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************   Start of First Change ************
1
Scope

The present document provides architectural details to combine CS services and IMS services for using them in parallel between the same two users in a peer-to-peer context. The document provides a detailed description of how capabilities and identities are exchanged to enable the combination of CS and IMS services between the same two UEs. 

The present document includes the following capabilities that enable the combination of CS and IMS services:

-
Radio capability exchange. 

-
SIP based UE terminal capability exchange.

-
MSISDN number exchange in SIP.

-
Establishing an IMS session in parallel to an ongoing CS call between the same two UEs.

-
Establishing a CS call in parallel to an ongoing IMS session between the same two users UEs.
-
Handling the termination of the real-time sessions and calls
The individual CS call or IMS service that are combined are described in their respective specifications.

2
References

The following documents contain provisions, which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies.  In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

[2]
3GPP TS 23.228: "IP Multimedia Subsystem (IMS); Stage 2".

[3]
3GPP TS 23.081: "Line Identification supplementary services; Stage 2".

[4]
3GPP TS 23.221: "Architectural Requirements".

[5]
3GPP TS 23.002: "Network Architecture".

[6]
3GPP TS 24.008: "Mobile radio interface Layer 3 specification; Core network protocols; Stage 3".

[7]
3GPP TS 29.002: "Mobile Application Part (MAP) specification".

[8]
3GPP TS 23.082: "Call Forwarding (CF) supplementary services; Stage 2".

[9]
3GPP TS 23.083: "Call Waiting (CW) and Call Hold (HOLD) supplementary services; Stage 2".

[10]
3GPP TS 23.060: "General Packet Radio Service (GPRS); Service description; Stage 2".

[11]
3GPP TS 23.088: "Call Barring (CB) Supplementary Service; Stage 2".

[12]
3GPP TS 23.091: "Explicit Call Transfer (ECT) Supplementary Service; Stage 2".
[13]
3GPP TS 22.279: "Combined CS Calls and IMS Sessions; Stage 1".

[14]
3GPP TS 22.115: "Service Aspects; Charging and Billing".

[15]
3GPP TS 23.087: "User-to-User Signalling (UUS) Supplementary Service; Stage 2".
[16]
3GPP TS 23.206: "Voice Call Continuity between CS and IMS – Stage 2".
3
Abbreviations
For the purposes of the present document, the following abbreviations apply:

AS
Application Server

CSI
Combination of CS and IMS services

DTM
Dual Transfer Mode

IAM
Initial Address Message

CON
Connect Message

MRFC
Media Resource Function; Control part 

MRFP
Media Resource Function; Physical Part

MSRP
Message Session Relay Protocol

RAT
Radio Access Technology

RTP
Real-time Transfer Protocol

4
Overall requirements

4.1
General description

The "combination of CS and IMS services" (CSI) is essentially a combination of existing CS and IMS services, i.e. mechanisms and procedures for the IMS part of the CSI session apply according to TS 23.228 [2].

The UE presents the CS call and IMS session within one context to the user. To facilitate this, the following capabilities shall be provided:

1.
Exchange of information related to the current radio environment;

2.
Exchange of terminal capability information;
3.
Addition of an IMS session to an ongoing CS call;
4.
Addition of a CS call to an ongoing IMS session.
5.
Termination of the real-time sessions and calls
4.2
Service requirements

The service requirements of combining IMS and CS services are described in TS 22.279 [13].

************   End of First Change ************
************   Start of Second Change ************

-
Functionality is required to handle remote parties who use more than one device (e.g. with the same MSISDN or the same public user ID).

-
The same MSISDN should be used for the users IMS subscription and their CS subscription. The system behaviour is not specified for the case where the MSISDN for the IMS subscription and the CS subscription are different.

-
It should be possible to provision the UE IMS service mode of operation (see TS 22.279 [13]), i.e. when the UE should perform the IMS registration.

-
If the UE is not IMS registered and gets engaged in a CS call, then the UE should make an IMS registration using a Public User Identity causing the MSISDN used in the CS call to be implicitly registered.
The following general requirements are applicable to CSI interworking:

-
It shall be possible to interwork between IMS origination and CSI termination for sessions that include a realtime (e.g. voice) component.

