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Abstract of the contribution: This contribution updates the requirements after the conclusion of the eSRVCC release 10 study. 
Proposal

A requirement in the TR says that the impacts of the rSRVCC solution on the SRVCC release 8 architecture should be minimized. This was written before the completion of the eSRVCC study, and therefore would need to be updated, to refer to release 10 instead.

Besides, it is proposed to add a new requirement to say that the solution chosen shall be work for calls that have been handed over from PS via SRVCC no matter which SRVCC release 10 procedure applied:

· ATCF with media anchored in the ATGW

· ATCF without media anchored in the ATGW
· ATCF not included at registration or no ATCF (i.e. SRVCC release 9 architecture)
First Change
4.2

Architectural requirements 

-
The rSRVCC solution shall not require UE with multiple RATs capability to simultaneously signal on two different RATs.

-
Impact on user service quality experience, e.g. QoS, call drop, interruption time, should be minimized.
-
Overall duration of the 3GPP UTRAN/GERAN CS access to 3GPP E-UTRAN/HSPA access handover procedure shall be minimized.
-
RAT/domain selection change shall be network initiated and under network control. 
- 
In case where the UE has disabled its E-UTRAN capability due to mismatch with the voice capabilities of the network, it shall be able for the UE to re-enable its E-UTRAN capability.
-
It shall be possible to restrict RAT/domain selection change to specific access systems and specific subscribers, depending on operator policies (for example restrict handover of voice calls from UTRAN/GERAN CS access to PS domain)and capabilities of the network and the UE, and these shall be network initiated and under network control .

-
In roaming cases, the VPLMN shall be able to control the RAT/domain selection change while taking into account any related HPLMN policies. In particular, the HPLMN shall be able to restrict handover to PS domain for a given VPLMN.
Editor's Note: How/whether the above requirement can be met is FFS.

-
E-UTRAN shall not be required to convert any CS specific RAB information for rSRVCC operation. 

-
Handovers from UTRAN/GERAN CS access to E-UTRAN/HSPA for voice call initiated in LTE and previously handed over to UTRAN/GERAN CS access as well as for voice calls directly initiated in UTRAN/GERAN CS access shall be supported, provided that the calls have been anchored in IMS at the time of their establishment (for example in the case of voice calls directly initiated in UTRAN/GERAN CS access the MSC Server has been enhanced for ICS).
-
The signalling to the HPLMN for inter-domain handover in the VPLMN should be minimized.

-
Impacts to Rel-10 SRVCC mechanisms shall be minimized.
- 
For calls that have been handed over from PS via SRVCC, provided that the UE and the network support rSRVCC procedures, rSRVCC should be possible no matter which SRVCC release 10 procedure applied:
· ATCF with media anchored in the ATGW
· ATCF without media anchored in the ATGW
· ATCF not included at registration or no ATCF (i.e. SRVCC release 9 architecture) 
NOTE 1: In some of the aforementioned scenarios, the performance requirements might not always be possible to fulfill.
-
In case of active PS bearer(s) on UTRAN/GERAN, PS bearer handover to E-UTRAN/HSPA shall be handled as specified in TS 23.401[5] in conjunction with SRVCC to E-UTRAN/HSPA as specified in TS 23.216 [7]. The rSRVCC solution shall not impact the PS bearer handover.
-
The solution shall be applicable to networks where UTRAN/GERAN PS domain cannot provide IMS voice service. 
-
After transfer from UTRAN/GERAN CS domain to E-UTRAN/HSPA PS-domain, it shall support moving the session back to UTRAN/GERAN CS domain..

-
The solution shall support the MSC to initiate reverse SRVCC due to traffic reasons (e.g., for capacity reason, re-enabling high speed broadband access when LTE is available)

-
The solution shall support the UE to return to the source BSS/RAN when HO failed and shall not cause any audible disruption on the voice call.
End Change
