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A.x.y
Signalling flows for call termination using ATCF enhancements

The signalling flow shown in figure A.x.y-1 gives an example of IMS call termination procedure when the ATCF has previously been included in the signalling path during registration procedure.
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Figure A.x.y-1 Signalling flows for call termination using ATCF enhancements

1.
SIP INVITE request (UE-2 to I/S-CSCF)
The UE-2 sends a SIP INVITE request to initiate the new call to the UE-1.

2.
SIP INVITE request (I/S-CSCF to SCC AS)
The I/S-CSCF forwards the SIP INVITE request to the SCC AS which serves for the UE-1.

3.
SIP INVITE request (SCC AS to I/S-CSCF)
The SCC AS acting as a routing B2BUA generates a SIP INVITE request based upon the received SIP INVITE request and sends it to the I/S-CSCF.

4.
SIP INVITE request (I/S-CSCF to ATCF) - see example in table A.x.y-1
The I/S-CSCF forwards the SIP INVITE request to the ATCF.
Table A.x.y-1: SIP INVITE request (I/S-CSCF to ATCF)
INVITE sip:user1_public1@home1.net SIP/2.0
Via: SIP/2.0/UDP sip:scscf1.home1.net; branch=z9hG4bKue178901

Via: SIP/2.0/UDP sip:sccAs1.home1.net; branch=z9hG4bK334422123

Max-Forwards: 69
Route: <sip:atcf4ue1.home1.net;lr>
Record-Route: <sip:scscf1.home1.net;lr>

Record-Route: <sip:sccAs1.home1.net;lr>
Record-Route: <sip:scscf1.home1.net;lr>

P-Access-Network-Info: 3GPP-E-UTRAN-FDD
P-Asserted-Identity: "Mark Doe" <sip:user2_public1@home2.net>
Privacy: none
From: <sip:user2_public1@home2.net>; tag=177828
To: <sip:user1_public1@home1.net>; 
Call-ID: ch03a0s09a2sccas1asB2BUAlkj490237

Cseq: 257 INVITE 

Supported: 100rel; precondition

Require: sec-agree

Proxy-Require: sec-agree

Contact: <sip:user2_public1@home2.net;gr= urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, INFO, REFER
Accept: application/sdp; application/3gpp-ims+xml 

Content-Type: application/sdp
Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 7777::www:vvv:yyy:xxx
s=

c=IN IP6 7777::www:vvv:yyy:xxx
t=0 0

m=audio 3478 RTP/AVP 97 96
5.
SIP INVITE request (ATCF to UE-1) - see example in table A.x.y-2
The ATCF decides to anchor and allocate ATGW resources, and then it changes the SDP information and forwards the SIP INVITE request to the UE-1.

Table A.x.y-2: SIP INVITE request (ATCF to UE-1)
INVITE sip:user1_public1@home1.net SIP/2.0
Via: SIP/2.0/UDP sip:atcf4ue1.home1.net; branch=z9hG4bK1atcf3421
Via: SIP/2.0/UDP sip:scscf1.home1.net; branch=z9hG4bKue178901

Via: SIP/2.0/UDP sip:sccAs1.home1.net; branch=z9hG4bK334422123

Max-Forwards: 68
Route: <sip:user1_public1@home1.net;lr>
Record-Route: <sip:scscf1.home1.net;lr>

Record-Route: <sip:sccAs1.home1.net;lr>
Record-Route: <sip:scscf1.home1.net;lr>

Record-Route: <sip:atcf4ue1.home1.net:7263;lr>
P-Access-Network-Info: 3GPP-E-UTRAN-FDD
Privacy: none
From: 
To: 
Call-ID: 
Cseq: 

Supported: 

Require: 

Proxy-Require: 

Contact: 
Allow: 
Accept: 

Content-Type: application/sdp
Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 4123::ttt:fff:ggg:jjj
s=

c=IN IP6 4123::ttt:fff:ggg:jjj
t=0 0

m=audio 7890 RTP/AVP 97 96
6.
SIP 18X response (UE-1 to ATCF) - see example in table A.x.y-3
The UE-1 generates the SIP 18X  response to the SIP INVITE request and sends it to the ATCF.

