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Discussion
At SA2 meeting #63, it was agreed in S2-081750 [1] for " Voice call continuity between IMS over SAE/LTE access and CS domain over GERAN/UTRAN access" that " the Stage 2 specification work should focus on the Alternative D/F in the variant with Mg reference point described in clause 7.19.1.9 with the following clarification: the "PS bearer splitting function" described in 7.19.1.9 is located at the MME."

In TR 23.882 [2], clause 7.19.1.2 "General aspects", the different scenarios to be considered for SR-VCC are summarized in the following table:

	Scenario
	Source or Target cell (PS)
	Target or Source cell (CS)
	Assumptions on deployment
	Possible

Solutions

	1
	LTE
	3G
	3G: VoIP optimisations supported
	PS-PS

	2
	LTE
	3G
	3G: VoIP optimisations not supported
	C-VCC, D/F

	3
	LTE
	2G
	2G: VoIP optimisations supported; PS Handover supported
	PS-PS

	4
	LTE
	2G
	2G: VoIP optimisations not supported; PS Handover supported
	IDHO, D/F

	5
	LTE
	2G
	2G: VoIP optimisations not supported; PS Handover not supported
	D/F

	6
	3G
	3G 
	
	

	7
	3G
	2G
	2G: VoIP optimisations supported; PS Handover supported
	

	8
	3G
	2G
	2G: VoIP optimisations not supported; PS Handover supported
	

	9
	3G
	2G
	2G: VoIP optimisations not supported; PS Handover not supported
	

	10
	2G
	2G
	
	

	NOTE: Scenarios 6,7,8,9 assume VoIP optimisations are supported in 3G

NOTE: Scenarios 10 assumes VoIP optimisations are supported in 2G


Inter-RAT PS handover alone satisfies the voice call continuity requirements between LTE and UTRAN/GERAN PS when VoIP enhancements are supported in 3G/2G, i.e. scenarios 1 and 3.

When VoIP optimizations (e.g. HSPA in UTRAN, and RED/HOT
, HUGE
 in GERAN) are not supported, even in scenarios 2 and 4 where PS handover is supported, it is not possible to use inter-RAT PS handover alone because it is not acceptable to use VoIP for a long time without these optimizations. Agreed alternative D/F satisfies voice call continuity between PS and CS domains for LTE-3G/2G scenarios 2, 4 and 5 where VoIP optimizations are not supported in 3G/2G. 
Therefore, all scenarios between LTE and 3G/2G are covered by Inter-RAT PS handover and Alternative D/F solutions.
At SA2#63 meeting, another proposal (Inter-Domain Handover IDHO) was submitted in S2-081282 [3] based on Combinational VCC alternative where the Inter-RAT PS handover procedure is used and one VoIP bearer is established temporarily during the handover phase. A pre-requisite with 2G is that the GERAN and the UE support PS HO and DTM, and therefore is applicable to scenarios 2 and 4, but not scenario 5. 

Since Alternative D/F is required to cover scenario 5, and that it also covers scenarios 2 and 4, the introduction of Combinational VCC does not bring any additional benefits.
Moreover there are constraints and performance issues with the Inter-Domain Handover alternative:

· GERAN and 2G-SGSN must be upgraded to support Inter-RAT PS handover;

· GERAN and UE must support DTM capability;

· GERAN and UE must support VoIP (even if not optimized) since the voice flow should be carried on GERAN PS resources during the VCC Session Transfer;

· GERAN RRM needs to be able to allocate CS and PS resources according to the MS “DTM multislot Capabilities”

· GERAN and UE need to support one CS speech bearer in parallel to one VoIP bearer during the execution of the Domain Transfer procedure. This requires one TCH for the CS voice leg, and 2 PDCH for mixed VoIP and IMS signalling. In principle, the DTM multislot classes 32 and 33 allow to support 3+3 radio configuration (1 TCH + 2 PDCH) per direction. However:
- this requires EDA (Extended Dynamic Allocation) to get 3 radio timeslots in UL;
- this requires to allocate 3 consecutive timeslots in UL and in DL, which is difficult to find as soon as the cell is shared with other users; this will likely imply a high failure ratio, and this seems to be an important issue.

· The target GERAN BSS cannot know for sure if the ongoing voice call in LTE is anchored and therefore cannot know if this call can be transferred to the CS domain. It is possible for the BSS to allocate also CS resources to the UE during the inter-RAT PS handover, when the voice call cannot be transferred to CS domain. So, the system reserves resources that cannot be used and need to be released by the UE.
NOTE: the points listed above refer to the Inter-domain HO procedure in particular, or in general to C-VCC solutions when applied for SRVCC between EUTRAN and GERAN. They do not apply to C-VCC solutions when applied for SRVCC between EUTRAN and UTRAN.
Proposal

Considering that:
· alternative D/F covers more scenarios than IDHO Combinational VCC alternative;
· the decision agreed in S2-081750 [1] is that Stage 2 specification work should focus on the Alternative D/F;

· IDHO Combinational VCC requires the support of DTM, inter-RAT PS handover, VoIP (not optimized) support, Extended Dynamic Allocation and has impacts to UE, GERAN and SGSN;
· the failure ratio with IDHO Combinational VCC may be high, due to the difficulty to find 3+3 consecutive timeslots;

· there are no clear performance benefits of IDHO as compared with Alternative D/F;

it is proposed to restrict the solutions for scenarios 2, 4 and 5 of the table in clause 7.19.1.2 of TR 23.882 [2] to the Alternative D/F. 
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