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Introduction
This contribution adds the video call support for ICS.
Excerpt from TS 22.173 (Multimedia Telephony Service and supplementary services) is provided here: 
4.2
Default media handling capabilities of IMS Multimedia Telephony service

IMS Multimedia Telephony can support many different types of media and the default set of capabilities include the following:

· Full duplex speech

· Real time video (simplex, full duplex), synchronized with speech if present.

· Text communication

· File transfer, 

· Video clip sharing, picture sharing, audio clip sharing. Transferred files may be displayed/replayed on receiving terminal for specified file formats.

At least one common standardized format (e.g. JPEG, AMR) shall be supported per media type.

The IMS Multimedia Telephony service should at least support the following handling of media

· Adding and removing individual media to/from a IMS Multimedia Telephony communication

The Feasibility Study for the multimedia inter-working between the IP Multimedia Core Network (CN) Subsystem (IMS) and Circuit Switched (CS) networks is nearly complete (refer to TR 29.863). Considering that video call is needed and feasible, which many 3GPP operators regard as a key part of UMTS. This paper proposes to consider video call in ICS WI and the whole text is amended correspondingly.
Proposed Changes
It is proposed to add the following text in TR 23.982 .

*** Start of first change *** 
1
Scope

1.1
General

1.2
Motivation and background

Communication networks are evolving towards packet-based infrastructures. A single common consolidated core network offers service providers the possibility of reduced core network complexity and maintenance. As service providers shift their core network infrastructure from the CS domain to a consolidated common IMS infrastructure the need will exist to enable the consistent provision of services to subscribers over a variety of accesses, including CS domain and PS domain accesses. 

Initially it can be expected that the coverage of IP-CANs capable of transporting bi-directional speech/video media will be limited compared to CS domain access networks at least during the introduction period of IP-CANs capable of transporting bi-directional speech/video media. Therefore a need exists to specify an architecture that supports the provision of IMS based services across a variety of PS domain or CS doamin access networks (see Figure 1.2-1). This thereby enables a consistent user-experience with bi-directional speech/video services of IMS subscribers irrespective when being inside or outside the coverage of an IP-CAN capable of transporting bi-directional speech/video media.

Figure 1.2-1: IMS based services across a variety of PS and/or CS domain access networks

In order to take advantage of all the new capabilities IMS has to offer, it is assumed that new terminals are required. However, there is also an interest to analyze whether IMS bi-directional speech/video services can be supported to terminals without any IMS capabilities in order to enable centralization of service management in IMS. 
Already 3GPP TR 23.806 [8], introduced the concept of IMS controlled service continuity in Section 6.3 “Service Continuity Model: IMS Controlled Alternative”. The Voice Call Continuity (VCC) Application is described in 3GPP TS 23.206 [3],which implements a distributed service model where both CS and IMS services can be used by a VCC subscriber as follows: 

- When using a PS domain access, only IMS services are offered. 

- When using a CS domain access, call control and supplementary services are active in IMS with the exception of mid call and presentation services, which are active in the CS domain. 

Moreover, the development of the architecture for Voice Call Continuity has identified that supporting domain transfer of active mid-call services by implementing such services in both the CS domain and IMS is not a viable solution in the 3GPP Rel-7 timeframe. When mid-call services are active, the domain transfer cannot be executed unless the mid-call service is finalized first. 

Therefore it is proposed to develop an architecture that allows implementation of such services in IMS while also allowing IMS control when the serving access network is in the CS domain. In addition to the VCC scenario, the increased deployment of bi-directional speech/video media capable access technologies will encourage further service development on IMS. This therefore increases the importance of being able to access these services via CS domain access independently of the support of VCC and also independently of having an IMS enabled terminal. The solution for centralized IMS service control should also support call independent IMS supplementary services management.
Different access network scenarios for centralized IMS service control can be envisioned as depicted in Figure 1.2-2:

- Scenario A: The serving access network is an IP-CAN capable of transporting bi-directional speech/video media. Here both media transport and session control signalling is carried over the IP CAN.

- Scenario B: The serving access network is a CS access: Here both media transport and session control signalling is carried over CS domain access.

- Scenario C: Both CS domain access and an IP-CAN not capable of transporting bi-directional speech/video media are serving access networks. Here, media transport is carried over CS access and session and media control signalling is carried either over the CS domain access or over the IP-CAN not capable of transporting bi-directional speech/video media.