Note: This implies the capability to perform the termination of the voice component of the session in the CS domain as a CS call.
-
Impacts to IMS origination by the nature and capabilities of the terminating side of the session (i.e. whether IMS or CSI termination is applied) shall be minimized.
-
Impacts to IMS termination by the nature of the originating call (i.e. whether IMS or CSI origination is applied) shall be minimized. I.e. standard IMS termination procedures should apply irrespective of the nature of the origination possibly taking into account the capabilities of the terminating UE.
-
There shall be no requirement to maintain time synchronization between media transferred over different domains.
-
The terminating CS domain and the originating IMS domain shall not to be impacted.

-
The impact on UE behaviour relating to the origination and termination of IMS sessions shall be minimized.
-
The impact on UE behaviour relating to the origination and termination of CS calls shall be minimized.
-
It shall be possible to apply CSI termination and VCC (that is specified in TS 23.206[4]) in the same network.
-
When an IMS session with voice call component arrives in the terminating IMS core for the CSI termination,, the voice part of the session should be terminated in its CS domain, even if  the UE for the CSI termination is not IMS registered.
5.2
Session scenarios

The generic architectural requirements, as described in TS 23.221 [4], are applicable, and specifically

-
The architectural solution shall support handover scenarios, including inter-system handover;

-
The architectural solution shall support roaming scenarios with home GGSN ("IMS with GPRS roaming");

-
The architectural solution shall support roaming scenarios with visited GGSN ("IMS roaming");

-
The architectural solution shall be compatible with the IMS home control paradigm;

-
The architectural solution shall support interworking with conversational IMS services, which use PS bearers;

-
The architectural solution shall consider future evolution to support migration towards conversational IMS services, which use PS bearers.
5.3
UE logic

A CSI-capable UE shall have logic to trigger the capability and identity exchange required for simultaneous communication on the CS and IMS domains.  Further, the logic shall be able to co-ordinate current activities in the UE , the user preferences, whether support for simultaneous CS and PS access is available and available IMS enablers in such a way, that only those services/enablers are offered to a user, which can be used simultaneously. This logic shall function in such a way that it makes the simultaneous usage of the CS and IMS domains for the media flows as transparent as possible for the user.

For the scenario of a CS call and an IMS session being established at the same time from an end user perspective, an IMS session can be setup first followed by adding a CS call to the IMS session using the call-flow of Section 8.4, or a CS call can be setup first followed by adding the IMS session to the CS call using the call-flow of Section 8.3.

6
Architecture

6.1
General Architecture

The figure below shows a high level E2E architecture of a simultaneous IMS session and CS call between two end-users belonging to the same operator.
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Figure 6-1: High level architecture

NOTE 1:
No specific IMS user plane handling capabilities that are required to support CSI have been identified, i.e. regular IMS user plane handling applies.

-
UE
The UE needs to support simultaneous CS and PS domain access i.e. GERAN DTM and/or UTRAN multiRAB capabilities. Additionally, the UE should support the capability exchange mechanism outlined in Section 7, and the capability to present the CS call and IMS session within the same context to the user.

-
xRAN
 The Radio Access Network is not impacted by Combinational Services. However, for CSI to function, for GERAN access DTM is required, for UTRAN multiRAB is required 

-
PS Core
The Packet Switched Core network remains unchanged.

NOTE 2:
For CSI to function, the PS core needs to support IMS. 
-
CS Core
The CS Core Network remains unchanged. The CS core network contains MSC/VLR, HLR, and possibly other logical elements according to the 3GPP specifications TS 23.002 [5], TS 24.008 [6] and TS 29.002 [7]. However for the Current Radio Environment information exchange to work, support for User-User Signalling Service 1 is required (TS 22.087 [x]).

-
IMS Core
The IMS routes the SIP signalling between the UE (A) and UE (B). In addition, the IMS provides the session control and supports UE capability exchange mechanism for the support of CSI. The IMS core includes the HSS, the CSCFs, and other logical elements like MRFC, MRFP, MGCF, or Messaging AS, according to 3GPP specifications TS 23.228 [2].

-
AS
The means of using an AS is identical to its usage in IMS. The AS may be utilised to handle the control of the IMS specific aspects of a CSI session, for example service-based charging, as described in TS 22.115 [14]. If service-based charging mechanisms like charging based on the content of a multimedia message, the message type or the number of sent and/or received messages are required, then the AS should be involved. The AS may also provide support for time- and/or volume based charging, see TS 23.228 [2] for a more detailed description.
6.2
CSI interworking architecture

The A CSI application server (CSI AS) in IMS domain is introduced in IMS to meet the requirement of the CSI interworking. 

