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1 Introduction

In SA meeting #27, the work item “Voice call continuity between CS and IMS (incl. I-WLAN)” was approved. This contribution proposes text to be included in the Architectural Alternatives section of the new TR 23.8bc.

2 Discussion

This paper discusses alternative architectures for supporting voice call continuity from the IMS domain to the CS domains.

6.x  Service Continuity Model: IMS to CS Voice Call Continuity – MS assisted
6.x.1
General Description

In this approach, there is a voice anchor point within the IMS domain to handle the call leg toward the MS via the CS domain. 

After the handoff
/transition is completed, Leg C would have replaced leg B as shown in the figure below.
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Figure 1. IMS to CS Voice Call Continuity – Anchoring model (high level view)

There are two approaches described here, one as static anchoring and the other as dynamic anchoring. Static anchoring means an AS will always be involved in every IMS call, acting as a B2BUA. Dynamic anchoring means the AS will only be involved when voice continuity to CS domain is needed.

6.x.6
Handover Scenarios

6.x.6.3 
IMS UE to IMS UE 

6.x.6.3.1
Static Anchoring Model

The call flow to accomplish the Static Anchoring Model is illustrated below.
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Figure 2. Call flow for IMS to CS Voice Call Continuity – Static Anchoring Model

1. The MS registers and attaches to the CS domain

2. To start the new leg (Leg C) the MS initiates a call in the CS domain. The address used is the TRNims uniquely identifying the call as a handoff call.

3. The Serving MSC adds the CgPN = MSISDN to the IAM and forwards the call to MGCF2 (depending on the actual network configuration, the IAM might transit the G-MSC). 

4. MGCF2 (or an I-CSCF/S-CSCF which are not shown, but which might have been contacted by MGCF) interrogates ENUM database and converts the TRNims to a sip:uri Public Service Identifier (PSI). The information from the CgPN is copied in the P-Asserted ID SIP header

5. By performing normal SIP routing procedures the INVITE is send to an AS hosting the hand-off service, identified by the PSI. 

6. The AS detects the handoff case, performs ENUM conversion on the MSISDN, then establishes a third dialog.

7. The AS sends a 200 OK establishing the third dialog.

8. The S-CSCF forwards the 200 OK to MGCF2 

9. MGCF2 sends an ANM to the V_MSC.

10. Voice path is through connected, but no voice is yet transmitted from the CS part of the client. The IMS part of the client is the one receiving/transmitting voice at this moment.

11 MGCF2 sends an ACK confirming the Dialog 3 establishment

12. On reception of ACK, AS changes Dialog 1, by sending an UPDATE that informs MGCF1 to start sending/receiving media from MGW2 (associated with MGCF2)

13. The client which is aware of the hand-off situation, starts using the CS bearers for sending/receiving the voice

14. MGCF1 confirms the update. At this moment voice is connected between MGW1 and MGW2

15. At the same time as 12, AS releases the Dialog 2, towards the IMS client, by sending a BYE.

16. On the reception of BYE, the client responds with a 200 OK and releasing Dialog 2

Note that step 16 may not be fully completed if the IMS coverage is lost, but that should not impact the robustness of the procedure. The client design should be built with that assumption in mind.

6.x.6.3.1
Dynamic Anchoring Model

The call flow to accomplish the Dynamic Anchoring Model is illustrated below.

[image: image3.wmf]UE A

MSC

MGCF

CSCF

AS

CSCF

UE B

2. CS attach

3. INVITE (HO_nbr)

4. INVITE (HO_nbr)

5. OK

6. OK

7. SETUP (HO_nbr)

8. IAM (HO_nbr)

10. INVITE (HO_nbr)

11. INVITE (HO_nbr)

12. OK

13. OK

15. ANM

16. CONNECT

1. Ongoing call with UE B in IMS domain

User A’s IMS Domain

User B’s IMS Domain

17. REFER (Refer

-

to: UE_B)

18. REFER (Refer

-

to: UE_B)

21. INVITE (Replaces:)

19. Accepted

20. Accepted

22. INVITE (Replaces:)

23. OK

24. OK

25. BYE

28. OK

26. BYE

27. OK

User A’s (visited) CS Domain

9. MGCF reserves media 

termination point in IM

-

MGW for CS side

14. MGCF reserves media 

termination point in IM

-

MGW for IMS side


Figure 3. Call flow for IMS to CS Voice Call Continuity – Dynamic Anchoring Model

1.
UE A in IMS domain has an ongoing voice session with UE B in IMS domain.

2.
UE A compares the cellular and WLAN radio coverages, and decides to perform a handover. UE A performs a CS Attach procedure.

