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*** FIRST CHANGE ***
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· 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.
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3GPP TS 22.279: "Combined CS Calls and IMS Sessions".

[3]
3GPP TS 23.279: "Combining CS and IMS services".

[4]
3GPP TS 24.008: "Mobile radio interface Layer 3 specification; Core network protocols; Stage 3".

[XX]
draft-johnston-sipping-cc-uui-02 (June 2007): "Transporting User to User Information for Call Centers using SIP".
Editor's note: The above document cannot be formally referenced until it is published as an RFC.
*** SECOND CHANGE ***

9.2.3
MGCF


For CSI termination, the Media Gateway Control Function (MGCF) interworks the UUS1 element between the IMS and CS domain with the following clarifications:

-
When the MGCF receives an SIP message which includes the UUS1 elements in the SIP signalling, as described in draft-johnston-sipping-cc-uui-02 [XX], it creates an ISUP/BICC message that includes a UUS1 element and transports it to the CS domain. 

-
When the MGCF receives an ISUP/BICC message that includes a User-to-User IE, it creates a SIP message includes the UUS1 element, as described in draft-johnston-sipping-cc-uui-02 [XX], and transports it to the CSI AS.

*** THIRD CHANGE ***

9.3.3
CSI AS

9.3.3.1
General

The CSI AS shall support the procedure for the multimedia session splitting, modifying, combining and releasing. 
The CSI AS shall support capability exchange with the CUA in the terminating CS domain on behalf of the CUA in the originating IMS domain.

The CSI AS can use the media feature tags (e.g. g.3gpp.cs-voice and g.3gpp.cs-video) obtained from the terminating CUA to perform termination logic.

If the media feature tags indicate that the CUA has both voice and video capabilities and that CSI AS knows that video interworking to the CS domain is supported, then the CSI AS can use the CS domain to terminate any realtime voice and video sessions to the CUA. However the IM CN subsystem domain can also be used for the video component of the real time conversation.

NOTE 1:
The knowledge that the IM CN subsystem supports video interworking to the CS domain is configured in the CSI AS.
The procedure of multimedia session splitting is specified in the subclause 9.3.3.3.

NOTE 2: 
The CSI AS obtains the media feature tags of the terminating CUA from the reg-event package.
*** FOURTH CHANGE ***

9.3.3.x
Capability exchange with the CSI UE

When the CSI AS receives an initial INVITE message, the CSI AS performs CSI capability exchange with the terminating CSI UE on behalf of the originating IMS UE. The SIP INVITE message generated by the CSI AS includes UUS1 element as described in draft-johnston-sipping-cc-uui-02 [XX]. The following CSI capability information is generated as specified in 3GPP TS 24.008 [4] Annex O:

1)
The IM Status is configured as IM subsystem registered;

2)
The radio environment is configured as capable of simultaneous services;

When the CSI AS receives the SIP INVITE including voice media and non-voice media (e.g. MSRP), and the terminating CUA is registered only to the CS domain then the CSI AS perfoms the following procedure.

1)
For the voice media, the CSI AS initiates the new SIP INVITE requesting the same voice media towards the CUA in CS domain through the MGCF. For capability exchange with the CUA in the CS domain the new SIP INVITE message includes UUS1 elements. After the capability exchange the CUA may be triggered to the IMS registration.

2)
When the CSI AS receives the response relating to the voice component, the CSI AS checks whether the response message includes UUS1 elements.

a)
if there is a UUS1 elements and it indicates that the CUA is being registered to the IMS, the CSI AS initiates the other new SIP INVITE requesting the same non-voice media towards the CUA in the IMS domain as per subclause 9.3.3.3.3.
b)
if there is a UUS1 elements and if the received UUS1 elementsit indicates that the CUA is not being registered to the IMS, the CSI AS does not initiat the other new SIP INVITE requesting the same non-voice media and sends the SIP response message only for the voice media towards the originating IMS UA.
*** SIXTH CHANGE ***

B.X
Signalling flows demonstrating the capability exchange to CSI termination when no a CSI has yet registered in IM CN subsystem.

B.X.1
Introduction
This subclause provides signalling flows for establishing a voice media session with IMS origination and CSI termination before any non-voice session has been established when no a CSI has yet registered in IM CN subsystem.
The flows shows some additions related to capability exchange for an IMS multimedia session setup with IMS origination and CSI termination.