NOTE: If CS access is used for media transport, CS signalling according to 3GPP TS 24.008 [7] is always used to setup CS bi-directional speech/video media eg TS11 call.

Figure 1.2-2: Scenarios for Centralized IMS Service Control

Within the study of Centralized IMS Service Control both Scenario B and Scenario C need to be investigated for bi-directional speech/video services. Scenario A shall not be impacted by the study of Centralized IMS Service Control. In Scenario C, depending on access and terminal capabilities, additional IMS controlled media (e.g., video, text) can be carried over an IP-CAN that is not capable of transporting bi-directional speech/video media.

For the above-introduced scenarios, the following main cases for session continuity for bi-directional speech/video can be distinguished (see also Figure 1.2-3 and Figure 1.2-4), both requiring domain transfer for bi-directional speech/video between bi-directional speech/video media capable IP-CAN and CS access (Voice Call Continuity as specified in 3GPP-TS 23.206  [3]).
Service Continuity Scenario 1: Access Scenarios A & B 

Figure 1.2-3 Service continuity between scenario A and B

Service Continuity Scenario 2: Access Scenarios A & C 

Figure 1.2-4 Service continuity between scenario A and C
Overall, Centralized IMS Services Control supports the introduction of MMTel by enabling support of IMS bi-directional speech/video services when no bi-directional speech/video media capable IP-CAN is available. Combined with the domain transfer capability of VCC, service continuity for bi-directional speech/video media is enabled for MMTel between bi-directional speech/video media capable IP-CAN and CS access. Furthermore it supports the introduction of MMTel by enabling terminals without IMS support to receive IMS speech/video services.

2
References

3
Definitions, symbols and abbreviations

3.1
Definitions

For the purposes of the present document, the [following] terms and definitions [given in ... and the following] apply.

Bearer Control Signalling Path: Standard CS signalling path used to control the call established to setup CS voice/video bearer between the UE and IMS.

CS Access Signalling: Standard CS signalling used between the UE and the CS network.

ICS UE: The ICS UE is a User Equipment that is capable of receiving telephony services and other services offered by IMS while the voice/video bearer is established via CS.  An ICS UE can also be a UE which can access IMS via an IP-CAN that supports the full duplex speech/video component of the IMS multimedia telephony service, and follows the procedure defined in 3GPP TS 22.101 [1], 22.173 [2], 23.228 [4], 24.229 [6] and 24.173 [5].  An ICS UE is not necessarily capable of VCC.

Non-ICS UE: The non-ICS UE is a User Equipment that does not contain the new capabilities defined in this document. A non-ICS UE is not necessarily capable of VCC.

RUA Leg: The call leg between the ICCF and the remote end. It is formed at the ICCF for presentation of the SIP UA behaviour to IMS on behalf of the UE. The TAS, VCC AS and other Application Servers are invoked on the RUA Leg.

Session Control Signalling Path: Signalling path established between the UE and the ICCF, either directly or via CS network elements such as the VMSC and the HSS for enablement of IMS control of user sessions at the ICCF when using CS voice/video bearers.
Session Transfer Identifier: Session Transfer Identifier is an identifier used by Domain Transfer Function to identify the anchored sessions destined to or originated from a specific UE. It is used by the UE or the network to ask for performing the domain transfer for a specific anchored session.
UE Leg: The call leg between the ICCF and the UE. It is formed at the ICCF by combining of the CS call established between the UE and the ICCF to set up the voice/video bearer, and the ICCC established between the ICCF and the UE.

3.2
Symbols

3.3
Abbreviations

4
Overall Requirements 

5
Architectural Requirements and Considerations 

5.1
Basic Assumptions
5.1.1
Domain Transfer principles

Domain Transfer procedures are based on the following principles:
-
For IMS sessions established over PS access, standard IMS procedures are used. Multiple sessions exist for multiple calls; e.g. two sessions with two different media exists. All of the user sessions are anchored at the DTF in the VCC Application, with one Access Leg and one Remote Leg per session established for all user sessions at the DTF. 
-
For IMS sessions with bi-directional speech/video media established over CS access the RUA in the ICCF presents user sessions to IMS as standard IMS sessions after combining with CS media. Multiple sessions exist for multiple calls, but only one CS bearer is used for these sessions; i.e. only one session is active over the CS bearer. All of the user sessions are anchored at the DTF in the VCC Application, with one Access Leg and one Remote Leg per session established for all user sessions at the DTF. 
-
The Access Legs associated with all the sessions present in the transferring-out domain at the time of Domain Transfer are updated at the DTF in the VCC Application with information from the transferring-in domain. This is required for proper control of current sessions after Domain Transfer and to ensure that the control of these sessions is consistent with any new sessions established after Domain Transfer.