3.
UE A sends an INVITE request towards a provisioned E.164 Handover number (HO_nbr) that points to the Application Server. The Handover number may be pre-provisioned during registration or it may be learned during IMS registration procedures.

4.
S-CSCF of UE A forwards the request towards the Application Server based on the Request-URI.

5.
AS acknowledges the session establishment.

6.
Acknowledgement is forwarded to UE A

7.
UE A initiates a normal CS call to the Handover number. 

8.
The Visited MSC routes the call towards the IMS domain via MGCF using normal CS-IMS interworking procedures.

9.
MGCF reserves a media termination point for the CS side.

10.
MGCF creates a INVITE request and sends it towards the AS.

11.
S-CSCF forwards the INVITE towards the AS based in the Request-URI.

12.
OK response to the INVITE is forwarded towards the S-CSCF.

13.
OK response to the INVITE is forwarded towards the MGFC.

14.
MGCF reserves a media termination point in the IM-MGW for the IMS side of the call.

15.
MGCF responds with ANM to the Visited MSC.

16.
CONNECT response is forwarded to the UE

17.
UE A creates a REFER request that instructs the AS to invite UE B to the handover call.

18.
S-CSCF forwards the request towards the AS.

19.
AS acknowledges the REFER request.

20.
Acknowledgement is forwarded to UE A.

21.
AS invites UE B to the handover call. The INVITE request has a Replaces header that instructs the UE B to replace the ongoing call with UE A with the new call.

22.
S-CSCF of UE B forwards the request to UE B.

23.
UE B sends an OK reply to the AS. UE B modifies the ongoing session with UE A so that the media is now routed towards the MGW.

24.
S-CSCF of UE B forwards the OK to the AS.

25. UE A releases the ongoing call with UE B.

6.x.7
Evaluation of the models

For Static Anchoring Method, the MS initiates the setup of the leg C in order to minimize the interruption in the voice call, due to paging or traffic channel setup times, while the IMS domain is in control of the handoff process.

Hence, an AS will be involved in every IMS call, acting as a B2BUA. Before the hand-off occurs the AS controls two SIP dialogs:


1. Dialog1 - MGCF1 to AS


2. Dialog2 - AS to the terminal (IMS client)

The entire handoff procedure should take around 1.3 seconds including the speech switch over.

It is to be noted that even if the IMS coverage is lost during the time it takes to establish the circuit switched leg of the call (Leg C), only one of the IMS legs will be lost for a very brief period < 1.3 seconds.

That brief period is insignificant to the extent that the switch over to the CS will be completed before the end user (at the remote end) perceives any interruption.

For Dynamic Anchoring Model, this alternative is similar to Static Anchoring model with the exception that there is no AS linked in the call at the beginning of the call. The AS is linked in dynamically only when a handoff is required, and is achieved by sending an INVITE to the AS. 

Once the AS takes over the handoff process, and if the IMS coverage is lost thereafter during the time it takes to establish the circuit switched leg of the call (Leg C), only one of the IMS legs will be lost for a very brief period <1.3 seconds.

That brief period is insignificant to the extent that the switch over to the CS will be completed before the end user (at the remote end) perceives any interruption.

The switch over and the usage of the CS leg of the call (Leg C) is independent from the clearing of the IMS leg of the call (Leg B) which would not be graceful. The client design should be as such that the switch over to the CS will occur regardless if the IMS leg is gracefully terminated or not due to coverage problems)  

Note that if the IMS coverage is lost before the AS takes over then the call will be lost, and the handoff procedure will fail.

This will happen if the INVITE, or the ACK never makes it to the AS. This is a key difference from Static Anchoring Model, which of course required an anchor point at all times.

3 Conclusion and Proposal

It is recommended to include the above alternatives in the appropriate sections of the TR.

� In this document we use the terms handoff, handover and transition synonymously
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