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1. Introduction

This contribution considers the new Alternative C proposed at SA2#42 and considred whether the concepts introduced in this alternative can be combined with those of the other Alternatives.
2. Properties of Alternative C
The key properties of Alternative C appear to be:
1. No modification of SDP in the network and use of “No Alerting” indication

2. Use of a common gateway for originating and terminating side CS calls – eliminating VoIP segment compared to Alternative A

3. Network control at the originating side

We examine these three properties in a little more detail.

2.1 No modification of SDP in the network

Other alternatives propose that indications of called and calling E.164 numbers can be included in the SDP. This is done so that the CS call associated with an IMS session can be recognised by the endpoints (by matching the called/calling numbers).

In the case of end-to-end CS calls, this information is passed end-to-end between the clients.

In the case of end-to-gateway CS call, then the network must modify the SDP to provide the called/calling party number of the network end of the CS call (i.e. of the CBCF). This modification requires non-proxy behaviour at the CSI Application Server.

Alternative C provides a different method for the endpoints to recognise the CS call associated with an IMS session. This is by the use of the “No Alerting” indication defined in the ‘Signal’ information element in 24.008 (10.5.4.23). Additionally, or alternatively, the CSI Application Server could use some information provided by the UE in the SDP to set the Calling Party Number in a way which will allow the UE to recognise the call.
Use of  these techniques has the following consequences:

· avoids the need for SDP modification in the network
· does not necessarily indicate which IMS session the CS call is associated with (although it is unlikely there would be more than one candidate)

· if ‘no alerting’ is used, this may require enhancement to MSCs to map from a suitable indication in ISUP

· may require enhancement of MGCFs to map from a suitable indication in SIP

· may require enhancement of APIs in terminal to pass this information to the SIP client performing combinational service control

For the ‘No Alerting’ indication, no proceedures are presently defined for this value of the Signal Information Element. In 24.008 5.2.2.3.2 and 23.108 7.3.3 it is defined that the presence of the Signal Information Element causes Alerting to commence immediately, without waiting for a traffic channel. This is independent of the value of the Information Element. So, it seems that the procedures associated with this element are not very well defined. In fact it is not clear that the ‘no alerting’ indication would actually do what its name implies and prevent alerting.
It should be noted that, at least in early IMS networks which use IPv4, then SDP modification will be required in any case to support IMS ALGs.

On the other hand, this same technique could be used with the other alternatives as well to avoid the need for SDP modification.

This suggests that the use of ‘No Alerting’ should be considered separately from the different alternatives. It is a generic way to implement end-to-gateway CSI approaches without needing SDP modification.

2.2 End-to-gateway CS call setup with common gateway
In Alternative C, the control function in the IMS network makes two independent outgoing SIP calls towards the two terminals.  This is similar to Alternative A end-to-gateway case with network-to-client call setup.

These are routed through the same gateway to the CS domain so that there is no need for a VoIP leg to the call.

Logically, there may still be a “hidden” VoIP component, since it is the VoIP parameters in the SDP of the two outgoing calls which are used by the gateway to match and bridge together the two calls. But this is internal to the gateway.
As clarfied at SA2#42, it would also be possible to use two separate gateways, in which case there would be a VoIP segment to the call, just as in Alternative A.

It can be seen that the use of a single gateway is an operating mode would could equally be applied to either alternative (A or C) – all that is required is a mechanism to ensure that both calls are routed through the same gateway. However, this is easier to achieve with Alternative C than with Alternative A.
Further, the rationalle for the use of a single gateway is to avoid a VoIP segment. This is not for Quality of Service reasons – since it is now common for VoIP networks to be used for transit in public carrier networks – but rather because deployment of a VoIP core network is a major undertaking in itself which should be de-coupled from CSI.

It can even been envisaged that the choice between VoIP transit and CS domain transit for the call could be dynamic, depending on whether a VoIP interconnection exists to the terminating network in question.

2.3 Originating side control
The control function in Alternative C is located at the originating side of the session – there is no control function in the terminating network. It is the originating side control function which initiates the CS calls towards both originating and terminating endpoint.

This can be contrasted with Alternative A (end-to-gateway case) where there are control functions at both ends of the call which each initiate a CS call to their respective local endpoints.

We can also compare this with the end-to-end operation of Alternatives A, B and D. From the point of view of the terminating network and user, there is little difference between the alternatives:

Alternative C: terminating network and user receive an incoming IMS session and an associated incoming CS call. The IMS session includes SDP indicating that an associated CS call exists. The CS call includes the ‘no alerting’ indication to mark it as a CS call which is associated with an IMS session.

Alternatives A, B and D: terminating network and user receives an incoming IMS session and an associated incoming CS call. The IMS session includes SDP indicating that an associated CS call exists and providing the E.164 calling party number. The CS call includes the E.164 calling party number.

