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A.18.4 Signalling flows for PS to CS Access Transfer: SRVCC enhancements using ATCFwith MSC server assisted mid-call feature and ATCF anchored
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Figure A.18.4-1 Signalling flows for PS to CS Access Transfer: SRVCC enhancements using ATCFwith MSC server assisted mid-call feature and ATCF anchored
1.
UE A is on an active session X with UE B and a held session Y with UE C 
UE A is on an active session X with UE B and on another held session Y with UE C. Both Sessions through PS network are anchored at ATCF, and medias are anchored at ATGW.
2-21.
PS to CS access transfer between UE A and UE B
The PS to CS access transfer between UE A and UE B is specified in A.18.3: SRVCC enhancements using ATCF and media anchored.

22.
SIP REFER request (SCC AS to I/S-CSCF) - see example in table A.18.4-22
The SCC AS sends a SIP REFER request to the I/S-CSCF inside the dialog created by the message 10.

Table A.18.4-22: SIP REFER request (SCC AS to I/S-CSCF)
REFER sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6 SIP/2.0
Via: SIP/2.0/UDP sip:sccas1.home1.net;branch=z9hG4bk731b8a

Max-Forwards: 70

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi=home1.net

To: <tel:+1-237-555-1111>;tag=171828

From: <tel:+1-237-555-3333>;tag=sdfsdf

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 55998 REFER

Content-Length: 125

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

Refer-Sub: false

Supported: norefersub, gruu

Contact: sip:sccas1.home1.net

Refer-To: <additional.session.xfer@sccas.home1.net?Target-Dialog=ksdjfhwrklf%3Bremote-tag=676723565%3Blocal-tag=45418454&Require=tdialog&From=tel:+1-237-555-1111&To=tel:+1-987-654-3210&Content-Type=application%2Fsdp&body=v%3D0%0D%0Ao%3D-%202987933623%202987933623%20IN%20IP6%205555::ggg:fff:aaa:bbb%0D%0As%3D-%0D%0Ac%3DIN%20IP6%205555::ggg:fff:aaa:bbb%0D%0At%3D0%200%0D%0Am%3Dvideo%200%20RTP%2FAVP%2098%0D%0Am%3Daudio%203456%20RTP%2FAVP%2097%2096%0D%0Ab%3DAS:25.4%0D%0Aa%3Drtpmap:97%20AMR%0D%0Aa%3Dfmtp:97%20mode-set%3D0%2C2%2C5%2C7%3B%20mode-change-period%3D2%0D%0Aa%3Dmaxptime:20%0D%0A>

Content-Type: application/vnd.3gpp.mid-call+xml

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

<mid-call/>

Refer-To:

contains the additional transferred session SCC AS URI and the following URI header fields:

Target-Dialog:
the dialog identifier of the source access leg.

Require:
containing "tdialog" option tag

From:

contains the public user identity of the UE A

To:

contains the public user identity of the UE C

Content-Type:
containing "application/sdp" MIME type of the "body" URI header field

body:

SDP describing the media used in the session
23.
SIP REFER request (I/S-CSCF to ATCF)
The I/S-CSCF forwards the SIP REFER request to the ATCF.

24. SIP REFER request (ATCF to MSC server) - see example in table A.18.4-24
The ATCF decides to anchor the additional session between UE A and UE C, so it changes the Refer-To header field in the REFER request, so that the later SIP INVITE will sent to the ATCF.
Table A.18.4-24: SIP REFER request (ATCF to MSC server)
REFER sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6 SIP/2.0
Via: SIP/2.0/UDP sip:sccas1.home1.net;branch=z9hG4bk731b8a
Via: SIP/2.0/UDP sip:scscf1.home1.net;branch=z9hG4bk869d11e

Via: SIP/2.0/UDP sip:atcf1.home1.net;branch=z9hG4bk9251re3

Max-Forwards: 70

P-Charging-Vector:
To: 
From:

Call-ID:

Cseq:

Content-Length: 
Route: <sip:mscserver1.home1.net;lr>

Refer-Sub: 

Supported: 

Contact: 

