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1. Introduction

The set of architectural requirements in the VCC TR 23.806 do not cover sufficiently two aspects: network optimisation and end user experience. 

For network optimisation, it is desirable from a network operator perspective to minimise signalling caused by voice calls undergoing service continuity. As such, it is desirable to have mechanisms in place such that excessive continuity between domains (IMS and CS) occur. 

From an end user experience perspective, the voice call quality should not deteriorate as a result of service continuity between domains. In order to achieve this, the number of transcoding stages should be minimised. Also the legacy CS services should continue to operate in the CS domain when the UE is attached to the CS domain, irrespective of whether service continuity occurs or not. 
Therefore 3 new requirements are proposed to be added as found below.

Also one duplicated requirement is removed.

2. Proposal

It is proposed that the below changes are discussed and approved as changes to the VCC TR 23.806.

5.2
Architectural Requirements

-
It shall provide voice call continuity when the user is moving between GSM/UMTS CS Domain and IMS, even in the case that the VMSC is not in the HPLMN
-
It shall be possible to perform correlation of charging that is performed in GSM/UMTS CS Domain and for the IMS session when service continuity between the domains is performed.  
This shall ensure consistent end-user charging.

-
While not in CS or IMS voice call, the UE shall be able to detect and automatically select the appropriate access Network (such as GSM/UMTS radio or IP Connectivity Access Network). The selection may be based, e.g., on operator policy for real-time voice service and user's preference.  

-
The architectural solution shall support a mechanism for selecting how to route the terminating voice to the UE; since it is possible for multiple devices to be registered to the IMS, terminating handling should allow for routing to multiple devices; including the CS device.

-
It shall be possible for a user to be reached via the same identity (i.e., MSISDN) in both IMS and GSM/UMTS CS Network. 


-
It shall be possible for UEs connected to the IMS to initiate or receive IMS session requests while a CS voice call is ongoing to a UE with the related MSISDN.  

-
It shall be possible for a UE to initiate/receive CS voice calls while a UE using a related Public User ID has IMS session(s) is ongoing.

-
Handoff should be provided such that from the end user's perspective minimal service disruption is perceived. Handoff procedure latency should be minimized.

-
In a CS voice call (respectively Voice call supported over the IP Connectivity Access), the UE shall be able to monitor IP Connectivity Access (respectively GERAN/UTRAN cells) for the purpose of radio mobility  

-
User preferences and operator preferences shall be taking into account when making decision for requesting a CS to IMS or IMS to CS transition
-
Excessive handoff between CS and IMS should be avoided (ping-ponging).
-
Voice call quality should be maintained. The number of transcoding stages introduced by the architecture should be considered.
-
Existing services provided in the CS domain (e.g. LCS, SMS) shall continue to work if CS attached.
