domain and LTE/SAE access.  Re-use and enhancement of Release 7 VCC, where applicable, will be considered. To realize this solution, the following principles apply:

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 PS access, SIP session runs in the UE with CS Proxy presenting it to IMS 
7.19.1.6a.2
LTE => 2G CS voice continuity with CS Proxy reference architecture

The following figure shows the concept of CS proxy to be use for LTE to 2G CS voice call handover. 
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Figure 7.19.1.6a-1: LTE to 2G CS HO with CS Proxy
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Figure 7.19.1.6a-2: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.

11.
Upon completion of establishing circuit connection, the LTE resource is released.

12.
VCC Application sends re-INVITE to MGCF to switch the media path from the UE to the target MSC.

Editor's Note: Optimization with MWG in the visited network is FFS.

Editor's Note: Optimization of number of message is FFS.
7.19.1.6a.2a
Optimized LTE => 2G CS voice continuity call flow

Figure 7.19.1.6a-2a below presents an optimized signalling flow for LTE to 2G CS domain call transfer, which exhibits several optimizations as compared to the signalling flow in the previous sub-clause. For example, in the optimized flows a “Handover Required” message is sent by CS Proxy to the VCC Application, instead of sending a SIP REFER from the UE to the VCC Application to indicate that handover to CS domain is required. Also, in the optimized flows, the UE receives the “Handover Command” within an Access Stratum message (see step 12c) via the eNB. So, the “Handover Command” is not encapsulated within a SIP NOTIFY message as is done in the previous sub-clause. More improvements are further discussed below.
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Figure 7.19.1.6a-2a: LTE => 2G CS voice continuity call flow

1. The UE is attached to the EPC and has an ongoing IMS Voice session establish in the IMS where the session is anchored in the VCC Application.  The VCC Application is informed by the S-CSCF about the MSISDN, “tel” URI and other PUIs in the UE’s implicit registration set as a result of a 3rd party registration procedure. During the session setup the P-CSCF triggers the dedicated bearer establishment during which policy rules are transferred from the PCRF to the PDN GW and the source eNB. Such policy rules allow eNB to determine if the originating session is a “candidate for VCC transfer” to the 2G CS domain. “VCC-only CS security context key(s)” are generated in both the UE and MME from the existing PS domain security context key(s).  

2. When the eNB receives the “candidate for VCC” indication from the policy rules, the eNB can include candidate 2G CS cells into the neighbour cell lists which it sends to the UE.
3. Based on the received measurement reports and the policy rules received in step 1, the source eNB decides to initiate a handover to the 2G CS domain. For this purpose it sends a “Handover Required” message to the MME. The message informs the MME about the target 2G cell ID and indicates that this is a handover to the 2G CS domain.
4. The MME uses the information provided by the eNB to select the target MSC based on configuration data stored in the MME. It also determines both the MSISDN and home IMS VCC Application DN associated with the UE through subscriber data it received for the UE during Network Attachment. Either provisioning or local discovery mechanisms can be used to allow the MME to acquire the IP address of the CS Proxy. 
5. The MME passes the information obtained in step 4 to the CS Proxy. The CS Proxy, in turn, has the interface that is used to format and forward the required handover information to the UE’s VCC Application via a “2G CS Handover Required” message. When the VCC Application receives the “2G CS Handover Required” message, it takes on the role of an anchor MSC-server in the “basic handover procedure requiring a circuit connection between MSC-A and MSC-B” (see TS 23.009).
6. The VCC Application uses the MSISDN to help correlate the “2G CS Handover Required” message with the IMS Voice session it is anchoring for the UE. The VCC Application sends a MAP Prepare Handover request message to the target CS Proxy. In step 6b the CS Proxy forwards the MAP Prepared Handover Message to the target MSC.

7. Standard Handover Request and Acknowledge messages flow between target MSC and target BSS.

8. 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 8b, the CS Proxy forwards the MAP Prepare Handover Response message to the VCC Application.

9.   The VCC Application initiates a new call (with a SIP INVITE) towards the 2G CS domain by using the Handover Number provided by the target MSC. This call is required in order to establish a user plane between the IMS MGCF/MGW and the UE through the 2G CS domain.

10. The circuit connection between the target MSC and the IMS MGCF/MGW is established with the exchange of the ISUP IAM and ACM signalling messages.

11. The MGCF responds to the VCC Application with a SIP Progress message.

12. A Handover Command is sent from the VCC Application to the CS Proxy which includes the HO_CMD received in step 9. The Handover Command is forwarded to the MME and on to the source eNB in step 12b. The message is sent to the UE in step 12c instructing the UE to move from the PS domain to the 2G CS domain by retuning to the target radio network and using the correct Cipher Key(s). 

13. The UE accesses the target cell using normal 2G access signalling. The target BSS detects the presence of the UE and sends a HO Detect message to the target MSC.

14. In response to the HO Detect message, the MSC sends a MAP Process Access Signalling request message to the CS Proxy including the HO Detect message received from the BSS. The CS Proxy forwards this message to the VCC Application.

15. When the UE is successfully communicating with the target BSS a Handover Complete message will be sent by the UE to the target BSS. The target BSS will then send a Handover Complete message to the target MSC.

16. In response to the HO Complete command, the MSC sends a MAP Send End Signal request message to the CS Proxy including the HO Complete message received from the BSS. The CS Proxy forwards this message to the VCC Application.

17. When the HO Detect/Complete is received, the MSC sends an ISUP Answer message to the IMS MGCF/MGW to complete the bearer path between the MSC and the MGW.

18. The MGCF sends a SIP 200 OK message to the VCC Application. This establishes a new access leg between the VCC Application and the 2G CS domain with the appropriate user plane resources in place between the IMS MGW and the MSC MGW.

