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1. Introduction

This contribution presents outline call flows for a combined, phased, approach to CSI.

2. Proposal

The following additions are proposed to the TR:

6.3

Alternative C

6.3.1
Exchange of capability information “at” CS call setup

Exchanging terminal capabilities and user preferences for combinational services is useless if either party doesn’t currently have access to the required radio capabilities. As an optional optimisation, the following radio capability information exchange procedure may be executed prior to the terminal capabilities information exchange procedure. The combinational services shall not be affected by the execution or result of this optional procedure. 

The first sequence diagram outlines the exchange of current radio capabilities, e.g. “DTM cell”, “at” CS call setup. The key element of this capability exchange is the use of the “subaddress” fields to encode the information, see section 7.3. for examples of this information. The diagram shows only an example of actual messages that can be used to transport this information. For this procedure to be successful, the “subaddress” fields must be handled transparently by the network.
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Figure 6.3.1-1:
Exchange of current radio capability information “at” CS call setup
The following sequence diagram outlines the exchange of terminal capability and user preference information “at” CS call setup. The use of the SIP OPTIONS request minimizes the amount of network signalling and resource usage as well as the number of failed INVITE requests. 

The execution of this OPTIONS request procedure is RECOMMENDED when UE-A’s cache doesn’t contain up-to-date information for UE‑B. 
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Figure 6.3.1-2:
Exchange of supported capabilities “at” CS call set-up
Note: See Section 7 for considerations on the SIP message to be used for this exchange.
6.3.2
Exchange of capability information “at” IMS session setup

In this case, the standard IMS session setup exchange is enhanced with capability exchange information, including the exchange of E.164 numbers for the possible addition of a CS call later in the session.

The inclusion of the E.164 number by the UE indicates that it is prepared to accept an incoming CS call in combination with this IMS session and also indicates the calling line identity that will be used if the UE later initiates a CS call in combination with this IMS session. It is expected that such mutual exchange of E.164 numbers (to be used for peer-to-peer CS voice calls between the same users) within SIP session establishment requires new functionality either on the SIP or the SDP protocol level. Hence, it is assumed that this functionality (along with functions building on this capability) will not be available in the initial phase of combinational services launch.
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Call flow continues as per standard IMS flow

Note: other IMS elements (CSCFs, ASs, BGCFs etc.) and other CS domain elements (G-MSC etc.) are not shown for simplicity.

The possibility to exchange radio capabilities in this flow should also be considered. See Section 7.

6.3.3
Customer adds an actual IMS service to an ongoing CS call

The following sequence diagram shows an IMS service being added to an ongoing CS calls:
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Figure 6.3.3-1:
UE-A adds an IMS service to an ongoing CS call

6.3.4
Customer adds an CS call to an ongoing actual IMS service

The E.164 called party number to be used for adding a CS service to an ongoing IMS service may be a priori available, e.g. in the phone book of the users’ terminal, or retrieved via means that are outside the scope of 3GPP standards (e.g. exchanged via email). Alternatively, the E.164 number to be used for adding a CS service may be negotiated during IMS session setup as per Section 6.3.2. This flow may occur at any point after E.164 numbers have been exchanged according to Section 6.3.2. In particular, if UE-A knows that the users wishes to establish a session with a voice component, rather than a non-real-time session to which voice may be added later, then this flow will be initiated immediately on reception of the E.164 number from UE-B.

The flow below can apply in either direction i.e. initiated by UE-A or UE-B.

Note, if is ffs whether the flow in 6.3.2 should be restricted to negotiating the capability to add a CS call. If so, another IMS message exchange may be required to negotiate the actual addition of the CS call.
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6.3.5
Multicomponent (including voice) call from pure VoIP end point

6.3.5.1
General

These sections demonstrate how the capabilities used for cases 6.3.1-4 can be applied to support calls from SIP endpoints supporting VoIP.

Editor’s Note: other flows are ffs.

These flows show how multicomponent (including voice) IMS sessions originated from a pure VoIP A-party can be delivered to a B-party that uses CS bearers for the voice component. It is assumed that the pure VoIP terminal does not support the CSI mechanisms, hence the serving network of the B-party needs to provide an E.164 number to be used for the CS call. This number is then provided to the B-party using the negotiation mechanims described in clause 6.3.2. As the mechanism in 6.3.2 requires new functionality either on the SIP or the SDP protocol level, it is assumed that the functionality of delivering multicomponent IMS sessions from pure VoIP parties to CSB parties will not be available in the initial phase of combinational services launch.  

6.3.5.2
Network-to-client CS call

This flow uses the E.164 number negotiation of Section 6.3.2 to inform the terminating UE of the calling line identity that will identify a forthcoming incoming CS call and for the terminating UE to indicate its willingness to accept such a call. This CS call will be interworked to the VoIP component from the pure VoIP endpoint.

