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1. 
Introduction
This contribution discusses the functional overlap of Single Radio VCC and CSoPS, and proposes to use a combination of CSoPS and Rel-7 VCC to fulfil the SRVCC requirements.
2.
Discussion 
2.1
Current status on SRVCC and CSoPS
SRVCC, as described in TR 23.882 [1] section 7.19.1, intends to achieve voice service continuity between IMS over EPS and the CS domain, i.e. the handover between the VoIP bearer controlled by IMS over LTE/SAE and a voice call over CS access. Currently, 7 alternatives plus two variants are described, and it seems difficult to reach a compromise regarding the preferred alternative as a way forward in the timeframe of Rel-8, since these solutions are quite different from each other with very different impacts and performance. Furthermore, most alternatives are not complete: several FFSs are yet to be resolved, bringing even more work for the comparison and evaluation, which would result in further delay.
Similar to IMS, the CSoPS study item described in TR 23.879 [2] is looking at providing VoIP service over  EPS to the user, by having the UE accessing an MSC (evolved MSC or legacy MSC) over EPS. With this framework, all legacy CS services and features could be re-used, including CS handover; i.e. voice handover from EPS CSoPS to 2G/3G CS is done by an inter-MSC handover. This solution should solve the issue of CS handover from EPS to 2G/3G CS, and if it is finished in the Rel-8 timeframe it could be regarded as a potential voice continuity solution for early EPS without requiring IMS deployment for voice telephony services.
2.2
SR VCC solution re-using CSoPS
If IMS for voice telephony over EPS is deployed, the CSoPS solution can be re-used in combination with Rel 7 VCC to provide SRVCC, i.e., providing handover between IMS VoIP over LTE/SAE and the 2G/3G CS. The figure 2-1 below illustrates how this combination solution could work (the eMSC solution is taken as a basis in the following description, although the principles are also applicable to the Iu-CS based solution).
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Figure 2-1 combination of eMSC and Rel 7 VCC DT for SRVCC 
The EUTRAN coverage is represented by the coloured area (orange and blue), with the orange area representing the border of the EUTRAN coverage, a Buffer Zone to be used as a "changing room" for the EPS <-> CS HO, whereas the blank area is representing 2G/3G coverage. When a UE with an active IMS VoIP session moves from EUTRAN to 2G/3G coverage, a Rel 7 VCC DT procedure can be performed, followed by an inter-MSC HO to handover the CSoPS VoIP to 2G/3G CS voice. That means when the UE moves to the buffer zone, the UE performs a CS registration over the EPS using the CSoPS feature (TR 23.879[2]). The UE is then CS-registered and IMS registered. A Rel-7 VCC can then be performed to handover the IMS VoIP to eMSC-based CS voice. Then, when losing EUTRAN coverage, an inter-MSC HO would be performed to handover the EPS CSoPS voice to 2G/3G CS.

The procedure can be summarized as the following:

-
IMS VoIP over LTE/SAE ----(Rel-7 VCC DT)----> CSoPS VoIP over EPS ----(eMSC based inter-MSC HO)----> 2G/3G CS
-
2G/3G CS ----(eMSC based inter-MSC HO) ----> CSoPS VoIP over EPS ----( Rel-7 VCC DT) ----> IMS VoIP over EPS
In this solution, a potential issue is how the UE would know when it reaches the buffer zone where the interim handover hop should be triggered. Some possible hints to the solution could be that the eNodeBs serving the buffer zone would send an indication to the UE, or that the eNodeBs serving the buffer zone would have an additional IE to the SIB configuration and the UE would then receive the broadcast information when it enters the buffer zone.
In general, the trigger issue is a common issue which also has to be solved for the EUTRAN and CDMA2000 PS handover (as agreed S2-073872[3] and S2-073873[4] in the SA2 #59 Helsinki meeting). The same solution as the EUTRAN <-> CDMA2000 HO could then be reused.
2.3
Voice service continuity between CDMA2000 and LTE
In the SA2 #58 Orlando meeting, S2-073106 [5] agreed to add a new key issue “Voice service continuity between cdma2000 1xRTT Revision A and E-UTRA” to the section 7.22 of TR 23.882 [1]. The intent of this clause is to study alternative solutions for Service continuity between IMS over EPS/E-UTRAN and CS domain over CDMA2000, i.e., the voice handover between IMS VoIP over SAE/LTE and the CDMA2000 CS. The requirement is similar to the SRVCC, so it should be also possible to use a combination of eMSC-like node (the selected eMSC solution may need some adaptation to apply to CDMA2000) and Rel 7 VCC to solve this open issue. 
3.
Proposal
The discussion above shows how CSoPS architecture in combination with Rel-7 VCC is able to provide a full SR VCC solution for IMS VoIP to 2G/3G CS handover. This would allow to have one common, interoperable architecture covering all possible migration scenarios for voice services over EPS, being fully interworked with voice services over legacy CS accesses:
· Operators deploying in an initial phase EPS without IMS support for voice telephony could use CSoPS as a voice solution, and would be able to leverage their CSoPS infrastructure by combining it with Rel-7 VCC as a solution for SRVCC when they deploy IMS for telephony. 
· Operators having deployed IMS when EPS is introduced would also have a full SRVCC solution with the combination of Rel 7 VCC and CSoPS.
· Roaming between operators offering voice services controlled by IMS and operators offering voice services controlled by CSoPS could be supported.
Thus, the supporting companies would like to propose to take the following principles as the way forward for SRVCC, also as a potential solution for Voice service continuity between CDMA2000 and LTE:

1. CSoPS study should conclude to standardize an architecture capable of providing CSoPS VoIP with handover to 2G/3G CS voice, and standardization work should be completed in the Rel 8 timeframe. 
2. The SRVCC solution should be based on the combination of the selected CSoPS alternative and the existing Rel 7 VCC, completing the work in Rel-8 as well.
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