-
At most one active session and zero or more inactive sessions with bi-directional speech/video media is transferred as part of Domain Transfer.

Editors Note: How to handle the case with multiple active sessions in FFS (e.g. conferencing in the IMS UE).
5.2
Architectural Requirements

5.2.1
Service consistency

The following requirements are defined to ensure service consistency:

-
It shall be possible to provide the services offered by the Telephony Application Server to the users who are accessing the network via the CS domain or via an IP-CAN support MMTel full duplex speech/video service set as defined in 3GPP TS 22.173 [2] & 24.173 [5]. 
-
Current definition of the MMTel multimedia telephony service definitions offered by the TAS as defined in 3GPP TS 22.173 [2] and 24.173 [5] shall not be changed due to the centralization of services in IMS.

-
Home IMS network services shall be provided when using CS access for full duplex speech/video media transport in home and roaming networks;   however a reduced service offering may be provided subject to the constraints of the access network. 

-
Home IMS network services shall not be impacted by the solution for Centralized IMS Service Control when using an IP-CAN for full duplex speech/video media transport in home and roaming networks.

-
The solution shall support call independent IMS supplementary services management

-
Solution needs to work also over international transit networks.
Editors Note 1: The capabilities of the international transit networks need to be identified.
-
It shall be possible to support Emergency Call and Priority Services (ETS) for IMS Centralized Services users. 

Editor’s Note 2: Other services beside the one defined in TS 22.173 [2] is FFS.

5.5
Session Scenarios

5.5.1
Session Scenarios when a PS network is used that supports the full duplex speech/video component of the IMS multimedia telephony service
When the UE has access to a PS network that supports the full duplex speech/video component of the IMS multimedia telephony service, then standard IMS session scenarios are supported according to the procedures specified in 3GPP TS 22.101 [1], 22.173 [2], 23.228 [4], 24.229 [6] and 24.173 [5],  no further amendments required.

5.5.2
Session Scenarios when a PS network is used that does not support the full duplex speech/video component of the IMS multimedia telephony service
When the UE has access to a PS network that does not support the full duplex speech/video component of the IMS multimedia telephony service and can use a CS domain to access IMS services, then the solution shall support the IMS session scenarios specified in clause 5.5.3.

NOTE: It is not clear how the UE understands if a PS network is capable of supporting the full duplex speech/video component of the IMS multimedia telephony service, but this issue is considered out of the scope of this document.

5.5.3
Session Scenarios when a CS network is used to access IMS services

5.5.3.1
Session scenarios for an ICS UE

When an ICS UE accesses IMS services over a CS network, then the following IMS session scenarios shall be supported according to the procedures specified in 3GPP TS 22.101 [1], 22.173 [2], 23.228 [4], 24.229 [6] and 24.173 [5],  along with the solution specified in this document. 

-
Basic voice/video service origination and terminating sessions.

-
Voice/video origination and termination service sessions with Line ID services (e.g. OIP, OIR, TIP, TIR) controlled in IMS.

-
Voice/video origination and termination service sessions with Communication Barring services controlled in IMS.

-
Voice/video termination service sessions with Communication Diversion services  controlled in IMS.

-
Voice/video origination and termination service sessions with mid-call services (e.g. Hold/Resume, Conferencing, CW, ECT) controlled in IMS.
-
Use of Ut over PS domain for communication services setting modifications (e.g., changing forwarding info or activating barring services, etc).
Editor’s note: Procedure for the communication services setting modifications where PS domain is not available is FFS.
The solution shall provide also generic capabilities to enable introduction of new bi-directional speech/video related IMS services via CS bearer without further standardisation. 

5.5.3.2
Additional Session Scenarios for ICS UE capable of VCC

In addition to session scenarios specified in clause 5.5.3.1 for ICS UEs, the solution shall support the following VCC session scenarios according to network procedures specified in TS 23.206 [3] when a ICS UE is capable of VCC:

-
Domain Transfers of basic voice/video service sessions in both directions (between networks that support the full duplex speech/video component of the IMS multimedia telephony service over IP-CAN and CS).

