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1. Overall Description:

SA WG2 thanks RAN WG2 for their LS on HSPA VoIP to WCDMA/GSM CS continuity. SA WG2 has discussed the topic with regards to RAN WG2 questions related to tdoc R2-082474 that was attached with the LS.

Question 1 reminder: RAN2 has discussed some solutions, at RAN2#61bis and RAN2#62, which are based on the multi-RAB capability of UMTS system (see attached document in R2-082474). The baseline solution assumes that the UE indicates to the RNC it is "HSPA VCC capable" as a UE capability during RRC connection setup. This capability would be based on IMS policy with regard to call anchoring: for this, UE should receive this policy during the IMS registration i.e. indication whether a voice call that is setup through IMS will be anchored or not.  If this UE capability is indicated by the UE, UTRAN would consider all HSPA VoIP calls as HSPA VCC capable. Question: Does CT1/SA2 foresee any problem in this assumption?
Answer to question 1:

SA WG2 agrees that, in most cases, the "HSPA SR-VCC capable" indication from the UE to UTRAN as a UE capability can be used by the UTRAN as an indication that the call is anchored at VCC application level. However, UE does not receive policy during IMS registration. Policy to the UE is updated via OMA Device Management framework There may be error cases where the policy in the UE is not up to date.
Question 2 reminder: Another enhancement of the baseline solution proposes that after successful NAS Service Request procedure, RNC intercepts CC:Setup message to defer the actual CS voice bearer setup. And only when the real HO is decided, RNC forwards the CC:Setup message to MSC. By doing this, the radio efficiency can be improved. Question: RAN 2 kindly asks whether the existing MSC can cope with this kind of scenario and what could be the impact to CN nodes in general.

Answer to question 2: 

R2-082474 alternative 3 (RNC-based SR-VCC with Call Setup buffering in UTRAN - figure 4 of the tdoc):

a) Breaks the AS-NAS separation principles as the UTRAN needs to decode the NAS CC SETUP in the Uplink Transfer message in order to intercept it. 

b) Significantly impacts the MSC: 

· Timers: The MSC runs a timer to track the receipt of Setup message followed by the CM Service Request; it releases the MM connection if the timer expires before the Setup is received. In order to ensure that the MSC timer does not expire while the Setup is buffered at the UTRAN, it is required to modify the MSC Server. 
· The statistics may be impacted as the call attempts are counted as soon as the Service Request is received by the MSC.

· When the VoIP call is released while no SR-VCC handover has been performed, how the buffered call is released is an issue. 

· Consequences of the move of the UE during the call: the Call Setup may be buffered in the RNC as soon as the voice call starts, when the UE is under RNC1 and MSC1. The UE may move to RNC2-MSC1 (changing RNC) or even to RNC3-MSC2 (changing RNC and MSC). This case must be taken into account, by either:

1) Initiating a relocation of the partially established call (state = waiting for CC Setup) 

2) Initiating a new Call Setup (VDN) from the UE, and releasing the old contexts in both MSC and source RNC. This solution would increase the signalling load on both radio and network.

· It does not appear clearly in the proposed alternative when the Call Setup is triggered by the UTRAN. In the LTE to GERAN SR-VCC equivalent alternative, it was deemed necessary to introduce "SR-VCC Areas" that must be configured as a "changing zone" to avoid that a lot of calls be setup without any handovers to CS domain. If such "SR-VCC Areas" have to be introduced, then there may be additional impacts on both UTRAN and/or MSC depending on whether these SR-VCC Areas are cell-related or LA based. 

· Dimensioning: MSC dimensioning must be increased because the MSC has to handle additional call contexts for calls that may even be never established. Also, the MSC has to cope with resulting additional signalling. 

c) Significantly increases the radio and network signalling load: 

· This additional signalling load exists even in case SR VCC session transfer does not occur. Without the introduction of SR-VCC Areas, there will be as many calls in the CS domain as established VoIP calls and the signalling load in the CS domain may be dramatically increased. 

· There is an impact on HLR load as authentication vectors need to be downloaded to the VLR for integrity protection and ciphering in the CS domain. 

Therefore, SA WG2 does not recommend alternative 3 (with Call Setup buffering in UTRAN).

In addition, SA WG2 confirms that alternatives 1 (figure 2 in R2-082474 ) and 2 (figure 3 in R2-082474) can easily being developed to not impact the MSC. 

Regarding the ongoing alignment effort tasked by SA#40, SA WG2 would like to inform RAN WG2 that SA WG2 has is working on a solution that aims at alignment of E-UTRAN-UTRAN/GERAN SR-VCC solution for HSPA/VoIP-UTRAN/CS case. 
2. Actions:

To RAN WG2 group.

ACTION: 
SA2 kindly ask RAN2 to take the above information into their work. 
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