The main functionality of the CSI AS is the following.

· to register the UE which has CSI capability via 3rd party registration when the UE registers IMS 
· Termination logic: examine the media components of the IMS session and make a decision how to terminate them.
The figure 6-2 describes the general architecture for CSI interworking when IMS origination and CSI termination is used.
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Figure 6-2: General architecture and signalling flow in case of IMS origination and CSI termination
The thick solid lines with colors present the signalling flow between UE 1 and UE 2. The multimedia IMS session (blue line) which is initiated by UE 2 is routed to the control entity in IMS domain 1, and then spited by the the CSI AS into two sessions: one is for the voice call and the other is for other services. The control entity forwards the voice call (yellow line) to CS domain 1, while it forwards the IMS session (green line) for other services to PS domain 1. 

When an IMS session with voice component arrives in the S-CSCF of CSI termination (UE is IMS registered), the S-CSCF forwards the session to the CSI AS based on the initial Filter Criteria (iFC) downloaded from the HSS. 

It is FFS whether the IMS session with non-voice component shall also be forwarded to the CSI AS.

The CSI AS decides how to process the incoming session. Detailed behaviours for the CSI AS are described in section 6.3
6.3
CSI Application Server (CSI AS)
6.3.1
General
CSI AS is a functional entity that control CSI interworking. When CSI AS receives the session from the S-CSCF, it performs termination logic. 

The main functionality of the CSI AS is: 

· to register the UE which has CSI capability via 3rd party registration when the UE registers to IMS;

· to control the CSI termination by implementing a 3rd party call control logic (as per TS 23.228, clause 4.2.4); and

· to perform termination logic, i.e. examine the media components of an IMS session targeted toward a CSI capable UE and make a decision how to terminate them;

· to decide whether to keep in the session path or not;

· to handle session separation/forwarding/combining;

Below are some of the factors which could influence the terminating session handling.

· SIP Feature tags or Service IDs or lack thereof;

· SDP Media components;

· UE capabilities

It is FFS whether the additional information are needed to be considered. 
6.3.2
Registration of CSI capable UE

The CSI capable UE indicates its CSI capability during the IMS registration procedure. S-CSCF may use this information to trigger a 3rd party registration, through which The CSI UE is registered to the CSI AS.

The CSI AS may use the CSI capability of the UE in order to perform termination logic when a terminating session is forwarded to the CSI AS.
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Fig 6-3: 3rd party registration for CSI AS

6.3.3
initial Filter Criteria

An initial filter criteria is installed on relevant user’s service profile regardless of their subscription so that the incoming call request related to CSI interworking will be forwarded to the CSI AS.

The initial filter criteria for CSI interworking should be defined properly in order for S-CSCF to identify the incoming call request and forward it to the CSI AS.

Trigger Point in the initial filter criteria may use the following criteria

· IMS Communication Service ID, or lack of IMS Communication Service ID. 

Editor’s note: It is FFS if other trigger points may be considered.

For the services which only use the PS domain (e.g. PoC, messaging), the initial filter criteria should be configured not to forward the INVITE messages to the CSI AS.
************   End of Second Change ************

************   Start of Third Change ************

8.6
Interworking call flow: Voice call of IMS origination and CSI termination
The figure 8.6-1 describes the call flow for the voice call of IMS origination and CSI termination. The UE 1 is CS attached.

Note that the procedure below is simplified for clarity, e.g. some entities are omitted, but the normal IMS procedure for IMS/CS interworking procedure shall be applied.
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Figure 8.6-1: Call flow for the voice call of IMS origination and CSI termination.
The procedure is as follows:

1. The UE 2 initiates the voice call by sending the INVITE message towards the UE 1.

2. The S-CSCF 2 of the originating network sends the INVITE message for the voice to the S-CSCF 1 of the terminating network.

3. Triggered by the applicable iFC, the S-CSCF 1 routes the INVITE message to the CSI AS, which is the CSI control entity in the terminating network. 

4. The CSI AS invokes a Termination Logic (see clause 6.1) that decides to terminate the voice session via the CS domain 1 of the terminating network. 