-
Domain Transfers of voice/video sessions with non mid call services in both directions (between networks that support the full duplex speech/video component of the IMS multimedia telephony service over IP-CAN and CS).

-
Domain Transfers of voice/video sessions with mid call services in both directions (between networks that support the full duplex speech/video component of the IMS multimedia telephony service over IP-CAN and CS).

-
Domain Transfers of Emergency sessions in both directions using the work being done in 3GPP TR 23.826 [9], VCC support for Emergency Calls as a basis.

5.5.3.3
Session Scenarios for non-ICS UEs

5.5.3.3.1
When using CS networks upgraded with ICS capability 

The solution shall support the following IMS session scenarios together with the procedures specified in 3GPP TS 22.101 [1], 22.173 [2], 23.228 [4], 24.229 [6] and 24.173 [5] when a non-ICS UE accesses IMS services via GSM/UMTS CS network which has been upgraded with the ICS capability:

-
Basic voice/video service origination and terminating sessions.

-
Voice/video origination and termination service sessions with Line ID services (e.g. OIP, OIR, TIP, TIR) controlled in IMS.

-
Voice/video origination and termination service sessions with Communication Barring services controlled in IMS.

-
Voice/video termination service sessions with Communication Diversion services controlled in IMS.

-
Voice/video origination and termination service sessions with mid-call services (Hold/Resume, Conferencing, CW, ECT) controlled in IMS.

5.5.3.3.2
When using CS networks not upgraded with ICS capability

The solution shall support the following IMS session scenarios together with the procedures specified in 3GPP TS 22.101 [1], 22.173 [2], 23.228 [4],, 24.229 [6] and 24.173 [5] when a non-ICS UE accesses IMS services via GSM/UMTS CS network which has not been upgraded with the ICS capability:

-
Basic voice/video service origination and terminating sessions.

-
Voice/video origination and termination service sessions with Communication Barring services controlled in IMS.

-
Voice/video termination service sessions with Communication Diversion services controlled in IMS.

Support of the following session scenarios may not be possible when a non-ICS UE accesses IMS services via GSM/UMTS CS network not upgraded with the ICS capability; these session scenarios may be supported with control of respective Supplementary Services in CS domain if necessary.

-
Voice/video origination and termination service sessions with Line ID services (OIP, OIR, TIP, TIR) controlled in IMS.

-
Voice/video origination and termination service sessions with mid-call services (Hold/Resume, Conferencing, CW, ECT) controlled in IMS.

5.5.3.3.3
Additional Session Scenarios for non-ICS UE capable of VCC

In addition to session scenarios specified in the clause 5.5.3.3.1 and clause 5.5.3.3.2 for a non-ICS UE, the solution shall support the following VCC session scenarios according to procedures specified in 23.206 [3] when a non-ICS UE capable of VCC accesses IMS services via GSM/UMTS CS network:

-
Domain Transfers of basic voice/video service sessions in both directions.

-
Domain Transfers of voice/video sessions with non mid call services in both directions.

6 Architecture Alternatives

6.1 Introduction
The architectural alternatives described here may broadly be divided into those that have UE impacts and those that do not. Descriptions of the alternatives that impact the UE follow the ICS Reference Architecture and Reference Point clauses. The alternatives that do not impact the UE are described in a clause following the ICS Reference Architecture.
In the architecture alternatives described here a fundamental part of the architecture is the concept of the IMS CS Control Channel (ICCC). This is a logical control channel, established between the UE and an IMS network element for establishment and/or service control of IMS sessions using CS voice/video bearers as described below.

6.1.1
IMS CS Control Channel (ICCC)

The IMS CS Control Channel (ICCC) is a logical control channel used to transport control signalling between the ICS UE and the IMS when accessing IMS services via the CS domain. ICCC is used when needed, e.g. for IMS registration, on session establishment and/or service control of IMS sessions using CS voice/video bearers. The ICCC can in principle be established over the CS domain network, in which case it is referred to as I1-cs, or over the PS domain, in which case it is referred to as I1-ps. 

-
Transport mechanism for I1-cs is USSD and the transport mechanism for I1-ps is a PS bearer.

