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1. INTRODUCTION

TR 23.899 describes several interworking scenarios between CSB UEs and SIP/IMS VoIP only UEs. 

This document describes high level flows for some of these scenarios, based on Alternative D.

2. DESCRIPTION

An interworking scenario CS/CSB UE with an SIP/IMS VoIP terminal is missing within the draft TR 23.899. A number of assumptions are used within this interworking scenario:

· It is assumed that the SIP/IMS VoIP UE is IMS registered. If the VoIP UE would not be IMS registered then the VoIP UE is assumed just to act as a CS UE.

· The flows only describes the scenario that an IMS media is added to an ongoing CS call. Similar flows can be derived for the scenario of adding a CS call towards an ongoing IMS session

· The CS/CSB UE has two sessions when supporting a combinational service, i.e. one CS call and one IMS session.

· The SIP/IMS VoIP UE can have only one session. 

· An AS that acts as a B2BUA between the CS/CSB UE and the SIP/IMS VoIP UA establishes the interworking. It will have two sessions towards the CS/CSB UE and one single session towards the SIP/IMS VoIP UE

Since a CSI AS is required it is assumed that this scenario is targeted after Phase 1. The addressed scenario is considered as complementary to the existing interworking scenarios, since it can be considered as an evolution from the scenarios that are addressed for phase 1.

Furthermore, an open issue is how the VoIP network can trigger a B2BUA when the IMS/VoIP terminal initiates the SIP session or a SIP session is offered to the IMS/VoIP Terminal.  

Detailed flows and their description are added in the proposed text to be included into the draft TR 23.899. 
3. PROPOSED TEXT

6.4.7
CS/CSB call towards IMS VoIP UE 

A number of assumptions are used within this interworking scenario:

· It is assumed that the SIP/IMS VoIP UE is IMS registered. If the VoIP UE would not be IMS registered then the VoIP UE is assumed just to act as a CS UE.

· The flows only describes the scenario that an IMS media is added to an ongoing CS call. Similar flows can be derived for the scenario of adding a CS call towards an ongoing IMS session

· The CS/CSB UE has one CS call and one IMS session when supporting a combinational service.

· The SIP/IMS VoIP UE can have only one combined session with all media streams. 

· An AS that acts as a B2BUA between the CS/CSB UE and the SIP/IMS VoIP UE establishes the interworking. It will have two sessions towards the CS/CSB UE and one single session towards the SIP/IMS VoIP UE

6.4.7.1
Initiating CS/CSB CS Call
The UE-A (i.e. CS/CBS) will setup a speech service towards an IMS UE in which the call is routed towards the MGCF/MGW. The MGCF will initiate an SIP INVITE towards the UE-B (i,e, IMS VoIP UE) and will ignore the calling subaddress. The SIP INVITE will contain a SDP tag indicating for CS speech service. The S-CSCF will process the received SIP INVITE and trigger an AS that can act as a B2BUA to interwork between the MGCF and IMS VoIP UE. The AS will have two different SIP sessions to each of the UEs, i.e. session A towards the MGCF and session B towards UE-B. Finally the SIP INVITE is forwarded towards the UE-B.

Editor’s note: 
How the S-CSCF within the terminating IMS/VoIP network will support the required set of triggers is for further study. 
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Figure 1
The Call Setup procedure, originating from the CS/CSB UE. 

6.4.7.2
Terminal Capability Detection:
The SIP OPTIONS is used to detect the capabilities of the remote terminal. The SIP OPTIONS will be send by UE-A and be transferred towards the S-CSCF that is serving UE-B. The callee S-CSCF will trigger the AS based on the CSI feature tag.  The AS will act again as a B2BUA and transfers the SIP OPTIONS towards UE-B. UE-B will not recognize the CSI feature tag and will just respond to the SIP OPTIONS as described in RFC 3261 [x]. 

The 200 OK response form UE-B is intercepted by the AS and the AS will align the 200 OK response from UE-B with the CSI terminal capability formats and will include the CSI feature tag. The modified 200 OK response message will be forwarded to UE-A.