The terminating UE procedures are as per 6.3.2 and 6.3.4 above.

Note that in the case that simultaneous CS and PS connectivity is not available at UE-B, then further SIP signalling cannot be exchanged after the SETUP message has arrived at UE-B. Any IMS media components without pre-conditions will remain in place, although no data will flow. IMS Media Components with pre-conditions will never be established.
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Alternatively, the CS call may be established first, with the IMS session being established after the CS call is in the Alerting state. In this case, the terminating UE procedures would be the same as 6.3.1 followed by 6.3.3 above. The end result is the same. If simultaneous PS and CS connection is not available in this case, the IMS session will fail altogether.

Note that if capabilities are defined to indicate simultaneous CS and PS connectivity within CS domain signalling, this information could be made available to the Application Server controlling the delivery of the call.

6.3.5.3
Client-to-network CS call

This flow uses the E.164 number negotiation of Section 6.3.2 and an additional indication to request the terminating UE to establish a CS call to the provided number. This will then be interworked to the VoIP component from the pure VoIP endpoint.
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6.3.6
Multicomponent (including voice) call to pure VoIP end point

6.3.6.1
General

These sections demonstrate how the capabilities used for cases 6.3.1-4 can be applied to support calls from SIP endpoints supporting VoIP.

Editor’s Note: other flows are ffs.

These flows show how multicomponent (including voice) IMS sessions originated from an A-party that uses CS bearers for the voice component can be delivered to a pure VoIP B-party. It is assumed that the pure VoIP terminal does not support the CSI mechanisms, hence the serving network of the A-party needs to “hide” the usage of CS bearers from the B-party. This uses the E.164 negotiation mechanims described in clause 6.3.2 in the A-party’s network. As the mechanism in 6.3.2 requires new functionality either on the SIP or the SDP protocol level, it is assumed that the functionality of delivering multicomponent IMS sessions from CSB parties to pure VoIP parties will not be available in the initial phase of combinational services launch.

6.3.6.2
Network-to-client CS call

This flow uses the E.164 number negotiation of Section 6.3.2 for the UE to inform the network that it will accept an incoming CS call and for the network to inform the UE of the calling party number that will identify this call.

It is assumed that UE-A knows whether the user is attempting to intiate a call with a voice component, or just a non-real-time IMS session to which voice may be added later. In the former case, UE-A explicitly requests the network to establish the CS call. The CS call will be interworked to the VoIP component from the pure VoIP endpoint.


[image: image8.emf]UE-A

S-CSCF

MGCF/

MGW/

MSC

UE-B

S-CSCF

Originating network Terminating network

INVITE

INVITE

SETUP

UE-A recognises calling party 

number as negotiated in SIP 

session setup

ALERTING

200 OK

{Requested services (not incl. VoIP),

Supported services

E.164 number for CS component,

CS setup request}

INVITE

{Requested services (incl. VoIP)

Supported services}

INVITE

{Requested services (incl. VoIP),

Supported services}

183

{Requested services (subset) (incl. VoIP),

Supported services (subset)}

183

{Requested services (subset) (incl. VoIP),

Supported services (subset)}

183

{Requested services (subset) (not incl. VoIP),

Supported services (subset),

E.164 number for CS component

CS setup accept}

180

ANSWER

UPDATE

UPDATE

{Requested services (incl. VoIP),

Supported services (subset)}

200 OK (UPDATE)

{Requested services (subset) (incl. VoIP)

Supported services (subset)}

UPDATE

{Requested services (incl. VoIP),

Supported services (subset)}

200 OK (UPDATE)

{Requested services (subset) (incl. VoIP)

Supported services (subset)}

183

200 OK (UPDATE)


6.3.5.3
Client-to-network CS call

This flow uses the E.164 number negotiation of Section 6.3.2 for the UE to inform the network that it may establish a CS component and for the network to inform the UE that it will accept such a call. The voice call will be interworked to the VoIP component from the pure VoIP endpoint.

The originating UE procedures are identical to 6.3.2 followed by 6.3.4 above.
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Alternatively, if the VoIP endpoint has an E.164 number, the originating UE may originate the CS call first, followed by the IMS session. In this case the originating UE procedures are identical to 6.3.1 followed by 6.3.3 above.

However, the terminating VoIP endpoint will not support the CSI procedures and hence will not respond to the E.164 CS call numbers within the OPTIONS or INVITE exchange. This informs the originating UE that the two services, CS and IMS, will be handled independently by the terminating UE. The originating UE may re-originate the session using the procedures above to obtain a true ‘combinational’ service.
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6.3.7
Call clearing after handover into non-DTM and non-3G area
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