5. The CSI AS, acting as a 3rd party call control function, sends an INVITE message for a new voice session to the S-CSCF 1, which contains a Tel URI corresponding to UE 1

6-12   The normal information flow takes place, as in case of the IMS/CS interworking, for establishing a voice call toward UE 2 via CS domain 1.

13-15 The CSI AS accepts the original session request from UE 1 by sending a 200 OK message to UE 1 via S-CSCF 1 and S-CSCF 2.

16 
Finally, the CS voice bearer and VoIP bearer are created.

8.7
Interworking call flow:  Multimedia session of 
IMS origination and CSI termination
The figure 8.7-1 describes the call flow for a multimedia session (e.g. with both voice and messaging components of IMS origination and CSI termination.
The assumption is that UE 1 is both CS attached and IMS domain registered. Also, the MSRP protocol is used for transporting the messaging component.

Note that the procedure below is simplified for clarity, e.g. some entities are omitted, but the normal IMS procedure for IMS/CS interworking procedure shall be applied.
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Figure 8.7-1: Call flow for the multimedia session of IMS origination and CSI termination.

The procedure is as follows:

1. UE 2 initiates the multimedia session for voice and MSRP by sending an INVITE message towards UE 1. 

2. The S-CSCF 2 of the originating network sends the INVITE message for the voice and MSRP to the S-CSCF1 of the terminating network. 

3. Triggered by the applicable iFC, the S-CSCF1 of terminating network sends the INVITE message for the voice and MSRP to the CSI AS. 

4. The CSI AS invokes the Termination Logic (see clause 6.1) that decides to split the original IMS session into two sessions: One with the voice media component that will be terminated via the CS domain 1 of the terminating network and another with the messaging component that will be terminated via the PS domain of the terminating network (or any other IP-CAN used by UE 1). The CSI AS acts as a 3rd party call control entity for initiating and controlling these two sessions. 

5. The CSI AS initiates the first session with the voice component by sending an INVITE message to S-CSCF 1 containing a Tel URI corresponding to UE 1.


6-8 & 11-14 Normal IMS/CS interworking functionality is invoked and a CS voice call is established toward UE 1 via CS domain 1 of the terminating network.


9. 
The CSI AS initiates the second session with the messaging component by sending an INVITE message to S-CSCF 1 containing a SIP URI corresponding to UE 1. CSI AS uses any information available to ensure to send the second session to the same terminating UE as the destination of the voice call.


10 & 15-16 UE 1 accepts the messaging session by sending a 200 OK message to CSI AS.


17-19 The CSI AS accepts the original INVITE message from UE 2 by sending to UE 2 a 200 OK response.

 20.
Finally, the CS voice bearer, the PS VoIP bearer, and the PS MSRP bearer are created. Note that the MSRP media could go through the CSI AS.
8.8
Interworking call flow: adding IMS session to existing voice call
The figure 8.8-1 depicts the case when the INVITE message for a new IMS session is sent outside of the existing dialog for the voice call, which was established though IMS origination and CSI termination. This flow is for the case when the CSI AS is not interrogated during the session setup.


[image: image6.emf]UE 1 CS Domain 1 S-CSCF 1 CSI AS

MGCF/

MGW

S-CSCF2 UE 2

Terminating side for the added IMS session

1. INVITE

(MSRP)

2. INVITE

(MSRP)

3. INVITE

(MSRP)

4. 200 OK

5. 200 OK

6. 200 OK

User plane for MSRP

CS voice bearer VoIP voice bearer

Originating side for the added IMS session


Figure 8.8-1: Call flow for adding IMS session to existing voice call using a new dialog

1. The UE 2 initiates a request for adding the MSRP by sending the INVITE message towards the UE 1. Note that the new session is initiated as a separate dialog from the existing session for the voice call.

2. The S-CSCF 2 of the originating network sends the INVITE message for the MSRP to the S-CSCF 1 of the terminating network.

3. The S-CSCF 1 sends the INVITE message for the MSRP to the UE 1

4. The UE 1 responds to the INVITE message with the 200OK message.

5. The S-CSCF1 sends the 200OK message to the S-CSCF 2 of the originating network.

6. The S-CSCF 2 of the originating network sends the 200OK message to the UE 2.

7. Finally, the user plane for the MSRP is created. Note that the MSRP media could go through the CSI AS.

Note that the IMS session addition from UE 1 (CSI termination) is done in the same way as depicted in Figure 8.8-1.
The figure 8.8-2 below shows an alternative call flow for adding an IMS session (e.g. an MSRP session) to an existing voice call with IMS origination and CSI termination (Note: the voice call setup in case of IMS origination and CSI termination is described in section 8.6). The call flow assumes that the INVITE message is linked to the existing dialog which necessitates the flow through the CSI AS. 

