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1. Discussion
Mobile terminating TS11 calls and terminating IMS voice sessions, that are candidate for SRVCC, can be considered synonymous. In a network that uses Idle-mode Signalling Reduction (ISR) principles between LTE and 2G, and/or uses common 2G/3G routeing areas the availability of a UE to accept a mobile terminating IMS voice session is not well known since the UE typically performs no signalling when entering or leaving the 2G RAT. 
There may be different strategies for delivering voice calls for a network, e.g. voice calls should be delivered on CS in 2G access, but may be CS or PS in 3G access, whilst clearly PS only whilst on E-UTRAN. These policies could be preconfigured onto the UE such that it follows these requirements during MO calls.

In order for the policies to be followed in the MT direction, the network needs to be able to identify the availability of the UE in specific accesses. Whilst a UE is in Idle mode, it needs to be paged. However due to ISR, and/or the use of common 2G/3G routeing areas, it is not possible to know whether the UE is camped on GERAN, UTRAN or EUTRAN and therefore whether a mobile terminating call attempt should be made in CS or PS. 
2. General Aspects: 

The basic principle being proposed in this document is for the UE to detect that an incoming SIP INVITE from IMS is related to a voice call. The UE, only when the conditions are suitable (e.g. the UE is currently camped on 2G or non-HSPA 3G, if there isn't already a call active or there is a desire to switch the active call), then either connects the call using the CS domain directly or it instructs the network to attempt the same call in the CS domain. This new CS call is bound to the existing terminating call attempt via the various addresses in use (calling line id, called party address).
If there is already a call active (in the CS domain), the IMS may choose to deliver the call in the CS domain instead directly to ensure that the mid-call services are handled correctly whilst dealing with the DTM vs. non DTM issues using the ICS procedures defined in TS 23.292 and therefore are outside the scope of this solution.

Further optimisations can be made in case the UE is camped on a radio access that is connected to the CS domain. 

However, if the UE was in idle mode and camped on E-UTRAN access, the normal paging and IMS procedures apply (i.e. there is no conversion to a CS call at the UE).

3. Potential Solution A:

If there is clear network preference to operate voice calls on CS whilst on 2G or non-HSPA 3G, then any incoming calls could be forked in IMS to perform parallel paging in both PS and CS. This then enables to the network to establish the call in the CS domain if the CS page arrives first and the UE is in 2G/3G access. This then allows the session setup time to be optimised. The following figures show a possible implementation of this. 
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Figure 1: Basic Operation of parallel paging
If the Gs interface is implemented between the MSC and SGSN, the paging requests are handled independently, but both are sent through the SGSN.

This mechanism relies on UE functionality to identify that an incoming SIP INVITE is related to a voice call and that UE and/or local network preferences require that voice is in the CS domain. 
The configuration and preferences may take into account any one or more of the following: VPLMN ID, roaming status, RAT type (2G or 3G).

Based on these preferences and configuration, the UE selects one of two of the following courses of action (see the following figure 2).

3.1 Option 1) 
The UE does not respond to the incoming SIP INVITE but attempts to establish the leg of the call, using a special binding information, to the IMS anchor point (SCC-AS) to complete the call establishment via the CS domain. The binding information is used to identify this specific call instance that the signalling is related to and the network uses this to bridge the incoming terminating call request from the A-party and the incoming originating call request from the target UE. On reception of the SIP INVITE from the UE containing binding information (typically the STN), the IMS may then cancel any outstanding requests in the IMS domain towards the UE. 
The need for the binding information to be provided by the network during the delivery of the initial SIP INVITE to UE is determined by the network based on knowledge of the location of the UE (e.g. roaming or non-roaming) and the presence of multiple active calls. If no binding information is received by the UE, it may use a pre-configured one to generate the call in the CS domain (this may be pre-configured using OMA DM). 

3.2 Option 2)
Alternatively the UE rejects the SIP INVITE by identifying that an alternative service is being used for this call, e.g. using the 380 (Alternative Service) response code. This then provides knowledge to the IMS network involved that the CS domain is currently available and it establishes the call using the CS domain using mobile terminating call procedures.
3.3 Overall procedure
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Figure 2: Full terminating call flow including options

(NOTE: Not all network nodes and signalling steps have been shown for brevity. Also the flow assumes the UE is in idle state in both PS and CS domains)
There may be some intricate details relating to the mobility management state of the UE in the CS domain that may mean that the CS call attempt is not necessarily possible (e.g. implicit detach at the MSC). If this arises the CS attempt will fail, but the parallel IMS attempt will continue without necessarily impacting the original incoming call.
However, further detailed handling for UE may need to be defined when an SRVCC UE enters a CS Fallback only network. 

4. Potential Solution B:
A simplified alternative is where the IMS delivers the terminating call request in the PS domain only in idle mode (from a voice call perspective). 
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Figure 3: Simplified solution - termination flow
Again the same detection mechanism and conversion mechanism is implemented as for Solution A at UE.

5. Proposal:

It is proposed that Option 2 above is adopted for terminating voice calls at an SRVCC UE for Release 8 and that the associated CR is discussed and agreed in S2-086728. 
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