[image: image2.wmf]Session X

Originating network

UE-A

(CS/

CSB)

OPTIONS

OPTIONS

MGCF/

MGW

S-CSCF

AS

UE-B

(VoIP)

OPTIONS

OPTIONS

200 0k (OPTIONS)

200 Ok

200 Ok (OPTIONS)

200 Ok

200 Ok (OPTIONS)

OPTIONS

S-CSCF

CS

Network

Terminating network

Triggering based on

Feature Tag

AS aligns the response

to the CSI response

Session X

Session X

Session Y

Session Y

Session Y

Session Y

Session X

Session X

Session X


Figure 2
The Terminal Capability Detection procedure. 

6.4.7.3
Adding IMS media to the CS call

The UE-A will add an IMS session to the ongoing CS call and will initiate a SIP INVITE with an SDP body offering the media and the CSI feature tag. The SIP INVITE will be processed by the B-Party S-CSCF that will trigger the right AS based on the feature tag and the requested media within the SDP body. The AS will detect that the VoIP UE is already engaged in a CS speech service with UE-A and will merge the two sessions together (i.e. session A&C ( session B). 

The AS will send a SIP INVITE (i.e. re-INVITE) towards UE-B. UE-B will send the 200 OK response , which will be transferred towards the UE-A. 
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Figure 3
Adding IMS media towards ongoing call.

6.4.7.4
Initiating IMS session
The UE-A (i.e. CS/CBS) will setup IN IMS session towards an IMS UE in. The callee S-CSCF will process the received SIP INVITE and trigger an AS that can handle the interworking with CSI based on the provided CSI feature tag and the requested media within the SDP body. The AS will act as a B2BUA and two different SIP sessions are applied, i.e. session A towards the UE-A and session B towards UE-B. When the UE-B provide its response to the SIP INVITE it will not understand the CSI feature tag nor the requested terminal capabilities within the SDP offer. However, the AS will intercept the 200 OK reposnedresponded form UE-B and it will align the provided response with the CSI terminal capability formats including the CSI feature tag. Finally, the UE will provide the 200 OK response to UE-A.
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Figure 4
The IMS session setup procedure, originating from the CS/CSB UE. 

6.4.7.5
Adding CS speech to an ongoing IMS session
The UE-A will add an CS call to the ongoing IMS session and will initiate a call SETUP message towards the MGCF within the terminating network. The MGCF will map the SETUP message to a SIP INVITE and will transfer the SIP INVITE towards the S-CSCF. The callee S-CSCF will trigger an appropriate AS based on the provided SDP media request (i.e. CS speech). The AS will detect that the VoIP UE is already engaged in an IMS session with UE-A and will merge the two sessions together (i.e. session A&C ( session B).

The AS will send a SIP INVITE (i.e. re-INVITE) towards UE-B. UE-B will send the 200 OK response , which will be transferred towards the UE-A. 
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Figure 5
Adding CS speech towards ongoing IMS session.

6.4.8
IMS VoIP UE towards CS/CSB call
A number of assumptions are used within this interworking scenario:

· It is assumed that the SIP/IMS VoIP UE is IMS registered. If the VoIP UE would not be IMS registered then the VoIP UE is assumed just to act as a CS UE.

· The flows describes both the scenario that an IMS media is added to an ongoing CS call and the scenario of adding a CS call towards an ongoing IMS session

· The CS/CSB UE has two sessions when supporting a combinational service, i.e. one CS call and one IMS session.

· The SIP/IMS VoIP UE can have only one session.
· An AS that acts as a B2BUA between the CS/CSB UE and the SIP/IMS VoIP UA establishes the interworking. It will have two sessions towards the CS/CSB UE and one single session towards the SIP/IMS VoIP UE

6.4.8.1
Initiating IMS/VoIP CS speech

The UE-A (i.e. IMS/VoIP) will setup a speech service towards an CS/CSB UE in which the call is routed towards the MGCF/MGW within the VoIP network. The SIP INVITE will contain a SDP tag indicating audio. The S-CSCF will process the received SIP INVITE and trigger an AS that can act as a B2BUA to interwork between the MGCF and IMS VoIP UE. The AS will have two different SIP sessions to each of the UEs, i.e. session A towards the UE-A and session B towards MGCF. Finally the S-CSCF will forward the SIP INVITE towards the MGCF. The MGCF will map the SIP INVITE to the BICC/ISUP IAM message and will send the IAM message towards the UE-B (i,e, CS/CSB UE).