B.X.2
Establishing a voice media session with IMS origination and CSI termination before any non-voice media session has been established when no a CSI has yet registered in IM CN subsystem
Figure B.x.2-1 illustrates an example signalling flow for an IMS originated voice media session (with real time voice component) to a CSI UE interworked by the CSI interworking function in the IM CN subsystem before any non-voice session (i.e. MSRP component) has been established when no a CSI UE has yet registered in the IM CN subsystem.

In this example, the "100 Trying" in response to an initial INVITE and other SIP message exchanges, eg. the 183 Session Progress from CUA#2 and PRACK going to CUA#2, are not shown for simplicity.
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Figure B.x.2-1: Establishment of a voice media session before non-voice media session is established with IMS origination and CSI termination

1.
SIP INVITE request (from originating UE#1)


UE#1 wants to initiate a voice media session with the terminating CUA#2 and sends out an INVITE request. 
See example in Table B.x.2-1.

Table B.x.2-1: INVITE request (UE#1 to P-CSCF#1) 

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: sip:pcscf1.home1.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: "Joe Bloke" <sip:user3_public1@home1.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11
Privacy: none

From: <tel: +1-212-555-3333>; tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE 

Supported: 100rel; precondition

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi=87654321; port1=7531

Contact: < sip:[5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp >

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv 

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20

2.
Evaluation of initial filter criteria (at S-CSCF#2)

The S-CSCF#2 performs iFC evaluation in order to decide what services to invoke and how to route the INVITE request. In this example, the S-CSCF#2 determines that the INVITE request must be routed to the CSI AS even though CUA#2 doesn’t have yet registered in IM CN subsystem.
3.
SIP INVITE request (to the target CSI application server)


S-CSCF#2 routes the INVITE to the indicated CSI application server. See example in Table B.x.2-2.

Table B.x.2-2 INVITE request (S-CSCF#2 to CSI application server)

INVITE <sip:user2_public2@home2.net> SIP/2.0

Via: SIP/2.0/UDP scscf2.home2.net;branch=y2y2y2y2y2y2y2.2,
SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, 
SIP/2.0/UDP pcscf1.home1.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 66

Route: <sip:as.home1.net;lr>,<sip:cb03a0s09a2sdfglkj490333@scscf1.home1.net;lr>

Record-Route: <sip:scscf2.home2.net>, 
<sip:scscf1.home1.net>, 
<sip:pcscf1.home1.net>

P-Asserted-Identity: "Joe Bloke" <sip:user3_public1@home1.net>

P-Access-Network-Info:

Privacy: none

P-Charging-Vector:
P-Charging-Function-Addresses: ccf=[5555::b99:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22]; ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]
From: 

To:

Call-ID:

Cseq: 127

Supported:

Contact: 

Allow:

Content-Type:

Content-Length: (…)

v=0

o=

s=

c=

t=

m=

b=

a=

a=

a=

a=

a=

a=

a=

a=
4.
SIP INVITE request (from CSI AS to the terminating user CUA#2 in CS domain)


The CSI AS (acting as a B2B UA) substitutes the SIP URI in the Request URI (received in step 3) with a Tel URI and initiates a new INVITE request. The CSI AS generates CSI capability information on behalf of the originating UE#1 and includes it into the SIP INVITE Contact header as described in draft-johnston-sipping-cc-uui-02 [XX]. See example in Table B.x.2-3.

Table B.x.2-3: INVITE request (CSI AS as B2BUA to S-CSCF#2 for CS call) 

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0 as.home.net; branch=z9hG4bKnashdt8t8

Max-Forwards: 65

Route: <sip:scscf2.home2.net>, <sip:bgcf.home2.net>

Record-Route: <sip:as.home2.net>

P-Asserted-Identity: <tel: +1-212-555-3333>
P-Access-Network-Info: 

Privacy: none

From: <tel: +1-212-555-3333>; tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE 

Supported: 100rel; precondition

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi=87654321; port1=7531

Contact: < sip:[5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp?User-to-User=ZeGl9i2icVqaNVailT6F5iJ90m6mvuTS4OK05M0vDk0Q4Xs >

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv 

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20

5.
ISUP IAM (from the MGCF to the VMSC of the terminating CUA#2)


The MGCF performs the IMS/CS interworking functions and initiates an ISUP IAM towards the VMSC. If the SIP INVITE has UUS1 element related header, the MGCF shall set a UUS1 element of ISUP IAM from SIP INVITE.


