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Discussion on GERAN impact of rSRVCC
1.
Introduction

A new WI of GERAN aspects of single Radio Voice Call Continuity from UTRAN/GERAN to E-UTRAN/HSPA (rSRVCC) [1] is agreed at GERAN #51 under the condition that SA umbrella WI is approved at SA #54. The purpose is to complete the corresponding GERAN working.

This contribution provides latest SA2 WI progress and GERAN impact analysis, in order to have a common understanding and a way forward for the GERAN work.

2
Analysis on GERAN impacts
According to the TR 23.885 [2], some new behaviors of MS and BSS need to be introduced in order to support rSRVCC procedure. The impacts to GERAN are analyzed and corresponding way forwards are proposed in this section.
2.1
MS enhanced for rSRVCC
2.1.1
Identification of serving PS node

According to the section 8.5 in TR23.885, it states the message flow in sub-clause 6.3.3.9.2 is recommended for standardization, that is:
“UE packs one of the following information into rSRVCC IE, which can be used by the MSC to locate source SGSN / old MME:

a.
RAI, P-TMSI, and P-TMSI signature if serving PS node is in UTRAN network.

b.
RAI and TLLI if serving PS node is in GERAN network.

c.
GUTTI if serving PS node is in E-UTRAN network.

UE reports rSRVCC IE to RNC/BSC when it is involved in CS call establishment (including CS MO/MT, CS handover, and SRVCC cases).”

Proposal 1: In order to align with the SA conclusion, it is proposed to send serving PS node information within the rSRVCC IE, and this new IE would be presented in ASSIGNMENT COMPLETE message and HANDOVER COMPLETE messages.

2.1.2
Notify the MS of the IP/port and codec allocated by ATGW
The MS needs to know the allocated media IP/ports for UL direction and codec for voice which would be used after rSRVCC handover.
According to the section 6.3.3.7.5 in TR23.885, the step 8 in call flow states 

“MSC Server sends HO COMMAND to the RAN, possibly via the target MSC, and the RAN send HO command to UE, indicating CS to PS handover. The MSC Server also includes in that message the IP address/ports and selected codec for the ATGW.”

So SA2’s decision is to include IP/port and codec information in the handover command which is sent from BSS to the MS. 
Proposal 2: In order to align with the SA conclusion, it is proposed to include allocated media IP/ports for UL direction and codec for voice in the HO COMMAND message when triggering MS to perform an rSRVCC handover.
2.2
BSS enhanced for rSRVCC

2.2.1
Notify the BSS of rSRVCC operation possible indication.
Before BSS initiates the rSRVCC handover, BSS should get to know whether rSRVCC handover is supported and allowed by the network.
According to the CR S2-114932 [3], the SA2 is going to agree,

“The MSC Server informs the RAN about the possibility to perform CS to PS SRVCC by sending an “CS to PS SRVCC operation possible” to the RNC/BSC. The RAN uses that information for deciding the cells for which the UE reports measurements that lead to handover request to the core network.”
Proposal 3: It is proposed to introduce a new IE for indicating whether rSRVCC handover can be triggered in the ASSIGNMENT REQUEST and HANDOVER REQUEST messages.
2.2.2
Notify the rSRVCC handover indication to the MSC
BSS needs to send an rSRVCC handover indicator for indicating the required handover is an rSRVCC handover to the MSC.

Proposal 4: It is proposed to include rSRVCC IE in the HANDOVER REQUIRD message for rSRVCC handover.

2.2.3
Non-DTM handover procedure applies for DTM handover

It was agreed in SA2#87 meeting that non-DTM or PS idle mode handover procedure is used for both DTM handover and non-DTM handover [4]. 

This conclusion impacts the BSS behavior in the rSRVCC handover Preparation procedure, that is for a rSRVCC handover procedure the BSS shall send HANDOVER REQUIRED message to the MSC only and will not send the HANDOVER REQUIRED message to the SGSN regardless the handover is CS only or CS + PS multi-call.

Proposal 5: It is proposed to take SA2’s decision that is once the BSS sends an rSRVCC handover request to the MSC, BSS shall not send PS HANDOVER REQUIRED message to the SGSN regardless DTM or non-DTM case.
Note: If the rSRVCC handover is performed successfully, both the CS and PS (if has) are released in the BSS.
3
Conclusion and Proposal

In this contribution, the impacts to MS and BSS are analyzed and the corresponding new behaviors of MS and BSS are proposed.

Proposal 1: It is proposed to send serving PS node information within the rSRVCC IE, and this IE would be presented in ASSIGNMENT COMPLETE message and HANDOVER COMPLETE messages.

Proposal 2: It is proposed to include allocated media IP/ports for UL direction and codec for voice in the HO COMMAND message when triggering MS to perform an rSRVCC handover.

Proposal 3: It is proposed to introduce a new IE for indicating whether rSRVCC handover can be triggered in the ASSIGNMENT REQUEST and HANDOVER REQUEST messages.

Proposal 4: It is proposed to include rSRVCC IE in the HANDOVER REQUIRD messages for rSRVCC handover.

Proposal 5: Once the BSS sends an rSRVCC handover request to the MSC, BSS shall not send PS HANDOVER REQUIRED message to the SGSN regardless DTM or non-DTM case.
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