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1. Introduction
This contribution proposes an architecture for the use of Circuit Switched bearers with IMS. This architecture is based on the principles agreed at SA2#38 and the general approach proposed in S2-041401 which was presented by Vodafone at that meeting.

A key aspect of our proposal is the definition of three functional components which together provide support for the use of circuit switched bearers with an IMS session. Furthermore, that the location of the three functional components may be negotiated for each IMS session. This approach supports flexibility in deployment of these capabilities. For example, in the first instance all three components could be located on the terminals themselves. As an evolution step, one or more of the components can be brought into the network – providing greater efficiency and operator control.

The inclusion of a negotiation mechanism from the start provides for a smooth evolution between different models and adaption of the portion of the call which uses a circuit bearer based on endpoint and network capabilities.

2. Architecture principles

The proposal supports two modes for establishment of the Circuit-switched bearer:

· End-to-end, in which the bearer is established between two CSB UEs

· End-to-Gateway, in which the bearer is established between a CSB UE and a Media Gateway

Significantly, the procedures for these two modes are the same at both UEs – the mode is determined by UE and network capabilities.

In the second case, then as far as the peer IMS client is concerned, the session is a standard IMS session (as shown in S2-041401).

Some further principles are:


· For end-to-gateway Circuit Switched Bearers, the call flows follow IMS Release 5. Where R5 IMS call flows include a PDP Context set-up, the CSB flows include a circuit switched bearer setup

· The Circuit Switched bearer is considered to be a single media component within the SIP session. The use of CSB may be indicated in the Session Description (SDP). The Session Description must include enough information to establish and identify the Circuit Switched bearer associated with the session, both to the UEs and to other systems (e.g. billing systems). We propose this can be done using the Called and Calling Party Numbers.

· No impacts to CSCFs – network control is provided by an Application Server

· No impacts to MGCF or Media Gateways

3. Architectural components


Three architectural components are defined to support Circuit Switched Bearers. The components will be located at existing IMS elements, specifically the UEs and Application Servers. The location of each of the components is negotiated at session establishment. The components are:

· “Circuit Bearer Control Function (CBCF)” – this performs third party call control over the establishment of a Circuit Bearer for use at one end of a SIP session

· “Circuit Bearer Originating Function (CBOF)” – originates the Circuit Bearer 

· “Circuit Bearer Termination Function (CBTF)”– terminates the Circuit Bearer

Note that the Circuit Bearer Originating and Termination functions may be either SIP UAs or the CS domain portion of the UE. In the case that the CB(O/T)F is a SIP UA then it routes a session through a standard gateway in order to establish the Circuit Bearer portion of the session.

These functions are illustrated in the figure below:
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The operation of these three functions is described in more detail below:

The Circuit Bearer Control Function:

· Determines that a Circuit Bearer is required for a media component of a SIP session

· Obtains a routing number (E.164 number) for the Circuit Bearer from the Circuit Bearer Termination Function and provides this to the Circuit Bearer Originating Function
· Obtains a source number (E.164 number) for the Circuit Bearer from the Circuit Bearer Origination Function and provides this to the Circuit Bearer Terminating Function

· Requests the Circuit Bearer Origination Function to originate a Circuit Bearer
· Received a notification from the Circuit Bearer Termination Function that the Circuit Bearer is established

· In the case that the CBOF or CBTF is a SIP UA function within the network, the CBCF obtains the media parameters for the Circuit Bearer (i.e. IP address and port on the Media Gateway) and provides these to the peer SIP UA within the Session Description

The Circuit Bearer Originating Function:

· Receives a request from the CBCF to originate a Circuit Bearer to a provided E.164 routing number

· Provides a source number (E.164 number) to the CBCF

· Originates the call

· In the case that it is a SIP UA within the network, provides the media parameters (i.e. IP address and port) for the Circuit Bearer to the CBCF

The Circuit Bearer Terminating Function:

· Receives a request from the CBCF to terminate a Circuit Bearer from a provided source number (E.164 number)

· Provides an E.164 routing number to the CBCF

· Receives the call 

· In the case that it is a SIP UA within the network, provides the media parameters (i.e. IP address and port) for the Circuit Bearer to the CBCF

The means of communication between the CB(O/T)F and the CBCF depends on the location of these functions. If they are co-located, then this is internal communication. If they are not co-located then the information is carried within SIP/SDP.

4. Architecture configurations

The following configurations are supported:
1) End-to-Gateway

In this case, the entire mechanism is local to one users end of the session. The mechanism could be duplicated at the peer UE, or this could be a standard VoIP UE.

The Circuit Bearer Control Function may either be within the network (Application Server) or within the UE. This gives rise to “network-control” and “client control” models.

The Circuit Bearer Origination and Termination functions are either both at the client (client control model) or at the client and Application Server (network control model). The Circuit Bearer can be established in either the client-to-network direction or network-to-client direction. This choice is independent of the session direction. Client-to-network establishment is simpler as it involves less CS domain service interactions.
In these configurations, the circuit bearer is established between the UE and some local gateway at the same point in the call flow as a PDP Context would usually be established. The Circuit Bearer Control Function acts as a third party call controller and a back-to-back user agent in order to mediate between the SIP call legs between the CBCF and UE, gateway and peer client.

2) End-to-end

In this case, all capabilities are provided by the clients. The Circuit Bearer Originating and Terminating functions are provided by the two UEs.
5. Negotiation
The location of the various functions can be negotiated as session setup. Furthermore, if the UE does not provide the CBCF itself, it needs not be aware of whether the Circuit Bearer Control Function is provided by the network or by the peer client.