The USSD transport mechanism does not offer as much bandwidth as the PS bearer so when using the USSD transport mechanism the limited bandwidth has to be taken into account and a suitable IMS CS Control Protocol (ICCP) is required. The ICCP may be implemented as a functional or stimulus protocol as driven by the architectural requirements. Details of ICCP implementation are for further study. 

IMS SIP signalling is carried over the I1-ps.

Editor’s Note 1: Procedures for use of ICCC for IMS registration when using CS access, and session establishment and/or service control of IMS sessions established using CS voice/video bearers are FFS.

Editor’s Note 2: ICCC only applies to MMTEL services. Potential use of ICCC for non-MMTEL services is FFS.

6.2
ICS Reference Architecture

6.2.1
Reference architecture diagram

The figure below provides a Reference Architecture for IMS voice/video sessions established by an ICS UE using CS voice/video bearers and for voice/video sessions transferred between CS and PS access.

Figure 6.2.1-1: ICS – Reference Architecture 

NOTE: Only relevant functions are shown.
6.2.2
IMS CS Control Function (ICCF)

6.2.2.1
Remote User Agent (RUA)

The Remote User Agent (RUA) performs SIP User Agent functions on behalf of the ICS UE for IMS voice/video sessions established using CS voice/video bearers.
Editor’s Note: Interaction details between the redirection functionality in the ICCF versus the one used in the VCC application is FFS
The RUA combines the CS call established between the UE and the RUA to set up a voice/video bearer, and the ICCC established between the RUA and the UE either directly or via the CAAF. It enables the completion of the call leg towards the UE, referred to hereafter as the “UE Leg”; and presents the session through the S-CSCF toward the other party, on a call leg referred to hereafter as the “RUA Leg”. The UE Leg and the RUA Leg form a B2BUA at the RUA. The TAS and other Application Servers are executed on the RUA Leg as part of standard service execution logic at the S-CSCF. The session processing complies with the current IMS procedures (e.g. MMTel as in TS 24.173[5] for standardized supplementary services). In other words TAS and other IMS Application Servers do not see a difference regarding the current IMS/MMtel procedures, whether it serves a UE roaming in CS or in IP-CAN. This does not exclude access specific information passing via SIP and its use when necessary by the services.

6.2.2.2
Realization of the ICCF   

6.2.2.2.3  IMS Adaptor approach for I1-cs and I1-ps
Figure 6.2.2.2.3-1: IMS Adaptor model for ICCF with an Mw reference point for I1-ps and I1-cs
 from IMS point of view as an IMS user with capability bi-directional speech/video only. This approach for physical realization of the ICCF is referred to hereafter as the IMS Adaptor approach.

Editor’s Note 1: A decision would be required for selection of one physical implementation of RUA.

Editor’s Note 2: The interaction between VCC and the ICCF is for further study.

Editor’s Note 3: The handling of registration via the I2 reference point is for further study.
Editor’s Note 4: It is FFS whether IMS Registration is required over CS access. 
6.5
Architectural alternative: I1-ps approach
6.5.1
Signalling and bearer architecture for full duplex speech/video over CS access
When in CS coverage with simultaneous PS access available, e.g. UTRAN, the ICS UE may use IMS SIP signalling over PS bearers for enablement of I1-ps when support of the full duplex speech/video component of the IMS multimedia telephony service is not available over PS bearer. 

Figure 6.5.1-1: Signalling/Bearer Paths for PS transport of ICCC

In this model the I1-ps is enabled by using IMS SIP signalling over PS bearers, and is used for session setup when establishing IMS voice/video sessions using CS voice/video bearers. IMS SIP signalling is used in the UE for control of all calls with the I1-ps established through the Session Control Signalling Path over PS access. Standard IMS call control procedures are used to set up the Session Control Signalling Path between the UE and remote end with the RUA inserted in the session path. No bi-directional speech/video media is transmitted over the IP-CAN. In parallel, the UE establishes a Bearer Control Signalling path with the RUA by establishing a CS call toward the RUA. The Bearer Control Signalling and Session Control Signalling stimuli are combined at the RUA for presentation of the IMS session toward the CSCF on behalf of the UE. 

The UE maintains the SIP/SDP state machine with RUA also maintaining a copy of the state data when present in the session path.

Use of the I1-ps for session setup for this model enables the capability to provide all services exclusively by IMS.

