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1. Introduction

This contribution analyses interworking scenarios in Alternative C with CS Domain/PSTN terminations and with terminals that lack minimum radio capability to operate the combinational service.
2. Discussion
In alternative C, CSB UEs initiate/terminate voice sessions using IMS signalling. In fact, a CSB UE, in the context of Alternative C, is a terminal capable of operating a service in IMS/CSB approach.

However, there are several cases of originating calls where keeping the overall session control of voice services on the IMS level is not possible (e.g. called terminal is CS-only or in a 2G non-DTM area). 

These cases include scenarios where

1. CSB UE1 initiates a voice session towards UE2 CS-only (e.g. a CS Domain/PSTN termination, UE2 roaming in CS domain, …)
2. CSB UE1 initiates a voice session towards a non-DTM IMS UE2
3. CSB UE1 initiates a voice session towards CSB UE2, temporarily camping on a non-DTM cell

For brevity here, we refer to these scenarios as cases of interworking with “non-CSB terminals”, even for cases where UE2 is only “temporarily” a non-CSB terminal (scenario 3).

Analogously, when a CSB UE terminates voice calls from the CS Domain/PSTN, it is not possible  to keep the overall session control on the IMS level. 
Architecture solutions to cope with these scenarios are investigated in the following.

We assume in this discussion that CSB UE1, at worst, has no means to know in advance radio/service capability of UE2. 
Indeed, even if UE2 capabilities were known to UE1 (e.g. via Alternative 3 in sec. 7.2.3), some service control logic applied to SIP signalling could dynamically redirect the call to a terminal with different capabilities.
Scenario 1. CSB UE1 initiates a voice session towards UE2 CS-only (e.g. a CS Domain/PSTN termination, UE2 roaming in CS domain, …)

According to TS 23.228, whenever an IMS-originated session terminates towards an endpoint in the CS Domain on PSTN Domain, resources in a MGCF/MGW are reserved to perform interworking on signalling/bearer plane between SIP and ISUP domains. The MGCF/MGW node (i.e. the location of breakout towards CS/PSTN) in general may not be the same as the one invoked by the IMS/CBS AS to perform 3rd party CS call (see TR 23.899 sec. 6.3.2.1 ). This is illustrated in the following picture; please note that the case of the picture is just an example and the decision to breakout to CS/PSTN may happen also in PLMN1.
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Figure 1 Possible issues due to inteworking with CS/PSTN destinations
Hence, when terminating a voice “combinational” session to CS only terminals in Alternative C, two approaches can be pursued as soon as UE2 is recognised as a CS domain/PSTN endpoint:

· approach A: a mechanism is used so that only the interworking function invoked by the IMS/CBS AS is used and no other SIP interworking is triggered along the signaling path

· approach B: an appropriate message is generated at IMS level back to UE1, that would trigger UE1 logic to reinitiate the call toward the same destination via the CS domain (24.008 signalling).
In both approaches, it’s necessary that the S-CSCF that recognizes the necessity to send the SIP INVITE towards a CS domain/PSTN destination should not invoke such interworking if a “combinational” SDP (i.e. an E.164, possibly in the c= line) is included in the SIP message.

Approach A would preserve IMS/CBS behavior towards CSB UE1 and it would hide the CS interworking towards UE2. However it can be argued whether such complexity is justified to provide a pure voice service, due to the voice-only capability of UE2. 

Approach B represents a fallback to plain CS 24.008 services. It seems the simpler solution to provide the required service due to UE2 limitations.
Scenario 2. CSB UE1 initiates a voice session towards a non-DTM IMS UE2 

&
Scenario 3. CSB UE1 initiates a voice session towards a CSB UE2 temporarily camping on a non-DTM cell

Since UE2 doesn’t have the sufficient radio capability (scenario 2) or it is temporarily served by a cell with insufficient radio capability to accept the IMS/CSB service (scenario 3), an inteworking or fallback to the CS domain needs to be performed somewhere to reach UE2.
The same discussion and the same conclusion as for scenario 1 applies here (use of a fallback approach to initiate a pure voice 24.008 call), the only difference being which function/node in the SIP signalling path recognizes the necessity to perform such fallback. 
In scenario 2, the fallback may be triggered at reception of the SIP INVITE by UE2 if it is not engaged in a CS call (UE2 would send its capability to UE1) or by S-CSCF2 (if UE2 capability are known by IMS2) or by P-CSCF2 (if UE is currently engaged in a CS call). 

Analogously, in scenario 3, if UE2 is not engaged in CS call, radio capability of UE2 could be sent to UE1 via the first INVITE exchange (see sec. 7.2.3 of TR). If UE2 is engaged in a CS call, then S- or P-CSCF2 level could detect that UE2 is not “IMS available”.

So in either scenario, UE2 or S/P-CSCF2 should send an appropriate message to UE1, that would trigger UE1 logic to reinitiate the call toward the same destination via the CS domain (24.008 signalling).