Specifically for CSI capability exchange, in this example, the ISUP IAM message includes:


- User-User IE = [(Protocol ID = 3GPP capability exchange protocol), (Radio Environment = 1), (IM status = IM subsystem registered)] according to SIP INVITE contact header.
6.
SETUP (from VMSC to CUA#2)


The VMSC sends the SETUP towards the terminating CUA#2.
7.
CALL CONFIRM (from CUA#2 to VMSC)


The terminating CUA#2 acknowledges and confirms acceptance of the incoming call by sending CONFRIM back to the VMSC.

8.
ALERTING (from CUA#2 to VMSC)


For this example, the VMSC allows early local alerting. With the generation of local alerting, ALERTING is sent back from the CUA#2 to the VMSC.

9.
ACM, CPG, SIP 180 (Ringing) response and SIP PRACK request (VMSC to MGCF through IM CN Subsystem to originating end)


On receipt of the ALERTING from the terminating UE, the VMSC, MGCF, IM CN subsystem and the originating UE#1 exchange ISUP and SIP signalling to indicate that the called party confirmed the call and did start ringing the end user.

10.
CONNECT (from CUA#2 toVMSC)


When the user answers the call, the terminating CUA#2 includes UUS1 element in CONNECT message and sends the CONNECT to the VMSC. After sending the CONNECT, the terminating UE is ready to connect to user plane resources.
11.
CONNECT ACK (from VMCS to CUA#2)


VMSC connects up the user plane and return CONNECT_ACKNOWLEDGE to the terminating UE.

Through connect all the way back to originating UE is not initiated.

12.
ANM (from VMSC to MGCF)


The VMSC having through connected the user plane sends an indication of answer to the MGCF. This is the ISUP ANM message.

13.
SIP 200 (OK) response (from MGCF to the CSI AS via the intermediate IM CN subsystem)


Upon the receipt of the ANM from the VMSC, and after the connection of the media flow, the MGCF sends the SIP 200 (OK) final response to the received SIP INVITE request (in step 5) back to the CSI AS via the intermediate IM CN subsystem. If the ANM has UUS1 element, the MGCF shall set SIP INVITE response’s Contact header from a UUS1 element of ANM.
14, 14a . 
SIP 200 (OK) response (from CSI AS to the UE#1 via intermediate IM CN subsystem)


The SIP 200 (OK) final response is provided by the CSI AS back to the originating UE#1 through the terminating intermediate IM CN subsystem. If SIP response includes UUS information, the CSI AS copies ite and send to UE#1.
15, 15a.
SIP ACK (from UE#1 to CSI AS through intermediate IM CN subsystems)


UE#1 responds to the 200 (OK) with ACK

16.
SIP ACK (CSI AS to MGCF)


The CSI AS correspondingly provides the ACK to the MGCF.

17.
Voice media session takes place

The voice media session takes place.
18.
Trigger to do the IMS registration based on preconfigured users’s preference (from CUA#2 to CSI AS through S-CSCF#2)


If CUA#2 find that CSI AS (on behalf of UE#1)’s current radio environment supports simultaneous CS and PS services and the IM status indicates that an IMS communication is likely to be successful, then CUA#2 should attempt an IMS registration (in case IMS registration had not previously been performed) based on preconfigured user’s preference.
19.
Trigger non-voice session establishment

The UE#1 will establish the non-voice media (i.e. MSRP) session.
   If UE#1 can populate the UUS information from SIP response, it should know that terminating UE’s capability (i.e. radio environment information and IM status). So, it can determine whether it should attempt non-voice session establishment or not.

20.
reINVITE request and 200 OK response
20a. reINVITE request (UE#1 to CUA#2)
UE#1 initiates a request for adding the non-voice (i.e. MSRP) session within the existing dialogue, and sends reINVITE request to CUA#2 for non-voice media (i.e. MSRP) session establishment. Then the CSI AS (acting as a B2B UA) initiates an INVITE request for the session containing the non-voice (i.e. MSRP) stream to the terminating CUA#2 via the IM CN subsystem.
20b. 200 OK response (CUA#2 to UE#1)
CUA#2 accepts the session.
21.
Non-voice media (i.e. MSRP) session takes place


The non-voice media (i.e. MSRP) session takes place.
*** END CHANGES ***
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