Negotiation is based on a new capability to indicate Circuit Bearers within a Media Component of a Session Description. This indication includes an E.164 address (possibly in the ‘c=’ line) and an indication of whether the sender wished to originate or terminate a Circuit Bearer (possibly using the “comedia” draft).

A UE which is capable of supporting the Circuit Bearer Originating or Terminating Function indicates its support in an SDP offer. If the UE is also capable of supporting VoIP, it may offer this as well.

Furthermore, if the UE supports the CBCF itself, then it is capable of making a Circuit Bearer look to the peer like a VoIP session (End-to-Gateway mode with client control). In this case it may also offer a VoIP session.

The Circuit Bearer Control Function recognises the offer to use a Circuit Bearer. It will contact a Circuit Bearer Terminating or Originating Function (as appropriate) and obtain the required VoIP details. These are used to replace the CSB offer in the SDP before forwarding to the peer client.

On receipt of the answer from the peer client, the CBCF removes the VoIP SDP and passes this to the local CB(O/T)F. It replaces the VoIP SDP with a CSB reply before sending the answer back to the originating client. The CB(O/T)Fs are then in a position to establish the Circuit Bearer.

The originating client recognises that a CBCF is available by the presence of a valid CSB answer in the SDP. The originating client need not be aware of whether this CBCF is provided by the network (End-to-Gateway mode) or by the terminating client (End-to-End mode). Obviously, it will only be possible for the CBCF at the terminating client to be triggered if the network has allowed the CSB SDP to pass unchanged from end-to-end. Thus the network always has the option to trigger its own CBCF if it so wishes.
The negotiation between originating client, CBCF/CBTF, Media Gateway and terminating client is shown below. Remember that the CBCF/CBTF/MG may be in the terminating client, in which case the interactions between CBCF and terminating client are internal – there may be no actual VoIP parameters. However, from the originating client point of view, the interactions are the same.

Conversely, the CBCF/CBTF may be in the originating client, in which case the terminating client and MG do not see any difference in the interactions.

In this way a number of different deployment modes can be supported without introducing options into the protocols.
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6. Use of preconditions

SIP Pre-conditions can be used in association with Circuit Bearers in just the same way as with PDP Contexts. The SDP associated with a Circuit Switched bearer will be marked as ‘pre-conditions not met’ until the Circuit Switched Bearer is established and answered.

Note that for simplicity, we assume that Circuit Switched Bearers in the End-to-Gateway case are Answered immediately. It is assumed that billing for the session will be based on correlation of the IMS session with the Circuit Bearer(s) and thus the true time of Answer will be known. With some additional complexity, it would be possible to align the CSB answer with the SIP answer, although there may then be speech clipping issues.
7. Example call flows

This section presents a number of example call flows based on the above mechanism.

In all the call flows, we have assumed that the Circuit Bearer is initiated in the client to network direction for the End-to-Gateway cases. All the flows can be redrawn with Circuit Bearer establishment in the network to client direction.
For simplicity, the IMS and CS domain network elements (CSCFs, separation of MGCF/MGW, MSCs etc.) are not shown, since these are not impacted by the mechanism. Call flows including these additional elements are ffs.

The same call flows apply for the “network control” (CBCF in an Application Server) and “client control” (CBCF in the terminal), except that in the client control case, some of the flows are within the client, and so are not seen.

7.1 Originating user with Circuit Bearer, End-to-Gateway
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7.2 Terminating user with Circuit Bearer, End-to-Gateway
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7.3 End-to-end case
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It should be noted that the procedures at UEs A are the same as for case 7.1. If the End-to-Gateway flows with network-to-user establishment of the circuit-switched call are also supported, then the procedures here for UE B would be the same as for a terminating UE supporting those flows.

The direction of establishment can be negotiated by an indication in the SDP (the comedia draft would be suitable for this). In this way, a single set of procedures at the UEs can handle both the End-to-end and End-to-Gateway cases.

It could be considered whether the CSB call could be a pre-existing Circuit Switched call. That is, in receiving an IMS session indicating Circuit Switched Bearer, with Called and Calling party numbers corresponding to a CS call already in progress, the UE would ‘attach’ that call to the IMS session in the same way as if it had been newly established according to the flow above.

8. Summary
This section presents an architectural option for use of CS bearers with IMS with the following properties:

· Sessions are controlled entirely using IMS service logic – end-user service experience should not be affected. In particular, all other IMS capabilities - presence, instant messaging, application sharing etc. – will operate exactly as expected

· No impact on CSCFs, MGCF, MGW

· Either the network, or the client, may control the establishment and use of a CS bearer – supporting early testing/deployment of client-based solutions and later migration to network control

· The CS bearer may be local to the user – that is, the media is interworked to VoIP as quickly as possible – or may be end-to-end between clients

· Use of end-to-end vs end-to-gateway CS bearers is transparent to the UE

· The configuration and CS call setup direction are negotiated per session, supporting flexibility in terms of deployment models and evolution

Some further issues remain to be investigated:

· Whether there is a need for both user-to-network and network-to-user CS establishment

· How billing for the CS bearer is correlated with the IMS session, particularly for the end-to-end case

· Whether use of a pre-existing CS bearer should be allowed in the end-to-end case

· SDP extensions required to signal the use of CSB

· Interactions between the CS call and CS domain supplementary services, particularly for the case in which the CS bearer is established in the network to UE direction.

· Whether the Circuit Bearer Control Function at one end of the session (originating or terminating) needs to determine the capabilities of the terminal at the other end of the session (terminating or originating).
9. Proposal

It is proposed to include Sections 2 to 8 above within the ‘Architectural Alternatives’ section of the TR as ‘Alternative A’.
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