The CAAF is not required when using I1-ps with RUA providing control of IMS sessions using CS voice/video bearers.
Editor’s Note: It is possible that session and media control signaling transport over the PS access in an ongoing session becomes unavailable while the CS access in the same session is still available. How to deal with the case is FFS. There may be a requirement for the control signaling continuity to transfer the transport from the PS access to the CS access.
6.5.2.1
Origination

6.5.2.1.1
Calls established using CS bearers with use of I1-ps
Figure 6.5.2.1.1-1 provides an example flow for a call made by an ICS UE A to the other end B with I1-ps.

Figure 6.5.2.1.1-1: ICS UE origination: PS transport

1,2
 ICS UE A generates a SIP INVITE initiating a session toward the other end B, and sends it toward the home IMS. The SIP INVITE message has sufficient information needed at the RUA of the ICCF to correlate the session request with the Bearer Control Session established with the RUA of the ICCF in steps 3 through 6. 

Editor’s Note 1: The details how to indicate the use of CS bearer instead of regular VoIP in SDP are FFS. 3GPP TS 24.229 [6] requires media indication in originating case, it is FFS on how this is used. 

Editor’s Note 2: The details on correlating the session request with the Bearer Control Session established with the RUA are FFS.

NOTE 1: The SIP Session Control Signalling is used to carry information that would be otherwise (i.e. in regular IMS procedures) carried in the same SIP dialog than voice/video media (examples: voice/video media is inactivated, location of the UE is carried in PIDF-LO element and SIP Call-Info header carries e.g. business card). In other words, the SIP Session Control Signalling is not used for SIP messages that are sent out of the SIP dialog of voice/video media (examples: REFER, SUBCSCRIBE, NOTIFY, PUBLISH, MESSAGE as these messages are typically sent out of the existing voice/video SIP dialog). 

Editor’s Note 3: Whether the SIP Session Control Signalling is used to carry also the SDP offer/answer negotiation for multimedia (other media than voice, e.g. MSRP), or a separate SIP dialog is used for them, is FFS.


3
The ICS UE initiates standard CS procedures for establishing a CS originated call with the RUA of ICCF to establish the Bearer Control Signalling session with the RUA of ICCF. The UE A sends a CS SETUP message to DN associated with the RUA of ICCF. 

NOTE 2: The figure shows that the RUA DN is static (i.e. configured beforehand to the UE) and Steps 3-5 may occur in parallel to steps 1-2.

Editor’s Note 4: It is FFS on dynamic RUA DN (i.e. UE learns it on call basis during the SIP Signalling) use case and how it is done. 

4
Standard VMSC procedure for CS origination.

5
Standard MGCF procedure for PSTN origination. The I-CSCF routes the INVITE based on the standard procedures “PSI based Application Server Termination (direct or –indirect) procedures in TS 23.228 [4]. S-CSCF selected may not be the same one as in step 1. The PSI routing points to the same RUA of the ICCF as in step 1 (e.g., with the use of dedicated PSI per user).

6
Standard IMS procedure to route the SIP INVITE message to the RUA of the ICCF is invoked as part of standard iFC processing at the S-CSCF.

7
The RUA of the ICCF the invokes a B2BUA, terminating the UE Leg and originating the RUA Leg for presentation of an IMS session toward Other end B on behalf of ICS UE A. The RUA of the ICCF combines the SDP offers received for the Session Control Signalling and Bearer Control Signalling as one offer towards the other end B. The SDP offer used to establish the full duplex voice/video media send towards other end B follows the regular IMS procedures for a VoIP offer for full duplex voice/video media. 

8
Standard IMS originated session processing at the CSCF. 
6.5.2.3
Mid-call services

6.5.2.3.1
Calls established using CS bearers with use of I1-ps
Figure 6.5.2.3.1-1 provides an example flow for a call made by an ICS UE A to the other end C after holding the other end B.

Figure 6.5.2.3.1-1: ICS UE mid-call service-A holds B, calls C: PS transport

1
ICS UE A Holds Call to the other end B by sending a “HOLD indication” via SIP Re-INVITE message to RUA.

2
Standard IMS procedure to communicate the SIP message to the RUA.

3
RUA composes an SDP offer towards the B party to put the voice/video media on hold. SDP offer/answer for hold follows the standard MMTel procedures.   

