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Introduction
At the previous SA2 meetings, a decision was made to focus on two of the documented solutions:
· IMS controlled – Static Anchoring

· Original Domain control

This discussion attempts to analyse both these solutions against the documented architectural requirements and also raises any associated issues whilst performing the analysis. As a disclaimer, this paper does not document all issues likely to arise from either solution, but highlights only some key issues that could impact a decision.
Discussion.

The following table attempts to demonstrate how the solutions have met the requirements and highlights the weaknesses compared to the requirement. 

	Requirement as per section 5.2
	IMS Controlled Model
	Original Domain Controlled Model

	It shall provide voice call continuity when the user is moving between GSM/UMTS CS Domain and IMS, even in the case that the VMSC is not in the HPLMN
	It is unclear how transitions to / from CS can be correctly handled at a VMSC in a VPLMN as it relies on the CS routeing the CCCF PSI to a MGCF, therefore the CCCF PSI would need to be globally routeable in the CS domain. 
This model does not appear to support simultaneous voice calls as there is no means to correlate.
	There needs to be static configuration of the mapping between broadcasted cell information and MSC ids to perform handover to and from CS. The broadcasted cell information used for handover are not globally unique and therefore additional information is required by the CCCF to determine where to send the Handover requests to. 
Similarly, for a VMSC in a VPLMN there is a need for configuration to map a "fake" cell measurement report to a CCCF in another network. This burden may be too much for some networks.

	It shall be possible to perform correlation of charging that is performed in GSM/UMTS CS Domain and for the IMS session when service continuity between the domains is performed. This shall ensure consistent end-user charging.
	If all calls are controlled by the CCCF (which is believed to be the case) then reliance on the CCCF generated CDRs should be sufficient, otherwise there may be correlation issues between origination and subsequent transitions which are dependent on the implementation chosen for origination.
	For the IMS to CS scenario, there are no charging issues if the CCCF is performing the charging.

In the CS to IMS transition scenario, the VMSC continues to be the anchor of the call and therefore the CDR it generates continue to be valid and also any online charging control. However, as the location of the MGCF is unclear there may be inter-operator charges incurred here, it is not possible to determine whether charging correlation can be performed. There is the risk that the CCCF is also performing charging of the subscriber and therefore the subscriber is charged twice for a single call.

	While not in CS or IMS voice call, the UE shall be able to detect and automatically connect to the available access Network (such as GSM/UMTS radio and/or IP Connectivity Access Network). UE shall select either CS domain or IMS domain for real-time voice service based, e.g., on operator policy for and user's preference subject to service consistent constraints, e.g., if the UE have an on going call in one domain, the UE should use the same domain for additional call
	Requirement is independent of solution so no issues here
	Requirement is independent of solution so no issues here

	When the UE is attached to both the CS and IMS domains, the network has the responsibility for selecting the terminating service domain for an incoming call, depending on operator policy and possibly user preference subject to service consistent constraints, e.g., if the UE have an on going call in one domain, the same domain should be used to terminating the additional incoming call.
	Requirement is independent of solution so no issues here. But Vodafone believes this requirement may need further thought
	Requirement is independent of solution so no issues here. But Vodafone believes this requirement may need further thought

	The architectural solution shall support a mechanism for selecting how to route the terminating voice to the UE; since it is possible for multiple devices to be registered to the IMS, terminating handling should allow for routing to multiple devices; including the CS device.
	Requirement is independent of solution so no issues here – but it is believed that the current CS call handling cannot support this, e.g. when the call is first routed to the G-MSC. (Parallel forking equivalent function is not supported by the CS domain)
	Requirement is independent of solution so no issues here – but it is believed that the current CS call handling cannot support this, e.g. when the call is first routed to the G-MSC. (Parallel forking equivalent function is not supported by the CS domain). 

	It shall be possible for a user to be reached via the same identity (i.e., MSISDN) in both IMS and GSM/UMTS CS Network and the use of additional IMS public identifies such as Tel URI and SIP URL shall not be precluded.
	Requirement is independent of solution so no issues here.
	Requirement is independent of solution so no issues here.