In scenario 3, a mechanism to order the UE2 to camp on a more suitable cell for the requested service can be left for further study.

Scenario 4. CSB UE1 terminates voice session from CS Domain/PSTN endpoints

This is the case when CSB UE1 terminates voice calls originated by UE2 in the CS Domain or in PSTN (e.g. a CS/CSB or CS-only terminal).
The terminating CS call could be interworked to IMS of PLMN1 or it could be routed to the CS domain of PLMN1.  

IMS interworking for the CS call would introduce complexity with respect to simple routing through CS domain. Also, keeping the call on the CS domain does not endanger service since:

· if UE2 is a CS-only terminal, or a PSTN terminal, or a non-DTM terminal, no later upgrade to “combinational” service would be possible anyway, due to limited capability of UE2. 

· if a UE2 is a CS terminal with CS/CBS capability (e.g. a DTM terminal, or a DTM terminal temporarily in a non DTM area), it could later add any IMS non realtime session to the voice service as in CS/CBS approach (actually, both UEs would behave as CS/CBS terminal).

It is then recommended to keep terminatin CS calls in the CS domain.
3. Proposal

It is proposed to add above analysis to TR 23.899 in a new subclause 6.3.4 (changes based on version 0.4.0). 

*** Proposed change ***

6.3.4  Interworking between CSB and different terminals
In alternative C, CSB UEs initiate/terminate voice sessions using IMS signalling. 
In fact, a CSB UE, in the context of Alternative C, is a terminal capable of operating a service in IMS/CSB approach.

However, there are several cases of originating calls where keeping the overall session control of voice services on the IMS level is not convenient (e.g. called terminal is CS-only or in a 2G non-DTM area). For brevity here, we refer to these scenarios as cases of interworking with “non-CSB terminals”, even for terminals that are non-CSB only “temporarily” due to radio coverage.

Similarly, when a CSB UE terminates voice calls from the CS Domain/PSTN, it is not possible  to keep the overall session control on the IMS level. 
Architecture solutions to cope with these scenarios are investigated in the following.
We assume that CSB UE1, at worst, has no means to know in advance radio capability of UE2. 

Indeed, even if UE2 relevant capabilities were known to UE1 (e.g. via Alternative 3 in sec. 7.2.3), some service control logic applied to SIP signalling could dynamically redirect the call to a terminal with different capabilities.

6.3.4.1 (Voice) call from CSB UEs to “non-CSB” UEs
This case include scenarios where, e.g.
1. CSB UE1 initiates a voice session towards UE2 CS-only (e.g. a CS Domain/PSTN termination, UE2 roaming in CS domain, …)
2. CSB UE1 initiates a voice session towards a non-DTM UE2
3. CSB UE1 initiates a voice session towards a CSB UE2 temporarily camping on a non-DTM cell

When initiating a voice “combinational” session as in the scenarios above, two approaches can be pursued as soon as UE2 is recognised as a “non CSB terminal”:
· approach A: a mechanism is used so that only the interworking function invoked by the IMS/CBS AS is used and no other SIP interworking is triggered along the signaling path

· approach B: an appropriate message is generated at IMS level back to UE1, that would trigger UE1 logic to reinitiate the call toward the same destination via the CS domain (24.008 signalling).

In both approaches, it’s necessary that the S-CSCF that recognizes the necessity to send the SIP INVITE towards a CS domain/PSTN destination should not invoke such interworking if a “combinational” SDP (i.e. an E.164, possibly in the c= line) is included in the SIP message.

Approach A would preserve IMS/CBS behavior towards CSB UE1 and it would hide the CS interworking towards UE2. However it can be argued whether such complexity is justified to provide a pure voice service, due to the voice-only capability of UE2. 

Approach B represents a fallback to plain CS 24.008 services. It seems the simpler solution to provide the required service due to UE2 limitations.
Impacts on overall setup time and on the service quality as perceived by the user will have to be taken into account when selecting the final approach.
6.3.4.2 (Voice) call to CSB UEs 

This is the case when CSB UE1 terminates voice calls originated by UE2 in the CS Domain or in PSTN (e.g. a CS/CSB or CS-only terminal).
The terminating CS call could be interworked to IMS of PLMN1 or it could be routed to the CS domain of PLMN1. 
Also in this case, IMS interworking for the CS call would introduce complexity with respect to simple routing through CS domain. 

Keeping the call on the CS domain do not endanger service since:
· if UE2 is a CS-only terminal, or a PSTN terminal, or a non-DTM terminal, no later upgrade to “combinational” service would be possible anyway, due to limited capability of UE2. 

· if a UE2 is a CS terminal with CS/CBS capability (e.g. a DTM terminal, or a DTM terminal temporarily in a non DTM area), it could later add any IMS non realtime session to the voice service as in CS/CBS approach (actually, both UEs would behave as CS/CBS terminal).

Therefore it is recommended to keep terminating CS calls in the CS domain. 
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