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B.8
Signalling flows demonstrating an IMS multimedia session setup with IMS origination and CSI termination
B.8.1
Introduction

This subclause provides signalling flows for establishing an IMS multimedia session with IMS origination and CSI termination.
The flows shows some additions related to CSI. The B2B CUA of the CSI AS includes the feature tag “+g.3gpp.cs-voice” and “+g.3gpp.cs-video”, in the Accept-Contact header and in the Contact header. Additionally the Radio Enviroment Capability, the IM Status, the Personal ME Identifier and the UE capability version are provided by the B2B CUA of the CSI AS.
The IMS UA illustrated in the figures is a UE that originates multimedia sessions without involving the CS domain for media transport.
B.8.2
CSI interworking function establishing a combinational CS call and an IMS session to a terminating UE

Figure B.8.2-1 illustrates an example signalling flow for an IMS originated multimedia session (with real time voice component and a non-real time messaging component) a CSI UE interworked by the CSI interworking function in the IM CN subsystem.

In this exmaple the messaging component is transported by MSRP.

In this example, the "100 Trying" in response to an initial INVITE is not shown for simplicity.

In this example, the originating NW and the terminating NW are shown as two separate NWs. This does not imply that the originating and terminating cannot be just one NW. What this example is meant to illustrate is which part of the NW (originating or terminating) that the CSI AS for terminating session handling is invoked.
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Figure B/8.2-1: Interworking an originating multimedia IMS session to a CSI UE
1.
INVITE (from originating IMS UA)


IMS UA#1 wants to initiate a multimedia session with the terminating CUA#2 and sends out an INVITE request. 
See example in Table B.8.2-1.

Table B.8.2-1: INVITE request (IMS UA#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

m=message 3402 TCP/MSRP

a=accept-types:message/cpim text/plain text/html image/jpeg image/gif video/3gpp

a=path:msrp://[5555::aaa:bbb:ccc:ddd]:3402/s111271;tcp

a=max-size:131072
2.
INVITE (from originating intermediate IM CN subsystem #1 to the terminating IM CN subsystem #2)


The originating IM CN #1 maps the Tel URI to a SIP URI and forwards the INVITE towards the terminating IM CN #2. See example in Table B.8.2.-2

Table B.8.2-2: INVITE request (S-CSCF#1 to S-CSCF#2) 
INVITE <sip:user2_public2@home2.net> SIP/2.0

Via: 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: 67

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

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

P-Asserted-Identity: "Joe Bloke" <sip:user3_public1@home1.net>, <tel: +1-212-555-333>

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=

m=

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


The S-CSCF#2 performs iFC evalutation 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.
3.
INVITE (to the target CSI application server)


S-CSCF#2 routes the INVITE to the indicated CSI application server. See example in Table B.8.2-3.

Table B.8.2-3 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=

m=
4.
Termination logic processing by the CSI AS


The CSI application server invokes its termination logic and based on the terminating UE capabilities and the requested media components it decides to do a session split, i.e. to terminate the voice component via the CS domain and the MSRP component via an IP-CAN. 
NOTE 1:
For splitting the session into two parts, the CSI AS will later initiate two INVITE requests: one in step 5 for the voice component and another in step 9 for the MSRP component. The sequence of these INVITE requests is implementation specific (although this example shows first the INVITE for the voice component). 
NOTE 2:
The two sessions (for the voice and MSRP components) are presented to the user as a single composite session.
4a.
100 TRYING


CSI AS sends a 100 Trying response back to IMS UA through the intermediate IM CN subsystem

4b.
H.248 interactions (between MRFC and MRFP)


MRFC interacts with MRFP for resources. WE NEED TO SAY HERE FOR WHAT PURPOSE.
5.
INVITE (from CSI AS to the terminating user CUA#2 in CS domain)


Acting as a B2B UA, the CSI AS substitutes the SIP URI in the Request URI with a Tel URI and initiates a new INVITE request. See example in Table B.8.2-4.


Table B.8.2-4: 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 >

Accept-Contact: *,+g.3gpp.cs-voice, +g.3gpp.cs-video;explicit
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

6.
INVITE (to the terminating CS domain through intermediate IM CN subsystem #2)


The S-CSCF#2 routes the INVITE to the MGCF. HOW CAN WE MAKE SURE OF THAT? WOULDN’T THE S-CSCF TRY ANOTHER ENUM LOOKUP?
7.
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.


The MGCF interacts with the MGW for the necessary resource allocation.
Editor's note: Work is needed to resolve the topic of provision of CSI related information of Radio Environment Capability, IM Status, Personal ME Identifier, UE Capability Version ove the CS domain by the CSI AS. Without MGCF interworking support for transport of such information study resolution is needed as to how or if it is at all possible that such information can be provided to the CUA#2.

7a.
183 OK (from the MGCF to the CSI AS through intermediate IM CN subsystem #2)


MGCF provides a 183 Session Progress response back to the CSI AS through S-CSCF#2.

7b.
H248 interactions (between MGCF and MGW)


MGCF interact with MGW for resource allocation.

8.
SETUP (from VMSC to CUA#2)


From the IAM message the VMSC creates a SETUP that is transmitted towards the terminating CUA#2.


