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1
Introduction

In the TSG RAN#39, the work item on HSPA VoIP to WCDMA/GSM CS continuity was introduced [RP-080229]. The intention of the work item is to provide HSPA VoIP to CS continuity in WCDMA/GSM networks. At first glance it seemed like a sensible RAN only solution could be developed but once again when going to the details it turned out that in reality the outcome would be more complicated and may have negative impacts on multiple network elements (RAN and/or CN). When looking the bigger picture including the core network, as SA2 is developing a SR-VCC solution for LTE VoIP continuity as the solution to a similar problem, it seems that we would be developing two different solutions for the same problem with both of them having core network impacts.

2
Discussions

The proposed solution in [2] is based on DR-VCC (i.e, multi-RAB) and two step approach. (Setup the CS bearer in parallel to the PS bearer in the source and only later HO once IMS procedures are completed.) Thus it has the following consequences due multi-RAB property.
· Legacy RNC RRM algorithm cannot be reused due to the Two-step-approach as HO triggering event cannot be used to trigger CS bearer setup. 

· Also due to the simultaneous CS+PS RABs, the VoIP coverage will be reduced and also respectively capacity would be wasted for maintaining two connections for a single user for a single service. These properties have been proposed to be addressed with some optimization methods that would both impact the core network and violate the NAS/radio protocol stack division.

When we face the fact of core network being also impacted, it is no longer sensible to consider SR-VCC and DR-VCC in isolation but we should seek to have commonality in order not to develop multiple core network impacting solutions for the same problem.

The biggest advantage to consider SR-VCC based solution from implementation point of view is that a single solution would be used for both HSPA VoIP continuity and LTE VoIP continuity. Also SR-VCC based solution can maximize VoIP coverage and capacity and guarantee to maximize operator’s investment for VoIP and will restrict the impact only to SGSN which supports this feature.

3
Conclusions

It is proposed that TSG RAN would not develop two solutions for essentially the same issue; ensuring service continuity in case of IMS based VoIP. Rather TSG RAN should prevent the further fragmentation and focus on a single approach. That single approach is obviously SR-VCC as the work is on-going already for LTE purposes and could cover with the same principle also the intra HSPA/WCDMA case. This should make IMS VoIP adoption easier compared to the case where two parallel solutions were in place, impacting different network elements.TSG RAN should also communicate this approach towards TSG SA so that they could ensure HSPA being covered sufficiently in their on-going work (where from core network side no major differences exists due different radio access networks, as e.g the CS call part is of course identical whether one is going from LTE VoIP or HSPA VoIP to WCDMA CS). Note also that GERAN is expected to be covered with SR-VCC solution....
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1
Introduction
To support HSPA VoIP to WCDMA/GSM CS continuity, a new WID had been started at RAN#39 [1] and one solution [2] had been discussed in RAN2 #61bis meeting.  The solution is based on the multi RAB capability in the source cell and RNC triggers to set up an CS AMR bearer while keeping PS VoIP bearer in case VoIP coverage is running out. For this, two changes have been proposed, i.e, VoIP capability broadcast and RNC triggering to setup an CS bearer. And PS bearer is released while HO to non-VoIP coverage is performed. In this contribution, we listed some points to consider before deciding the solution and see if there is any side-effect.
2
Discussion
2.1
Trigger to setup the CS Bearer
One obvious way to set the trigger for CS bearer setup could be event A or C that proposes addition of neighbour cell controlled by another RNC. However, as event A or C is used for the coverage handover, after event A or C, HO should be finalized soon. For the VoIP call continuity, as CS bearer has to be setup and handed over and PS bearer has to be released, it will require more signalling in handover region and takes much more time. Thus there may be higher probability to drop the call. Alternatively, RNC may have some logic and trigger to set up CS bearer before even A and C. However, it is not clear based on what information RNC should trigger CS bearer setup and too early decision for handover (for the CS bearer setup) than event A or C will cause the real handover performed less probable in the end.

2.2
Capacity loss
As discussed in 2.1, RNC has to trigger CS bearer setup based on some logic. This means from the point the CS bearer is setup until the handover is performed, (i.e, releasing PS bearer) network is consuming double resources for the same service. (i.e, voice)  This will also impact to the coverage as in some case UE should have both HSPA RB and DCH RB. Even though the situation can vary depending on the location but border cells can be remarkably high of the cells under one RNC. (Especially in dense urban area) And depending on the timing to trigger for CS bearer setup, handover probability will vary and the handover may not be performed in the end. Thus there is tradeoff between the secured handover and resource waste.
Consider all the VoIP user in the border cell under one RNC (in case this RNC is VoIP coverage border) always has to double-book the resource, the waste of resource can be significant.
To avoid this resource waste problem, in [2] the solution postpones CS bearer setup by intercepting CC: SETUP meassge. However, this is serious layer violation as RNC has to look-up the NAS message and is not desirable. Moreover, The CC: SETUP message may remain buffered for significant amount of time (e.g. minutes and even hours) in case the UE remains engaged in a VoIP call and the radio level handover never occurs.
From the MSC perspective this means that between the successful completion of the Service Request procedure (indicating Mobile Originated call as a service request type) and the actual arrival of the CC: SETUP message, there can be a significant time gap (cf. minutes, hours). It is our understanding that typical MSC implementations in the field use timers to supervise the time gap between the Service Request and the related CC: SETUP.
Thus, this means that existing deployed MSCs would need to be modified in order to make the solution in [2] work at all.
2.3
Feasibility of the solution in UE
To avoid unnecessary triggering the CS bearer setup, RNC should know whether the VoIP call is IMS anchored or not. However, knowing the application layer property in AS layer in UE may not be a trivial task. Thus it should be checked from UE vendors whether this kind of information flow is feasible.
3
Conclusion and Proposal
We listed some points to be considered in the multi-RAB solution for VoIP call continuity. It is proposed to study further to see if there are any negative aspects based on the points in section 2 and to see if the solution is acceptable despite of negative aspects. Also as a quite big impact to the CN is anticipated, it is proposed to send an LS to SA2 and CT1 to ask their opinion.
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