Table A.x.y-3: SIP 18X response (UE-1 to ATCF) 

SIP/2.0 18X xxxxx

Via: SIP/2.0/UDP sip:atcf4ue1.home1.net; branch=z9hG4bK1atcf3421
Via: SIP/2.0/UDP sip:scscf1.home1.net; branch=z9hG4bKue178901

Via: SIP/2.0/UDP sip:sccAs1.home1.net; branch=z9hG4bK334422123
Record-Route: <sip:scscf1.home1.net;lr>

Record-Route: <sip:sccAs1.home1.net;lr>
Record-Route: <sip:scscf1.home1.net;lr>

Record-Route: <sip:atcf4ue1.home1.net:7263;lr>
P-Access-Network-Info: 3GPP-E-UTRAN-FDD

Privacy: none

From: <sip:user1_public1@home1.net>; tag=177828
To: <sip:user2_public1@home2.net>; tag=766545
Call-ID: ch03a0s09a2sccas1asB2BUAlkj490237
CSeq: 257 INVITE
Require: 100rel, precondition

Contact: <sip:user1_public1@home1.net;gr= urn:uuid:w65j2fae-4edf-11d0-n234-00a2f35e3rb0>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, INFO, REFER
Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 1357985296 1357985296 IN IP6 5555::aaa:bbb:ccc:ddd
s= 

c=IN IP6 5555::aaa:bbb:ccc:ddd
t=0 0

m=audio 8743 RTP/AVP 97 
7.
SIP 18X response (ATCF to I/S-CSCF) - see example in table A.x.y-4

The ATCF changes the SDP information and forwards the SIP 18X response to the I/S-CSCF.
Table A.x.y-4: SIP 18X response(ATCF to I/S-CSCF) 

SIP/2.0 18X xxxxx

Via: SIP/2.0/UDP sip:scscf1.home1.net; branch=z9hG4bKue178901

Via: SIP/2.0/UDP sip:sccAs1.home1.net; branch=z9hG4bK334422123
Record-Route: 

Record-Route: 

Record-Route: 

Record-Route: 
P-Access-Network-Info: 

Privacy: none

From: 

To: 
Call-ID: 

CSeq: 
Require: 

Contact: 

Allow: 

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 1357985296 1357985296 IN IP6 3214::ttt:fff:ggg:jjj
s= 

c=IN IP6 3214::ttt:fff:ggg:jjj
t=0 0

m=audio 9078 RTP/AVP 97 
8.
SIP 18x response (I/S-CSCF to SCC AS)

The I/S-CSCF forwards it to the SCC AS.

9-10.
SIP 18x response (SCC AS to UE-2 via I/S-CSCF)
The SCC AS acting as a routing B2BUA generates a SIP 18x response based upon the received SIP 18x response and routes it towards UE-2.

11.
SIP INFO request (SCC AS to I/S-CSCF) - see example in table A.x.y-5

The SCC AS sends the SIP INFO request to the I/S-CSCF, carring ATU-STI.
A.x.y-5: INFO (SCC AS to I/S-CSCF)

INFO sip:atcf4ue1.home1.net:7263;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6SIP/2.0

Via SIP/2.0/UDP sip:sccAs1.home1.net;branch=z9hG4bK332b23.1
Max-Forwards: 68

Route: <sip:scscf1.home1.net;lr>

From: <sip:user1_public1@home1.net>; tag=177828
To: <sip:user2_public1@home2.net>; tag=766545
Call-ID: ch03a0s09a2sccas1asB2BUAlkj490237
Cseq: 128 INFO

Info-Package: g.3gpp.srvcc-alerting
Content-Type: application/vnd.3gpp.srvcc+xmls

Content-Length: 

<?xml version="1.0" encoding="UTF-8"?>

<srvcc>

   <state-info>alerting-terminating</state-info>
   <atu-sti>+1-655-222-1234</atu-sti>

</srvcc>

Editor’s Note: The detail of the xml schema for how to ATU-STI is FFS.
12.
SIP INFO request (I/S-CSCF to ATCF)

The I/S-CSCF forwards the SIP INFO request to the ATCF.

13-14.
SIP 200 (OK) response (ATCF to SCC AS via I/S-CSCF)

The ATCF generates the SIP 200 (OK) response to the SIP INFO request, and forwards the SIP 200 (OK) response towards the SCC AS.

15.
SIP 200 (OK) response (UE-1 to ATCF)
The UE-1 generates the SIP 200 (OK) response to the SIP INVITE request.

16.
SIP 200 (OK) response (ATCF to I/S-CSCF)
The ATCF changes the SDP information and forwards the SIP 200 (OK) response to I/S-CSCF 

17.
SIP 200 (OK) response (I/S-CSCF to SCC AS)

The I/S-CSCF forwards the SIP 200 (OK) response to SCC AS.

18-19.
SIP 200 (OK) response (SCC AS to UE-2 via I/S-CSCF)

The SCC AS acting as a routing B2BUA generates a SIP 200 (OK) response based upon the received SIP 200 (OK) response and routes it towards the UE-2

20-21.
SIP ACK request (UE-2 to SCC AS via I/S-CSCF)

The UE-2 acknowledges the 200 OK.
22-24.
SIP ACK request (SCC AS to UE-1 via I/S-CSCF and ATCF)

The SCC AS acting as a routing B2BUA generates a SIP ACK request and routes it to the UE-1.
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