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

The signalling flow shown in figure A.x.y-1 gives an example of IMS call origination 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 origination using ATCF enhancements

1. SIP INVITE request (UE-1 to ATCF) - see example in table A.x.y-1

The UE-1 sends a SIP INVITE request to initiate the new call to the UE-2.

Table A.x.y-1: SIP INVITE request (UE-1 to ATCF)
INVITE sip:user2_public1@home2.net SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKueatcf7

Max-Forwards: 70

Route: <sip:atcf4ue1.home1.net:7531;lr>, <sip:scscf1.home1.net;lr>
P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: 3GPP-E-UTRAN-FDD 
Privacy: none
From: <sip:user1_public1@home1.net>; tag=171828

To: <sip:user2_public1@home2.net>; 
Call-ID: cb03a0s09a2sdfglkj490237

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:user1_public1@home1.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 5555::aaa:bbb:ccc:ddd

s=

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

t=0 0

m=audio 3456 RTP/AVP 97 96
2.
SIP INVITE request (ATCF to I/S-CSCF) - see example in table A.x.y-2
The ATCF decides to anchor and allocate the ATGW resources. Then the ATCF changes the SDP information and forwards SIP request to the I/S-CSCF.

Table A.x.y-2: SIP INVITE request (ATCF to I/S-CSCF)
INVITE sip:user2_public1@home2.net SIP/2.0
Via: SIP/2.0/UDP sip:atcf4ue1.home1.net;branch=z9hG4bKatcf4ue1

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKueatcf7
Max-Forwards: 69

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

Record-Route: <sip:atcf4ue1.home1.net:7263;lr>
P-Asserted-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: 
Privacy: none
From: 

To: 
Call-ID: 
Cseq: 

Supported: 

Require: 

Proxy-Require: 

Contact:
Allow: 
Accept: application/sdp; application/3gpp-ims+xml 

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 3214::ttt:fff:ggg:jjj
s= 
c=IN IP6 3214::ttt:fff:ggg:jjj
t=0 0

m=audio 7890 RTP/AVP 97 96

3.
SIP INVITE request (I/S-CSCF to SCC AS)
The I/S-CSCF forwards the SIP INVITE request to the SCC AS.
4.
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 routes it towards the UE-2

5.
SIP INVITE request (I/S-CSCF to UE-2)
The I/S-CSCF forwards the SIP INVITE request to remote UE-2.

6.
SIP 183 (Session Progress) response (UE-2 to I/S-CSCF)

The UE-2 generates the SIP 183 (Session Progress) response to the SIP INVITE request and sends to the I/S-CSCF.
7.
SIP 183 (Session Progress) response (I/S-CSCF to SCC AS)

8.
SIP 183 (Session Progress) response (SCC AS to I/S-CSCF)

The SCC AS acting as a routing B2BUA generates the SIP 183 (Session Progress) response to the SIP INVITE request from the UE-1 and sends it to the I/S-CSCF.
9.
SIP 183 (Session Progress) response (I/S-CSCF to ATCF)-see example in table A.x.y-3

Table A.x.y-3: SIP 183 (Session Progress) response (I/S-CSCF to ATCF) 

SIP/2.0 183 Session Progress
Via: SIP/2.0/UDP sip:atcf4ue1.home1.net;branch=z9hG4bKatcf4ue1

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKueatcf7
Record-Route: <sip:atcf4ue1.home1.net:7263;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-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024";orig-ioi=type3ashome1.net>

Privacy: none

From: <sip:user1_public1@home1.net>; tag=171828

To: <sip:user2_public1@home2.net>; tag=255421

Call-ID: cb03a0s09a2sdfglkj490237
CSeq: 899 INVITE
Require: 100rel, precondition

Contact: <sip:user2_public1@home2.net;gr= urn:uuid:e14sefae-7dec-11e8-t985-00a0c91e6si9>;+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 7777::hhh:lll:mmm:nnn
s= 

c=IN IP6 7777::hhh:lll:mmm:nnn
t=0 0

m=audio 2466 RTP/AVP 97 
10.
SIP 183 (Session Progress) response (ATCF to UE-1)-see example in table A.x.y-4
Table A.x.y-4: SIP 183 (Session Progress) response (ATCF to UE-1) 

SIP/2.0 183 Session Progress
Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKueatcf7
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 4123::ttt:fff:ggg:jjj
s= 

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

m=audio 9078 RTP/AVP 97 
11-13.
SIP PRACK request (UE-1 to SCC AS via ATCF and I/S-CSCF)

The UE-1 acknowledges the 183 Session Progress with SIP PRACK request.
14. 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 SIP/2.0
Via SIP/2.0/UDP sip:sccAs1.home1.net;branch=z9hG4bK332b23.1
Max-Forwards: 68

Route: <sip:scscf1.home1.net;lr>,<sip:atcf4ue1.home1.net:7263;lr>
From: <sip:user1_public1@home1.net>; tag=171828
To: <sip:user2_public1@home2.net>; tag=255421
Call-ID: cb03a0s09a2sdfglkj490237
Cseq: 129 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-originating</state-info>
   <atu-sti>+1-655-222-1234</atu-sti>

</srvcc>

Editor’s Note: The detail of the xml schema for how to carry and ATU-STI is FFS.
15.
SIP INFO request（I/S-CSCF to ATCF）

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

16-17.
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 routes the SIP 200 (OK) response towards the SCC AS.

18-19.
SIP PRACK request (SCC AS to UE-2 via I/S-CSCF) 
The SCC AS acting as a routing B2BUA generates a SIP PRACK request according to the SIP 183 response received from the remote UE-2 and routes it towards the UE-2.

20-21.
SIP 200 (OK) response (UE-2 to SCC AS via I/S-CSCF)

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

The SCC AS acting as a routing B2BUA generates the SIP 200 (OK) response to the SIP PRACK request from the UE-1 and forwards it to the UE-1.
25-26.
SIP 180(Ringing) response (UE-2 to SCC AS via I/S-CSCF)

The UE-2 sends the SIP 180 (Ringing) response to the SIP INVITE request received from the SCC AS.

27-29.
SIP 180(Ringing) response (SCC AS to UE-1 via I/S-CSCF and ATCF)

The SCC AS acting as a routing B2BUA generates a SIP 180 (Ringing) response to the SIP INVITE request received from the UE-1.

30.
SIP 200 (OK) response (UE-2 to I/S-CSCF)
The UE-2 generates the SIP 200 (OK) response to the SIP INVITE request.
31.
SIP 200 (OK) response (I/S-CSCF to SCC AS)

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

32-33.
SIP 200 (OK) response (SCC AS to ATCF via I/S-CSCF)

The SCC AS acting as a routing B2BUA generates the SIP 200 (OK) response to the SIP INVITE request and forwards it to the ATCF.
34.
SIP 200 (OK) response (ATCF to UE-1)

The ATCF changes the SDP information and sends the SIP 200(OK) response to the UE-1.
35-37.
SIP ACK request(UE-1 to SCC AS via ATCF and I/S-CSCF)

The UE-1 acknowledges the 200 OK received from the SCC AS with SIP ACK request.
38-39.
SIP ACK request (SCC AS to UE-2 via I/S-CSCF)

The SCC AS acting as a routing B2BUA generates a SIP ACK request to the UE-2. 
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