4
Standard IMS procedure to communicate the SIP message to the B party.

5
UE A generates a SIP INVITE initiating a session toward the other end C, and sends it toward the P-CSCF and I/S-CSCF. The SIP INVITE message has sufficient information needed at the RUA to correlate the session request with the Bearer Control Session established previously with the RUA. The SDP offer in INVITE indicates to the RUA that the UE-A is willing to establish a voice/video call via CS bearer, and the actual details for voice/video media will be offered by MGCF.  

6
Standard IMS procedure to communicate the SIP message to the RUA.

7
RUA remembers the original SDP offer from MGCF that it received for a call towards B party, and composes a new SDP offer towards the C party, based on the original offer from MGCF and offer from UE-A for session control Signalling.  

8
Standard IMS procedure to communicate the SIP message to the C party.

Editor’s Note: The interaction between ICCF/MGCF/MGW in order to connect party A and C is FFS.
6.5.2.4
Domain Transfer to CS

The following figure provides an example flow for Domain Transfer to CS when the user is engaged in a held voice/video session with the other end B and an active voice/video session with the other end C, when using ICS UE with I1-ps and the AS approach for the ICCF.
Figure 6.5.2.4-1: Domain Transfer to CS
As a starting point, user A has two ongoing voice/video calls, one in Active state with C, and another on Hold with B. This means the UE-A has two ongoing SIP dialogs which both include Session and Bearer Control Signalling, one dialog towards UE-C and another UE-B. Neither of them traverses via RUA. Procedures to establish such dialogs follow the procedures in TS 24.173 [5].
6.6
Architectural alternative: I1-cs Application Server approach

6.6.1
Signalling and bearer architecture for full duplex speech/video over CS access

The Signalling/bearer paths for an IMS session established via CS access with USSD transport of the I1-cs and Application Server approach for RUA are described in figure below.

Figure 6.6.1-1: Signalling/Bearer Paths-USSD transport with AS approach for RUA

NOTE: gsmSCF used for redirection of CS calls and USSD processing is not shown for brevity

6.6.2.2.1
Introduction
Example information flows for session terminations using different models for the signalling/bearer architecture for full-duplex speech/video service with IMS centralized services over CS access are discussed in the following.
6.6.2.4
Domain Transfer

6.6.2.4.1
Domain Transfer to IMS

The following figure provides an example flow for Domain Transfer to IMS when the user is engaged in a held voice/video session with the other end B and an active voice/video session with the other end C, when using ICS UE and the AS approach for the ICCF.
Figure 6.6.2.4.1-1: Domain Transfer to IMS

Editor’s Note 1: The information flow needs to be updated to integrate the Session Transfer Identifier as illustrated in S2-072037.
6.6.2.4.2
Domain Transfer to CS

The following figure provides an example flow for Domain Transfer to CS when the user is engaged in a held voice/video session with the other end B and an active voice/video session with the other end C, when using ICS UE with I1-cs and the AS approach for the ICCF.
Figure 6.6.2.4.2-1: Domain Transfer to CS – I1-cs, AS approach for ICCF
6.7
Architectural alternative: I1-cs IMS Adaptor approach

6.7.1
Signalling and bearer architecture for full duplex speech/video over CS access
This model is centred around the concept of emulating a standard IMS capable UE accessing IMS services via CS access, as an IMS end point, hence CS access specific adaptations are handled in the ICCF. In this approach, the ICCF emulates a P-CSCF towards the IMS core (see also Figure 6.7.1-1). The ICCF is not impacted by additional IMS sessions established over IP-CAN in case a suitable IP-CAN is available. 
Transparent CS Signalling, using USSD dialogues, is used to communicate needed session control signalling information from the UE using I1-cs via the MSC-S / MSC/VLR through the HSS (at initial registration in IMS and when UE is roaming in a visited domain), or directly from the MSC-S / MSC/VLR, when UE is roaming or at home, to the ICCF (serving MSC assumed to have a suitable USSD application for ICS). I1-cs is terminated in the CAAF of the ICCF and the CAAF performs necessary adaptation for the I1-cs when relaying the Session Control Signalling to/from the RUA which presents SIP UA behaviour on behalf of the UE toward IMS.

Editor’s Note 1 : The protocol requirements of the signalling using USSD dialogues are for further study as IMS CS Control Protocol (ICCP).

