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1. Introduction
Two variants of CSI have been discussion, one in which IMS services are added to an existing CS call (called “CS/CSB” in S2-042127, because CS call control is used to establish the original call), and another in which CS bearers are established in association with a new IMS session (called “IMS/CSB” in S2-042127 because IMS service logic is used to establish the original call).
This paper considers calls to and from the PSTN in the IMS/CSB case. According to the procedures described in TR 23.299 Alternative A, all calls from an IMS/CSB UE have the voice component carried initially on a CS bearer and then interworked to a VoIP bearer. The call then continues as a full VoIP IMS session. If the call terminates in the PSTN then it will pass through another gateway, back from VoIP to TDM. This paper considers whether and how the call could be routed withing the CS domain, rather than through two VoIP gateways.

We also consider incoming calls from the PSTN

2. Discussion

2.1 Calls to the PSTN
It should first be noted that routing a call from a CS radio bearer, through a VoIP gateway, across and IP backbone and then back through a TDM gateway to the PSTN is superficially similar to a BICN call configuration. If the gateways are close to the edge of the network (so that the IP backbone carries the call most of the way), then this configuration offers all the potential bandwidth savings of BICN.

However, in practice, at least initially, the VoIP gateways used for CSB may be some distance from the MSC – calls may traverse a significant amount of CS domain infrastructure to reach them, only to be routed back through a similar, physically nearby, gateway back to the TDM network.

Until the point at which IMS VoIP gateways are close enough to the MSCs, it would be more efficient to route such calls directly through the CS infrastructure to the PSTN. This could be done at the expense of IMS services associated with the call – for example IMS conferencing.
Alternative A of TR 23.899 describes a case in which the CS call is established ‘end-to-end’. As noted there, the originating UE does not need to know whether the CS call is end-to-end or end-to-gateway – it just establishes a call to the number provided. In order to route a call directly to the PSTN, it is sufficient to supply the actual PSTN number back to the UE and it will establish a CS call directly to the PSTN destination.
This could be done in several ways:
· The PSTN number is supplied in the SDP of a 183 as normal – the IMS ‘session’ remains established between UE and IMS network (CSB with IMS session kept)

· The PSTN number is supplied in the SDP of a 183 as normal, but then the IMS session is removed leaving only the CS call to the PSTN (CSB with IMS session removed)

· The PSTN number is supplied as a tel: URL in a redirection response from the SIP network (Redirection)

We consider each of these in more detail.

2.1.1 CSB with IMS session kept

IMS sessions addressed to PSTN numbers (with a tel: URL) are usually routed as follows:

1. P-CSCF forwards the call on the fixed route to the home S-CSCF

2. S-CSCF evaluates initial trigger criteria and routes call via CSB Application Server

3. CSB Application server manipulates SDP and sends call back to S-CSCF

4. S-CSCF performs ENUM query on the number in the tel: URI

5. ENUM query fails (as call is to the PSTN) and S-CSCF routes to an MGCF

6. MGCF acts as SIP UAS and interworks call the the PSTN

We note that the Application Server is invoked before it is determined that the call will be routed to the PSTN. The Application Server instead determines that the call is routed to the PSTN from information returned by the MGCF in the 183 (i.e. the AS needs to be configured with the identities of the network’s MGCFs or the IP addresses of the MGs
).

Since pre-conditions will still be active, the application server is able to CANCEL this leg of the call and return CSB SDP to the user indicating that the CS call should be established towards the PSTN destination directly.

The IMS session remains between UE and Application Server. But it is not clear what purpose this ‘hanging’ session could serve. Hence we consider …

2.1.2 CSB with IMS session removed

In this case the flow is as above, but the AS CANCELs the IMS session after providing the PSTN number for the CS call.

This doesn't appear to fit well with the model at the UE – since now the UE has a CS call which was established as a bearer within an IMS session, but the session has not been canceled. The UE would need some way to know that it should not clear the CS call as well.

2.1.3 Redirection

Again, the Application Server detects that the call is to the PSTN as above. It then issues a redirection response (302) to the UE specifying the PSTN number to redirect to. Normal SIP redirection to a new URI would cause a new SIP session to be established to that URI. Some indication is required to force the UE to establish the call via the CS domain.
2.2 Calls from the PSTN

3GPP Specifications leave it as a matter of operator policy whether calls from the PSTN are routed first to the IMS or to the CS domain. In the case that such calls are always routed directly to the CS domain, then there is no issue with respect to calls from the PSTN.

If such calls are routed to the IMS, then according to standard IMS procedures, plus the CSB procedures described in Alternative A of TR23.899, an end-to-gateway approach would be used and the bearer would be routed from the PSTN, through an IM MG, across the IP network and back through another IM MG to the CS domain.

Again, the Application Server providing the CSB service can detect that the call has come through an IM MG eligible for direct routing (i.e. one which is close to the gateway back to the CS domain used for end-to-gateway calls) and redirect the session back to the CS domain.
We would expect the AS supporting CSB to be the last one visited by a terminating users signalling – therefore any other services that the terminating IMS subscriber has will be executed first e.g. forwarding.

3. Summary

We considered whether calls between a CSB UE and a PSTN endpoint should be routed entirely over the CS domain. We concluded that this would be valuable for the case where routing the bearer via the IMS would not be efficient, but note that as networks evolve, routing via the IMS may be preferred in just the same way as routing via BICN.

For both calls to the PSTN and calls from the PSTN, the Application Server providing CSB services can detect that the call has terminated on or originated from a MGCF/IM MG eligible for direct routing through the PSTN. The AS can then redirect the call through the CS domain.
An indication may be required to ensure that the entity acting on the redirect does indeed route the call the the CS domain, rather then simply retrying through the IMS.
































































































� 	Although this may seem a slightly inelegant way to identify that the call is to the PSTN, it should be remembered that the reason for wanting such direct routing is because the VoIP gateway from the CS domain (which would be used by an end-to-gateway CSB call) and the gateway to the PSTN are physically close – so whether direct routing is required is related to the actual location of the MG. If the call has been routed to a very distant MG in some other operators network, it would make more sense to keep the call in the IMS instead. 