	It shall be possible for UEs connected to the IMS to initiate or receive IMS session requests while a CS voice call is ongoing to a UE with the related MSISDN.
	Requirement is independent of solution so no issues here. Assumes dual radio (simultaneous transmit), or class A behaviour.
	Requirement is independent of solution so no issues here. Assumes dual radio (simultaneous transmit), or class A behaviour.

	It shall be possible for a UE to initiate/receive CS voice calls while a UE using a related Public User ID has IMS session(s) is ongoing.
	Requirement is independent of solution so no issues here. Assumes dual radio (simultaneous transmit), or class A behaviour.
	Requirement is independent of solution so no issues here. Assumes dual radio (simultaneous transmit), or class A behaviour.

	Voice call continuity should be provided such that from the end user's perspective minimal service disruption is perceived. Voice call continuity procedure latency should be minimized.
	This will be reliant on the terminal implementation to determine the need for handover. Currently the flow shows bearer path interruption, but it is believed that there could be an optimisation to minimise this.
	Again reliant on terminal implementation.
In CS to IMS transition, there is likely to be a small service outage whilst negotiating the session in IMS after the HANDOVER CMD is received by the UE. There could be interesting behaviour if the UE is not actually reachable in IMS…
In IMS to CS transition, there is a lot of signalling that needs to take place and as such latency is compromised. However, the IMS session is never released at the UE1 and therefore it is unclear whether there will be any service outage.

	In a CS voice call (respectively Voice call supported over the IP Connectivity Access), the UE shall be able to monitor IP Connectivity Access (respectively GERAN/UTRAN cells) for the purpose of radio mobility  
	Requirement is independent of solution so no issues here.
	Requirement is independent of solution so no issues here.

	User preferences and operator preferences shall be taking into account when making decision for requesting a CS to IMS or IMS to CS transition for an ongoing voice call.
	There is no means for an operator preference to be made here unless it is statically configured on the terminal
	There is no means for an operator preference to be made here unless it is statically configured on the terminal

	Initiation of the CS to IMS call continuity procedure for an on going voice call may be based on radio condition; initiation of the IMS to CS call continuity procedure for an on going voice call may be based on radio condition and IP connectivity quality to IMS domain.
	Requirement is independent of solution so no issues here.
	Requirement is independent of solution so no issues here.

	Signalling load as a result of voice call continuity should be minimized
	Signalling for the simple transition scenario is low, and increases significantly when you have Call Hold active
	For IMS to CS, the signalling load is quite significant.

	Voice call quality should be maintained. The number of transcoding stages introduced by the architecture should be considered.
	This is let down by the CS origination procedure where the call is always forwarded to the MGCF / IMS. If the call is to terminate in CS, then an unnecessary transcoding to VOIP is introduced.
However if the call is to terminate in IMS and there is a transition to IMS, then there is an optimisation as CS path is released altogether and therefore no transcoding occurs anymore. There is however likely to be a step change in the perceived call quality
	This is let down by the CS origination procedure where the call is always forwarded to the MGCF / IMS. If the call is to terminate in CS, then an unnecessary transcoding to VOIP is introduced.

If call is originated with CS, then a CS component will always be in the path and as such this is relatively worse than the ICM when transitioning to IMS.

	Existing services not candidate for continuity provided in the CS or PS domain (e.g. LCS, SMS) shall continue to work if CS or PS attached.
	Unlikely to be any impacts if the UE continues to be CS or PS attached irrespective of whether there is transition.
	Mobile originating services are unlikely to work, if a call was originally setup in IMS and transition has occurred to IMS, as the "anchor" MSC is not a true MSC and is also likely to be residing in a different network from the serving MSC. Again for calls originally setup in  IMS, it is unclear whether terminating services will work as the real serving MSC (known by location updating at the HLR) cannot insert signalling to the mobile whilst it is in-call. Also it will not respond to paging. 
This assumes that the real serving MSC does not reject the handover in the first place. This is maybe an impact on the CS domain, even for a network that does not support VCC.