The involved AS will keep status information of these sessions so that it will be able to merge potential CS/CSB sessions into a single IMS/VoIP session.

Editor’s note: 
How the S-CSCF within the originating IMS/VoIP network will support the required set of triggers is for further study. 
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Figure 6
Initiating a SIP session with speech media from an IMS VoIP UE towards CS/CSB UE.
6.4.8.2
Terminal Capability Detection

The SIP OPTIONS is used to detect the capabilities of the remote terminal. The SIP OPTIONS will be send by UE-B since the UE-A will not initiate such procedure. UE-B will send the SIP OPTIONS towards the S-CSCF that is serving UE-A. The caller S-CSCF will trigger the AS based on the CSI feature tag.  The AS will act again as a B2BUA and transfers the SIP OPTIONS towards UE-A. UE-A will not recognize the CSI feature tag and will just respond to the SIP OPTIONS as described in RFC 3261 [x]. 

The 200 OK response form UE-A is intercepted by the AS and the AS will align the 200 OK response from UE-A with the CSI terminal capability formats and will include the CSI feature tag. The modified 200 OK response message will be forwarded to UE-B.
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Figure 7
Sending SIP OPTIONS to detect the VoIP terminal capabilities.

6.4.8.3
Adding IMS media to the CS call

UE-A will send a RE-INVITE message with additional IMS media to the previously requested speech media.  The caller S-CSCF will trigger an appropriate AS that can interwork between the sessions towards the IMS/VoIP UE and the CS/CSB UE. The AS will detect that UE-A was already involved in an IMS speech session with UE-B and will map the re-INVITE into an initial INVITE message. It will also need to split the single multimedia session into a CS speech and IMS non-real-time sessions. Finally, the AS will forward a “new” SIP INVITE message towards the UE-B. 

Editor’s note: 
How the S-CSCF within the originating IMS/VoIP network will support the required set of triggers is for further study. 
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Figure 8
Adding additional IMS media by the IMS VoIP UE
6.4.8.4 Initiating IMS session

The UE-A (i.e. IMS/VoIP) will setup an IMS session towards a CS/CSB UE in. The caller S-CSCF will process the received SIP INVITE and trigger an AS that can handle the interworking between the IMS/VoIP and CS/CSB. The AS will act as a B2BUA and has two different SIP sessions, i.e. session A towards the UE-A and session B towards UE-B. The AS will keep status information on this IMS session to be able to correlate a potential IMS speech session later. The AS will forward the SIP INVITE towards the UE-B.

When the UE-B provide its response to the SIP INVITE without its terminal capabilities since the B2BUA can not know if the VoIP UE will keep the terminal capabilities of the callee. Therefore, the SIP INVITE was send without the terminal capabilities within the SDP offer. This means that UE-B will request UE-A’s capabilities if the UE-A capabilities are not cached. See 6.4.8.2 for the flows.
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Figure 9
Initiating IMS media by the IMS VoIP UE

6.4.8.5
Adding CS speech session to ongoing IMS session
The UE-A (i.e. IMS/VoIP) will setup a speech service towards an CS/CSB UE in which the call is routed towards the MGCF/MGW within the VoIP network. Since UE-A is already engaged within an IMS session with UE-B, a SIP re-INVITE message is send by UE-A. The SIP re-INVITE will contain a SDP tag indicating for CS speech service. The S-CSCF will process the received SIP re-INVITE and trigger an AS that can act as a B2BUA to interwork between the MGCF and IMS VoIP UE. The AS will have two different SIP sessions to each of the UEs, i.e. session A towards the UE-A and session C towards MGCF. Finally the S-CSCF will forward the SIP INVITE towards the MGCF. The MGCF will map the SIP INVITE to the BICC/ISUP IAM message and will send the IAM message towards the UE-B (i,e, CS/CSB UE).

The involved AS will keep status information of these sessions so that it will be able to merge potential CS/CSB sessions into a single IMS/VoIP session.

Editor’s note: 
How the S-CSCF within the originating IMS/VoIP network will support the required set of triggers is for further study. 
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Figure 10
Adding CS speech to an ongoing IMS session
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