Note that the procedure below is simplified for clarity, e.g. some entities are omitted, but the normal IMS procedure for IMS/CS interworking procedure shall be applied.
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Figure 8.8-2: adding an IMS session to an existing voice call to IMS UE
The procedure is as follows:

1. The UE 2 initiates a request for adding the MSRP to the existing voice call by sending the INVITE message towards the UE 1.

2. With normal IMS routing (e.g. based on the request URI), the S-CSCF 2 of the originating network sends the INVITE message for the MSRP to the S-CSCF 1 of the terminating network.

3. Triggered by the applicable iFC, the S-CSCF 1 of the terminating network sends the INVITE message to the CSI AS. 

4. The CSI AS invokes the Termination Logic (see clause 6.1) that decides to terminate the MSRP session to UE 1 over the PS domain (or any other IP-CAN currently used by UE 1). The CSI AS can notice that the received INVITE message is a request for adding an MSRP session to the existing voice session of UE 1.

5-11 The CSI AS sends to UE 1 an INVITE message requesting an MSRP session. UE 1 accepts this request by sending a 200 OK response, and in turn the CSI AS sends a 200 OK response back to UE 2.

12.
Finally, the user plane for the MSRP is created. Note that the MSRP media could go through the CSI AS.

8.9
Interworking call flow: Adding voice call to existing IMS session
The figure 8.9-1 describes the call flow for adding a voice call to an existing IMS session of CSI origination and IMS termination. The assumption is that UE 2 and UE 1 are already registered to IMS and have established a messaging session that uses the MSRP protocol. 
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Figure 8.9-1: Call flow for adding voice call to existing IMS session (CSI to IMS)

The procedure is as follows:

1. The UE 1 initiates a request for adding the voice call to the existing IMS session by sending a SETUP message that contains an E.164 number (in called party) which corresponds to UE 2.

2. As per normal CS/IMS interworking procedures, the CS domain 1 of the originating network sends an IAM message to the MGCF/MGW of the IMS terminating network.

3. The MGCF/MGW of the terminating network sends an INVITE message for a voice session to the S-CSCF 2 of the terminating network.

4. The S-CSCF 2 sends the INVITE message for the voice session to UE 2.

5. The UE 2 responds to the INVITE message with the 200OK message.

6. The S-CSCF 2 sends the 200OK message to the MGCF/MGW.

7. The MGCF/MGW sends the ANM message to the CS domain 1.

8. The CS domain 1 sends the CONNECT message to the UE 1.

9. Finally the CS voice bearer and VoIP voice bearer is created.

The figure 8.9-2 describes the call flow for adding a voice session to an existing messaging session of IMS origination and CSI termination. Note that the session for the voice call is set up as a new session from the existing messaging session, i.e. outside of the existing messaging session dialog.
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Figure 8.9-2: Call flow for adding voice call to existing IMS session (IMS to CSI)

The procedure is as follows:

1. The UE 2 initiates a request for adding a voice session to the existing IMS session by sending the INVITE message towards the UE 1.

2. The S-CSCF 2 of the originating network sends the INVITE message including the voice to the S-CSCF 1 of the terminating network.

3. Triggered by the applicable iFC, the S-CSCF 1 of the terminating network sends the INVITE message to the CSI AS.

4. The CSI AS invokes the Termination Logic (see clause 6.1) that decides to terminate the voice session to UE 1 over the CS domain 1 of the terminating network. The CSI AS can notice that the received INVITE message is a request for adding a voice to the existing IMS session (MSRP in this example).

5. The CSI AS sends an INVITE message to S-CSCF 1 containing a Tel URI corresponding to UE 1.


6-12
Normal IMS/CS interworking functionality is invoked and a CS voice call is established toward UE 1 via CS domain 1 of the terminating network.


13-15
The CSI AS accepts the INVITE request of UE 2 (received in step 3) by sending a 200 OK response to UE 2 via S-CSCF 1 and S-CSCF 2.


16
Finally the CS voice bearer and the VoIP bearer are created.

************   End of Third Change ************
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