Editor’s Note 2: The IMS registration performed over the RUA leg and the security implications are for further study.

For establishment of IMS sessions via CS access, the UE establishes a media control signalling path with the SIP UA (RUA) within the ICCF by establishing a CS call toward the ICCF (the CAAF in the ICCF is bypassed). Different options do exist to route the CS call from the UE to the ICCF. In parallel, it establishes a session control signalling path with the USSD Handler in the CAAF within the ICCF using transparent CS Signalling using USSD as described above.  The media control Signalling and session control Signalling are combined in the RUA at the ICCF for presentation of SIP UA behaviour for establishment of an IMS session.

The same principle applies for a terminating call to the UE, ie. I1-cs is used to carry signalling needed for establishment and/or for any required control of terminating IMS sessions from the ICCF to the UE, and media transport over CS access is either established or an already established one is reused.

The UE uses a session control signalling path via the ICCF to control the service related to the first session (e.g. mid call handling).  Subsequent call related input is communicated to the ICCF using the session control signalling path; i.e. CS call setup procedures are not used for establishment of subsequent user sessions or for invocation of mid-call voice/video services. Upon Domain Transfer from CS access to PS access, the CS access related service state is released in both the ICCF and the UE. 

Use of the I1-cs for session setup enables provisioning of MMTel bi-directional speech/video services to ICS UEs when using CS access with this model.

Figure 6.7.1-1: Signalling/Bearer Paths: USSD transport of ICCP with IMS Adaptor approach

6.7.2.3
Mid-call services

6.7.2.3.1
General

Example information flows for mid-call services for the signalling/bearer architecture for full-duplex speech/video service with IMS centralized services over CS access are discussed in the following.

6.9
CAMEL redirection of CS call to IMS

6.9.1
Call origination using CAMEL redirection of CS call to IMS

Figure 6.9.1-1: ICS origination: CAMEL Redirection to IMS
1
ICS UE A initiates a call to user B. The ICS UE initiates standard CS procedures for establishing a CS originated call.

2
Standard VMSC procedure for CS origination. CAMEL origination triggers are used at the VMSC to reroute the call to RUA of ICCF by retrieving an IMRN which is allocated as part of the CAMEL origination trigger processing as described in TS 23.206 section 6.2.2.2.
Editor’s Note 1: How Line ID services (e.g., temp OIR) are executed when using CS call control for initial session setup is FFS.

Editor’s Note 2: The relationship and inter-working with VCC is FFS.

3
Standard MGCF procedure for PSTN origination.

4
Standard CSCF procedure for PSI termination.

5
The RUA of the ICCF invokes a B2BUA, terminating the UE Leg and the other originating the RUA Leg for presentation of IMS session toward other end B on behalf of ICS UE A.

6
Standard IMS originated session processing at the CSCF.

Editor’s Note 3: If subsequent call/service control uses SIP via I1-ps, both parties must be able to establish the PS session control signalling in the call setup phase and in middle of the voice/video call when the service needs to be invoked. How to associate the existing CS bearer with the subsequent control signalling sent via I1-ps is FFS.
6.9.2
Use of CS call control procedures for first session setup, CAMEL used to redirect CS calls to IMS

For each of the ICCC based ICS solutions, it is also possible to use standard CS call control procedures for setup of the first UE session with CAMEL used for redirection of the first user session to IMS. In this case, the ICCC is used for subsequent session set up and control of mid call services. SIP is used with the RUA providing SIP UA behaviour on behalf of the UE for control of all user sessions.  The Bearer Control Signalling path is established between the UE and the RUA by redirecting the CS call toward the RUA using CS redirection techniques such as the CAMEL origination triggers.
If a supplementary service needs to be invoked for the first user session, the UE uses ICCC to control the service related to the first session.  The UE uses the ICCC for establishment and service control of the second user voice/video session. CS call setup procedures are not used for establishment of subsequent user sessions or invocation of mid-call voice/video services. The RUA maintains the SIP/SDP state machine. Upon Domain Transfer, the service state is released in the UE. The RUA is therefore inserted in the session path for IMS sessions established for a dual mode UE for synchronization of service data post Domain Transfer to CS when using this model.
Call based (temporary) line identification services shall be provided as assisted by CS domain with this model.

Editor’s Note: The need for distributed service configuration for some Supplementary Services e.g. Line ID services with this model is FFS.
***End of first change *** 
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