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Abstract of the contribution:

Discussion on enhancements to the VCC architecture to support short interruption time for continuity of voice calls from LTE/SAE PS access to 2G/3G CS domain access
Introduction

SA2 currently specifies an architecture, which enables continuity of voice calls between PS and CS access domain (see TS 23.206, Voice Call Continuity between CS and IMS). Short interruption times are reached by having the VCC UE pre-establish a new call/session in the target domain, while the voice call/session is still going on in the source domain. For single radio terminals, which are not able to send/receive in source and target access domain simultaneously, no solution satisfying the requirement for short interruption time will be provided.
In the following a solution for VCC for single radio terminals moving from LTE/SAE PS access to 2G/3G CS access with short interruption time is discussed. Using the principles of Centralized Service Control in IMS, the solution provides a CS-IMS mobility interworking function that executes legacy Handover procedures towards the CS domain and VCC Domain Transfer procedures toward IMS for enablement of seamless transfer of calls from IMS to CS Domain when dual registration in CS domain and IMS is not possible.    
Discussion

This solution assumes the Centralized Service model, whereby the call control along with all the services is centrally controlled in the IMS; i.e. the call control signalling is tunnelled towards the VCC application which presents SIP User Agent behaviour towards the IMS on behalf of the UE; the user session established via CS access is thereby processed as a standard IMS session.
Procedure:

The VCC UE initiates an IMS session, which is anchored in the VCC Application (more specifically the Domain Transfer Function (DTF)), as specified in TS 23.206.
When the VCC UE determines conditions indicating the need for a VCC procedure (e.g. an indication from the current RAT), it requests the start of the handover procedure by sending a SIP message (e.g. NOTIFY) to the VCC Application (more specifically the Domain Transfer Function (DTF)). The VCC Application (more specifically the CS Adaptation Function (CSAF)) initiates the legacy handover procedure towards the VMSC, preparing the transferred-to call leg in the CS domain; the CSAF also establishes a CS transfer leg toward IMS on behalf of the user according to Domain Transfer procedures specified in TS 23.206.Then the VCC Application (more specifically the Domain Transfer Function (DTF)) sends a SIP message (e.g. NOTIFY) to the UE, requesting to perform the handover to the CS domain. The UE performs the radio switch from PS to CS. When the handover is completed, the VMSC informs the VCC Application. After the transfer, the call control is tunnelled via the CS domain using techniques which are to be studied by Centralized Service Control.
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