19. The VCC Application sends a SIP re-INVITE message to the MGCF/MGW serving the CS/PSTN remote party. The MGCF instructs the MGW to update a termination toward the access leg of the 2G CS domain established in step 19, and to release the termination for the access leg of the SAE/LTE domain.

20. The MGCF sends a SIP 200 OK message to the VCC Application signifying the completion of the session modification procedure.

21. The VCC Application initiates the release of the source access leg in the SAE/LTE domain by sending a suitable message to the MME.
7.19.1.6a.3
2G CS => LTE voice continuity call flow
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Figure 7.19.1.6a-3: Overview CS to LTE Handover Call Flow
Figure 7.19.1.6a-3 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 7.19.1.6a-4: 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 3GPP TS 23.206 [29].
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 7.19.1.6a-5: 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.

7.19.1.6a.3a
Optimized 2G CS => LTE voice continuity call flow

Figure 7.19.1.6a-5a below presents an optimized signalling flow for 2G CS domain to LTE call transfer, which exhibits several optimizations as compared to the signalling flow in the previous sub-clause. These optimizations are further discussed below.
Note:
The figure below assumes that the UE remains attached to EPC while using the 2G CS domain and that it can re-use the IP address that was received during EPC attachment.
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Figure 7.19.1.6a-5a: 2G CS => LTE voice continuity call flow
The initial state is that the UE is in a PSTN call while in the CS domain. The VCC Application Server is anchoring the call using the procedures specified in TS 23.206.  The 2G network has all configured neighbouring cell information such as E-UTRAN cells, UTRAN cells and 2G BS cells.

1.   Neighbour cell measurements are performed by the UE and forwarded to the BSS. The BSS includes candidate eNB cells into the neighbour cell lists which it sends to the UE.

2.   Based on the received measurement reports and associated policy rules, the BSS decides to initiate a handover to the E-UTRAN domain. For this purpose it sends a “Handover Required” message to the MSC. The message informs the MSC about the target eNB cell ID.

3.   The source MSC uses the information provided by the BSS along with configuration data stored in the MSC to determine the CS proxy that should serve as the target MSC for the MAP Prepare Handover Request message. 

4a. The MSC treats the handover as an “Inter-MSC” procedure so it sends a MAP Prepare Handover request message to the target CS Proxy. The MAP Prepare Handover message shall carry the target eNB cell ID along with the IMSI and MSISDN of the UE.

4b.
The CS Proxy uses the IMSI to do a lookup in the HSS to determine which VCC Application is supporting the UE. The CS Proxy is configured to allow it to determine the target MME associated with the target eNB cell ID received in the MAP Prepare Handover request message.

5.
The CS Proxy sends the MAP Prepare Handover request message to the VCC Application. When the VCC Application receives the MAP Prepare Handover request message, it takes on the role of a target MSC-server in the “basic handover procedure requiring a circuit connection between MSC-A and MSC-B” (see TS 23.009).

6.   The VCC Application uses the MSISDN to help correlate the MAP Prepare Handover request message with the IMS voice session it is anchoring for the UE. Since this is a handover to the E-UTRAN domain, the VCC Application sends a Handover Preparation Request message to the target CS Proxy that corresponds to the inter access system handover messaging between UTRAN/GERAN and SAE/LTE being defined in TR 23.882.

7.   The CS forwards the HO Request message to the target MME, which sends the message to the target eNB. The eNB ciphering and integrity protection keys are sent from the MME to the target eNB.

8.   The target eNB establishes bearer resources, including radio resources, for the UE. It then returns a HO Request Ack message to the MME confirming the handover preparation. The HO Request Ack message is then forwarded to the CS Proxy. 

9.   The CS Proxy sends a Handover Preparation Request Confirm message to the VCC Application.

10. The VCC sends a MAP Prepare Handover response message to the Source MSC using the CS Proxy to forward this message.

11. The Source MSC sends a HO Command message to the BSS which forwards it to the UE. This command requests the UE to move from the 2G CS domain to the E-UTRAN domain by retuning to the target radio network.

12.  The radio bearer is established between the UE and the target eNB.

13. The eNB informs the MME about handover completion.

14. The MME forwards the Handover Complete message to the CS Proxy, which sends the message to the VCC Application.

15. When Handover Complete is received, the VCC Application sends a SIP INVITE message to the UE to begin re-establishing an access leg over the SAE/LTE domain.

16. The UE responds to the SIP INVITE message with a SIP 200 OK.

17. The VCC Application returns a SIP ACK message to complete the setup of the SIP session on the target access leg in the SAE/LTE domain.

18. The VCC Application sends a SIP re-INVITE message to the MGCF/MGW serving the CS/PSTN remote party. The MGCF instructs the MGW to update a termination toward the access leg of the SAE/LTE domain established in step 17, and to release the termination for the access leg of the 2G CS domain.

19. The MGCF sends a SIP 200 OK message to the VCC Application. This establishes a new access leg between the VCC Application and the SAE/LTE domain with the appropriate user plane resources in place between the IMS MGW and the UE.

20. The VCC Application sends a MAP Send End Signal response message to the MSC using the CS Proxy to forward this message. This releases the MAP resources in the MSC.

21. When the MAP Send End Signal response is received, the MSC will send a CLR Command message to the BSS to release the old radio resources in the BSS.

22. The VCC Application sends a SIP BYE message to the IMS MGCF/MGW terminating the 2G CS domain connection to the MSC.

23.  The IMS MGCF sends an ISUP Release message to release the circuit connection to the MSC.
*** End of changes *** 
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