	The solution shall be able to work for the radio assumptions described in section 5.1.  That is, the solution shall support both a UE that is capable of simultaneous communication with the IMS leg and the CS leg; and a UE that is not capable of simultaneous communication with the IMS leg and the CS leg.  The capabilities of a UE for simultaneous radio layer communication on both the CS leg and the IMS leg may be dependant upon the IP-CAN utilised for the IMS leg.
	This solution absolutely requires simultaneous communication in IMS and CS and hence does not meet the "shall be able to work" requirement. 
	This solution does not absolutely require simultaneous communication although service interruption may result if there is no such capability. 


Other related issues

There is an issue with Figure 6.2a.2.3-3, CS origination static anchoring via SIP NOTIFY, it is believed that the NOTIFY message in step 2 is pointing in the wrong direction as there appears to be no means for the UE to inform the IMS / CCCF of the intended recipient of the CS call being setup. 
IMS controlled message flows (in section 6.3.6) show that the non-VCC end (far end) changes the bearer also which would be an impact on non VCC capable terminal and network (in terms of FBC / PCC). However, it is unclear the resulting VCC handling for a call terminating in the other domain from which it is transitioning from. 
Terminating call / session domain selection appears to be overly complicated. It was agreed at a previous meeting that terminating call domain selections is not just an issue specific to VCC, but needs to be addressed by any network implementing both IMS and CS. Therefore a solution needs to be found that does not require a new function (NeDS) co-located with the CCCF. By taking some simpler routeing principles, this may remove the need for the NeDS function altogether. E.g. If a call is received by a G-MSC via BICC / ISUP then the call is routed to CS (if the UE is CS attached), otherwise it is routed to IMS (if IMS attached or simple call forwarding / CFU) or straight to voicemail (e.g. CFU). The same principles could apply if the call is received in IMS, except that a S-CSCF must always be assigned (especially in the unregistered state). The S-CSCF must also have information about the CS status to determine the appropriate handling and by having careful designed the unregistered filter criteria could enable this equivalent handling. There is additionally an issue with the need for the entity responsible for selection in the IMS domain to have information about current radio environment / terminal capabilities before routeing via IMS. 
Conclusion and Way Forward:
As can be seen above, both solutions have their relative strengths and weaknesses. Whilst it is acknowledged that there is an urgent need for a solution that meet this limited set of requirements / assumptions. Vodafone suggests that possible additional evolution requirements are considered at this stage to aid the decision process.
As a basic starting point, the basic assumptions on the radio scenarios and possible transitions are to be re-included as shown below in the figure. The arrows represent possible transitions. 
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Note: The coloured text tags are supposed to apply to the similar coloured arrows.
By reinstating these transition scenarios, all the associated requirements begin to apply also; e.g. single radio (dual receive on different access technologies, but only 1 transmit) as per current 3GPP access design. However, it may be further assumed that you can perform simultaneous CS and PS and therefore maintain IMS registration whilst on GERAN or UTRAN access, but not on E-UTRA. 

The resulting solution, that is selected to meet the current requirements, should also minimise the impacts on existing network elements but still allow for a simple migration path to support the additional transition scenarios. These additional transition scenarios may be satisfied by CSI phase 2 work and as such an updated work item would need to be produced to combine the CSI and VCC work items going forward. 
Therefore in order to be able to evolve to these scenarios, the IMS controlled solution or a product of it should be selected at this stage, bearing in mind there are a number of issues highlighted in this paper that would need to be resolved before specification work completes. The Original Domain Controlled solution has too many open issues that Vodafone cannot see a simple solution to and therefore recommend that this is not pursued. 
Finally, since the termination / domain selection procedures are somewhat independent of the solution chosen, Vodafone recommends that these procedures are revisited during the normative specification phase to see whether there is an alternative mechanism not requiring the CCCF / NeDS as a physically separate entity to ensure its operation outside the scope of VCC also.
May need to go via 3G CS, but depending on solution.
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