So, it can be seen that if the terminating network and user support end-to-end CS calls according to Alternative A/B/D, then the originating network could use Alternative C without requiring much new from the terminating network.

We can also consider the case that the terminating party of an IMS session tries to add a CS component. Will the gateway be in the originating or terminating network ? It is natural for the terminating network to take on this task.

Again, it can be seen that, from the perspective of the originating network, the difference between Alternative C and the end-to-end Alternatives is minor – a SIP Re-INVITE will be received proposing addition of a CS call, and simultaneously the associated CS call itself will be received. 
If, instead, it is desired to have the originating side provide the control function, it would be necessary for the terminating network to explicitly request that the originating network provide this function. This indication is quite analogous to the indication proposed in Sections 6.4.5 and 6.4.6 of Alternative D: this indication had the semantics of an explicit request for a CS call to be established.
Use of a single control function has the advantage that it is easy to ensure that both calls route through the same MGCF/MGW. If there are two control functions, then it would become necessary to pass some kind of new ‘gateway identity’ between them in order to achieve the same result.
3. Combination possibilities
From the above discussion, we can conclude that there are similarities between the Alternative C proposal and the earlier proposals.

Specifically, the Alternative C proposal is a mix of the end-to-gateway and the end-to-end approaches:

· From the point of view of the originating network and terminal, it most resembles the end-to-gateway approach, with a control function in the network initiating a call towards the terminal

· From the point of view of the terminating network and terminal, it most resembles the end-to-end approach, with associated IMS session and CS call arriving independently from the originating network

Since Alternative D is already a combined proposal, it is natural to consider whether the Alternative C mode of operation can be brought into this common framework.

It is not desirable to specify multiple options and mechanisms. Therefore, combination should be based on determining common mechanisms which can be used by operators in whatever ways best meet their requirements. In particular, there should not be options on the handsets.

The diagrams below show the possible connection configurations. In these diagrams, light blue lines represent SIP signalling, pink represents the CS call(s) (including parts routed within the SIP network) and green a VoIP connection.

We assume for the moment that indications are included in the SIP signalling for IMS/CS correlation in the clients. These indications include:

· E.164 numbers of the CS call endpoints

· Possibly, an indication requesting the receiving entity to establish the CS call (as discussed in 6.4.5/6.4.6 and shown as ‘*’ below)
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Figure 1: End-to-end case: Alternative D

Figure 2: Originating network control: Alternative C
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Figure 5: VoIP interworking (client-to-network): Alternative D


A few other configurations may exist:

· Originating or terminating network control (Alternative C), but with client-to-network call establishment.

This case is difficult because of the need to ensure that the two client-to-network calls route through the same gateway. We do not consider it further.

· Separate control in originating and terminating networks, but with a common gateway.

This requires the gateway address to be signalled between networks. This could be useful in the case that the originating control function does not know whether the outgoing connection should be VoIP or Circuit Switched – both possibilities can be offered leaving the terminating network to choose between using the VoIP connection, or establishing a CS connection back through the originating network’s gateway.
The most important point to note from this discussion is that, whilst there are several connection configurations, the interaction with the terminal, and between networks is in all cases common and very simple.

The inclusion of a CSI indication within a SIP message, along with an E.164 number, is taken to mean both of the following things:

· The sender is prepared to accept an incoming CS domain call to the provided address, and

· The sender is prepared to make an outgoing CS domain call from the provided address

Further, the inclusion of an additional indication, ‘*’, means:

· The sender requests the receiver of the indication to establish a CS domain call

All the CS domain calls refered to above are considered to be associated to the IMS session. Further, the entities involved should check whether such calls already exist, to avoid race conditions and support ‘late’ association of an IMS session to a CS call and re-use of established end-to-gateway CS calls in transfer or conferencing situations.
4. Proposal
Based on the above analysis, we propose to further combine Alternatives C and D to provide for originating network control with a single gateway as shown in Figure 2 above.

The approach proposed retains the properties 2 and 3 of Alternative C, but does not retain property 1 (no modification of SDP). This is for the following two reasons:

· The mechanisms to indicate that the CS call is associated with an IMS session (proposed use of No Alerting indication) are not clear and may require enhancement to the CS domain

· If such mechanisms could be defined, they would equally be applicable to the other cases as well

That is to say, such mechanisms could ba applied to the overal combined solution in due course, if they are feasible and judged desirable.

In order to achieve this combination, it is proposed to introduce one further call flow into Section 6.4. This would cover the case of the originating network deciding to apply the Figure 2 call configuration shown above:

From the originating terminal point of view, the procedures follow exactly the existing 6.4.6

From the terminating network and terminal point of view, the procedures follow exactly the existing 6.4.4.

No new signalling indications, above those described in Section 6.4 are required.

Therefore, this option would be an originating operator option when deploying ‘Phase 2’ CSI capabilities.
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Figure 2: Originating network control: Alternative C