9.
INVITE (from CSI AS to terminating user CUA#2 in the IMS domain)


The CSI AS (acting again as a B2B UA) initials another INVITE request for the MSRP component to the terminating CUA#2 with the Request URI set to the SIP URI received in the initial INVITE received at step 3. See example in Table B.8.2-5


Table B.8.2-5: INVITE request (CSI AS as B2BUA to S-CSCF#2 for IMS session) 
INVITE sip:user2_public2@home2.net SIP/2.0

Via: SIP/2.0/UDP as.home2.net

Max-Forwards: 70

Route:

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

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

Privacy: none

Supported: precondition

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

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

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

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

Accept-Contact: *,+g.3gpp.cs-voice, +g.3gpp.cs-video;explicit
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE
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=message 3402 TCP/MSRP

a=accept-types:message/cpim text/plain text/html image/jpeg image/gif video/3gpp

a=path:msrp://[5555::aaa:bbb:ccc:ddd]:3402/s111271;tcp

a=max-size:131072
10.
INVITE (to the terminating CUA#2 through the intermediate IM CN subsystem #2)


S-CSCF#2 forwards the INVITE to the terminating CUA#2.

11.
200 OK (from CUA#2 back to CSI AS through intermediate IM CN subsystem #2)


After reserving an IP-CAN bearer for the message session media component the terminating CUA sends a 200 (OK) response for the INVITE request containing SDP that indicates that the terminating CUA has accepted the message session and listens on the MSRP TCP port returned in the path attribute in the answer for a TCP SETUP from the originating CUA. 


CUA#2 declares support only for CS-voice, not CS-video in its Contact header. The terminating CUA includes its personal ME identifier and UE capability version in the Server header. ??????????????????????????? 
Table B.8.2-6: 200 (OK) response (CUA#2 to P-CSCF#2)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1, SIP/2.0/UDP 

Record-Route: <sip:pcscf2.visited2.net:5088;lr;comp=sigcomp>>, <sip:scscf2.home2.net;lr>,

Privacy: none

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

From: <sip:user2_public2@home2.net>; tag=171828

To: <tel:+12125553333>;tag=314159

Call-ID: cb03a0s09a2sdfglkj490333
Cseq: 127 INVITE

Contact: <sip:[5555::eee:fff:aaa:bbb]:8805;comp=sigcomp>;+g.3gpp.cs-voice
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, OPTIONS

Server: PMI-0EA2, UCV-08

Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933617 IN IP6 5555:: eee:fff:aaa:bbb
s=-

c=IN IP6 5555::eee:fff:aaa:bbb
t=0 0

m=message 3402 TCP/MSRP *

a=accept-types:text/plain text/html message/cpim

a=path:msrp://[5555::eee:fff:aaa:bbb]:3402/s234167;tcp

a=max-size:65536
NOTE:
The SDP contains the set of offered content types supported by CUA#2 and desired by the user at CUA#2 for this session in the accept-types attribute and indicates the maximum size message that can be received by CUA#2 in the max-size attribute. .

12.
200 OK (intermediate IM CN subsystem #2 to the CSI AS)


The 200 OK is routed through the intermediate IM CN subsystem #2 to the CSI AS.

13.
CALL CONFIRM (from CUA#2 to VMSC)


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

NOTE:
There is no suggestion, by this example or otherwise, that CUA#2 only response with CALL CONFIRM after the INVITE for the IMS part is received.

14.
ALERTING (from CUA#2 to VMSC)


In this example, the VMSC allows early local alerting. With the generation of local alerting, ALERTING is sent back from the UE to the VMSC.
15.
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 exchange ISUP and SIP signalling to indicate that the called party confirmed the call and did start ringing the end user.

16.
Resource allocation (VMSC to terminating UE, MGW and VMCS)


The VMSC starts resource allocation towards the terminating UE.


Between VMSC and the MGW resource allocation is also started.

17.
CONNECT (from CUA#2 toVMSC)


When the user answers the call, the terminating UE sends CONNECT to the VMSC. After sending the CONNECT, the terminating UE is ready to connect to user plane resources.

18.
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.

19.
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.

20.
200 OK (from MGCF to the CSI AS via the intermediate IM CN subsystem #2)


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 #2.

21.
200 OK (through intermediate IM CN subsystem #2 to CSI AS)


The SIP 200 OK final response is forwarded to the CSI AS.

22.
200 OK (from CSI AS to intermediate IM CN subsystem #2)


The SIP 200 OK final response is provided by the CSI AS back to the originating IMS UA#1 through the terminating intermediate IM CN subsystem #2.

NOTE:
In this example, the CSI AS provides the 200 OK response back to the originating IMS UA#1 after both the voice session and the MSRP session have been successful established. This however does not imply, by this example or otherwise, that there is a need for the CSI AS to co-ordinate and synchronise the completion of these sessions before the final 200 OK to the initial INVITE (in step 3) is provided back to the IMS UA#1. SO CAN THE CSI AS DO OTHERWISE??
23.
200 OK (from terminating intermediate IM CN subsystem #2 to originating intermediate IM CN subsystem #1)


The 200 OK is passed through to the originating intermediate IM CN subsystem #1.

24.
200 OK (to the originating IMS UA)


The 200 OK is provided back to the IMS UA.
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