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Background

IMS defines functionality called Session Continuity; this is where by a UE can move a session such as voice from CS to IMS or IMS to CS or PS to PS.  This is achieved by using IMS signalling when it is available or CAMEL procedures.  The later is used when Dual Transfer Mode (DTM) is not available in the GERAN network.  If DTM becomes available, due to either GERAN system now having DTM, it’s a UTRAN network or an IP bearer is available  Gm reference point may be added to the session to allow control of the session.  This requires that the network correlate the incoming request to add Gm to the already ongoing session.
Discussion
IMS Service Continuity allows a Call to start on traditional circuit switched side without any Gm service signalling being available.  The reason being is that the UE and or network is not DTM capable e.g. GERAN network.  Subsequently Gm needs to be added to the session either because DTM became available or UE handover into a network that supports simultaneous voice and data e.g. UTRAN, WLAN, WiMax, LTE etc.  When Gm is added there is need to associate the Gm registration with the ongoing CS call that has been anchored in IMS.

The problem is how do you know that the incoming registration is from the same UE that the ongoing session is for when you have an implicit registration set (IRS) that contains the MSISDN of the UE and this IRS can be shared across multiple UE's (this is identified in 3GPP TS 24.237 section 12.3.1).
	12.3.1
SCC AS procedures for PS to CS session continuity, SR-VCC

The SCC AS needs to distinguish between the following SIP INVITE requests to provide specific functionality for SR-VCC:

-
SIP INVITE request routed to the SCC AS due to a STN-SR belonging to the subscribed user in the Request-URI. These SIP INVITE requests originate from the MSC server and are used for CS bearer request as described in subclause 7.4.2.1 in 3GPP TS 24.292 [4]. In the procedures below, such requests are known as "SIP INVITE requests due to STN-SR".

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio indicate a CS bearer. In the procedures below, such requests are known as "SIP re-INVITE requests adding ICS control".

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio indicate the port set to "0". In the procedures below, such requests are known as "SIP re-INVITE requests for non-ICS control".

When the SCC AS receives a SIP INVITE request due to STN-SR on the Target Access Leg, the SCC AS shall follow the PS-CS session continuity procedures specified in subclause 9.3.2 for the session with active full-duplex speech component that was most recently made active. However, the SCC AS does not initiate release for Source Access Leg.

Editor's Note: It is FFS how the SCC AS correlates the SIP INVITE request due to STN-SR with the ongoing session. Usage of procedures in subclause 9.3.2 requires further study.



Hence any number of UEs could register with the same public user identity and the network does not know if the UE was the one with the ongoing session.  A user case is illustrated below.
The use case is.

UE A – MSISDN A

UE B – MSISDN B

IRS

SIP URI A, Tel URI=MSISDN A

SIP URI B, Tel UR=MSISDN B

IMS specifications state that all identities must be in the IRS.

Nortel presented a good paper on the problem of identities outside of the IRS in S2-08wxyz.

So problem is UE A is on CS and makes a call.  CAMEL procedures and or ISUP provide the MSISDN A to the SCC AS which anchors the call.  The identity of the call is known by MSISDN A.

UE B performs an IMS registration using SIP URI B, this causes the IRS to be downloaded to the S-CSCF that is then transferred to the SCC AS.  In the IRS is MSISDN A and MSISDN B.  The SCC AS now needs to know if the registration received is for the current ongoing call or from another UE.

Proposal
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1. UE originated a call to the MSC per 3GPP TS 24.008 procedures

2. Per 3GPP TS 23.237/292 the MSC using CAMEL procedures creates an initialDP message and sends it including MSISDN to the CAMEL server which in this example is shown as the SCC AS.
3. The IMRN is sent back.
4. MSC sends an ISUP to the IMS subsystem, for the purpose of the diagram the intermediate box's are removed and the line goes straight to the I/S-CSCF with the R-URI as the IMRN per TS 23.292 procedures.
5. Then per TS 23.228 procedures PSI are invoked which results in the application server with the IMRN being selected.
6. The incoming SIP INVITE is correlated with the information stored in 2) and results in call being sent to subscriber B.  The SCC AS then retrieves the IMS private identity associated with MSISDN over Sh interface. The IMS private identity is then bound with the session that is being created.
7. S-CSCF forwards to call to subscriber B
8. Ongoing session now exists between UE A and UE B

9. Gm is added and the UE performs registration procedure per  3GPP TS 24.229 and includes its IMS private identity.

10. Further Registration procedures are then executed.
11. The SCC AS is provided with registration information per 3GPP TS 24.229 including the IMS private identity of the UE / SIP UA registering. As part of this procedure when the SCC AS receives the IMS private identity it performs a look up for any ongoing sessions e.g. CS session instance etc to see if there is an IMS private identity associated with any.  If yes this ongoing session e.g. CS session instance etc is associated with this registration (GM reference point addition) by binding all the identities associated with that Registration e.g. Contact Header, GRUU etc with the ongoing session.  
Any subsequent INVITEs etc that come from the contact address and or GRUU can then be associated with the ongoing session in 8).  One example that the SCC will be interested in is receiving a SIP INVITE per TS 23.237 that identifies that session continuity is to be invoked.
Recommendation
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