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Abstract: This paper gives an overview of a solution for performing SRVCC when the UE has received a call and this call is in the Alerting Phase in PS. This is based upon the call flows in Rel-10 TS 23.237.
Background
One of the pre-requisites for SRVCC is that the user has an ongoing IMS voice session
 in the PS access network work (LTE or HSPA) and that session is anchored at the SCC AS. If the SCC AS receives a transfer request from the MSC-Server for a voice session that has not yet been fully established, the SCC AS rejects the transfer request with a SIP 480 Temporary Unavailable response. Due to the use of pre-conditions in IMS, the dedicated bearer with QCI-1 will get allocated prior to the completion of the IMS session establishment. As the transport layer is not synchronised with the IMS session establishment, it just goes ahead and performs the handover to the target system, without the knowledge in advance that the session transfer has failed.

A number of phases have to be satisfied prior to the successful establishment of the call, including the transition from user alerting to the connection of the calling and called parties. The alerting phase in particular is governed by the destination user’s ability to respond within a period of time governed by the Call Forwarding No Reply Timer. This can be set to between 5-30 seconds. If SRVCC occurred any time within this Alerting period, the session would not be transferred, and this would result in a noticeable unsatisfactory user experience.

Considerations for the solution:

Figure 1 (next page) shows the high-level solution for one of the use cases for SRVCC when the UE is in Alerting Phase. In this particular example, the UE is receiving a call (rather than making a call). The call is currently being established, so a SIP state machine exists in the UE and SCC AS. However:

1. The MSC needs to know that that the original SIP dialog is in the Alerting state, so that it can set its CS state machine into a “Call Received” State. 

2. When the UE finally transitions to the CS domain and answers the call, the UE moves to the Active State and there is a need to synchronise the CS finite state machine in the UE with that in the MSC (state machine in the MSC moves from “Call Received” to “Active”)

3. The MSC needs to inform the SCC AS that the UE answered the call so that the 200-OK can be sent to the remote party.

The synchronisation of the CS state machine between the UE and the MSC (bullet 2 above), when it answers the call in CS is done by the UE sending the CS-Connect (as shown in the Stage 2 flows)
When the MSC receives the CS connect, assuming that the MSC is in the “Call Received” state, the sending of the notification to the SCC AS that the UE answered the call could be done using (for example) an XML body in a SIP INFO method (bullet 3 above).

However, for bullet 1 above, the synchronisation of the SIP-state machine between the SCC AS and the MSC server could be achieved in a number of ways. One way could be to use a SIP method in-dialog to indicate to the MSC that the SIP-state machine is in Alerting state (e.g. SIP INFO with XML body). However, the issue with this is that we closely couple the completion of the SIP dialog for the session transfer request with the user’s ability to answer the call (relying on Step 11 as the trigger for the SCC AS to finally send the 200-OK to the session transfer request). As the user can be in alerting state for up to 30 seconds, there could be a case where MSC-Server sent the session transfer request quite soon after the UE was alerted, but the user only answered the phone after 29.9 seconds.

We believe that it would be better to decouple the synchronisation of the SIP state machine from the session transfer request and prefer to use existing known SIP mechanisms out-of-dialog to synchronise SIP states. We believe that the MSC (on sending the session transfer request) could send a SIP SUBSCRIBE request to the dialog-event package. As the SIP-session is in the alerting-state, the SCC AS sends the “early” state to the MSC Server to trigger the MSC-Server to transition to the “Call Received” state.
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Figure 1: High Level overview of Stage 2 flows

The benefit of sending the SIP SUBSCRIBE request is that there is a chance during the start of the handover process that the UE answers the call in PS prior to receiving the handover command from the source eNB/NB. This is a race condition that can occur, but it can easily be alleviated because when the UE sends the 200-OK, the SCC AS is able to send a NOTIFY to the MSC-Server to indicate that the SIP-state machine is “confirmed”. The MSC transitions to the Active state assuming that the UE has performed the handover and is in Active State. This is shown diagrammatically in Figure 2. 
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Figure 2: Using SIP-SUBSCRIBE. User answers in PS
Figure 3 shows the call flow when the handover is successful and the UE answers in CS. 
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Figure 3: User hands over to CS and answers call in CS
Conclusion
We would like to discuss this solution of using SIP SUBSCRIBE to synchronise the SIP-state machine and ask CT1 to endorse this solution and Samsung is happy to bring the required flows and procedures to the next CT1 meeting. We would be happy to discuss other solutions for synchronising the state machines. 
We would also like to suggest the use of alternate mechanisms to try and prevent the race condition occurring where the UE has sent measurements to the source RAN for the source RAN to make the decision to initiate handover, but the UE answers the call in PS prior to the UE receiving the handover command from the source eNB/NB instructing the UE to retune to CS (GERAN/UTRAN).

· We would suggest that when the UE is in Alerting-Phase and the UE answers the call in PS, that the UE waits for a time slightly more than the time it takes for the SRVCC-handover to complete (e.g. 300-500ms). If the UE receives the handover command from the network within this time, the UE translates the SIP 200 (OK) that it would have sent over PS into a CS-connect when it finally hands over to CS. If the UE does not receive the handover command from the network within this time, it can be assumed that SRVCC is not in progress (UE likely to have performed a PS-PS handover) and the SIP 200 (OK) can be sent over PS.  

� By ongoing voice session, it is meant that there is a SIP dialog established, i.e. where a SIP 2xx response has been sent for that dialog.
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