Refer-To: <sip:term@actf.visited2.net?Target-Dialog=ksdjfhwrklf%3Bremote-tag=676723565%3Blocal-tag=45418454&Require=tdialog&From=tel:+1-237-555-1111&To=tel:+1-987-654-3210&Content-Type=application%2Fsdp&body=v%3D0%0D%0Ao%3D-%202987933623%202987933623%20IN%20IP6%205555::ggg:fff:aaa:bbb%0D%0As%3D-%0D%0Ac%3DIN%20IP6%205555::ggg:fff:aaa:bbb%0D%0At%3D0%200%0D%0Am%3Dvideo%200%20RTP%2FAVP%2098%0D%0Am%3Daudio%203456%20RTP%2FAVP%2097%2096%0D%0Ab%3DAS:25.4%0D%0Aa%3Drtpmap:97%20AMR%0D%0Aa%3Dfmtp:97%20mode-set%3D0%2C2%2C5%2C7%3B%20mode-change-period%3D2%0D%0Aa%3Dmaxptime:20%0D%0A>

Content-Type: application/vnd.3gpp.mid-call+xml

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

<mid-call/>

25-27. SIP 202 Accepted response 
Upon receiving the SIP REFER request, the MSC Server sends a SIP 202 (Accepted) response to ATCF, ATCF forwards it to the SCC AS.

28.
SIP INVITE request (MSC Server to ATCF) -see example in table A.18.4-28
Upon receiving the SIP REFER request the MSC Server sends a SIP INVITE request to the ATCF according to the Refer-To header field in the REFER request.
Table A.18.4-28: SIP INVITE request (MSC Server to ATCF)
INVITE sip:reg@actf.visited2.net SIP/2.0

Via: SIP/2.0/UDP msc1.home1.net;branch=z9hG4bk731b87

Max-Forwards: 70

P-Asserted-Identity: <tel:+1-237-555-1111>

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi=home1.net

Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: <tel:+1-987-654-3210>

Call-ID: asdfgqwerq 

Cseq: 1275 INVITE

Supported: 100rel, precondition, 199, gruu

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

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" ;+g.3gpp.ics="server";+g.3gpp.mid-call

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

Content-Type: application/sdp 

Target-Dialog: ksdjfhwrklf;remote-tag=676723565;local-tag=45418454

Require: tdialog

Content-Length: (…)

v=0

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

s=

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

t=0 0

m=video 0 RTP/AVP 98

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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

a=sendonly

Request-URI:
contains the ATCF URI as received in the Refer-To header field  in the SIP REFER request.

Target-Dialog:
contains the dialog identifier as received in the Refer-To header field in the SIP REFER request.

Contact:
contains the g.3gpp.mid-call media feature tag as defined in annex C indicating the support for the MSC server assisted mid-call feature.


SDP:
The SDP contains preconfigured set of codecs supported by the MSC Server. All the media are offered with the sendonly directionality.
29-30. ATCF configures the ATGW
Upon receiving the SIP INVITE request to it, the ATCF decides to anchor the ATGW, and configures the ATGW. Then the ATGW return the ACK to complete the configuration.

31.
SIP 200 (OK) response (ATCF to MSC server)
The ATCF sends the SIP 200 (OK) response to the SIP INVITE.
32.
SIP ACK request (MSC server to ATCF)

The MSC server generates the SIP ACK request to the SIP 200 (OK) response, and sends the SIP ACK request to the ATCF.

33-34.
SIP INVITE request (ATCF to SCC AS via I/S-CSCF) -see example in table A.18.4-33
The ATCF changes the request URI according to the SCC AS URI for the additional session , and sends a SIP INVITE request to the I/S-CSCF. The I/S-CSCF forwards the SIP INVITE request to the SCC AS.
Table A.18.4-33: SIP INVITE request (ATCF to SCC AS via I/S-CSCF)
INVITE sip: additional.session.xfer@sccas.home1.net SIP/2.0

Via: SIP/2.0/UDP atcf1.home1.net;branch=z9hG4bk731b87

Max-Forwards: 70

P-Asserted-Identity: 

P-Charging-Vector: 

Privacy: none

From: 

To: 

Call-ID: asdfgqwerq2 

Cseq: 

Supported: 

Accept-Contact: 

P-Asserted-Service: 

Contact: <sip:user1_public1@atcf1.home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6> ;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel" ;+g.3gpp.ics="server";+g.3gpp.mid-call

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

Content-Type: 

Target-Dialog: 

Require: tdialog

Content-Length: (…)
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35-36.
SIP 200 (OK) response (SCC AS to ATCF via I/S-CSCF)
The SCC AS sends the SIP 200 (OK) response to the SIP INVITE to the I/S-CSCF, and the I/S-CSCF forwards it to the ATCF.
37-38.
SIP ACK request (ATCF to SCC AS via I/S-CSCF)

The ATCF generates the SIP ACK request to the SIP 200 (OK) response, and sends the SIP ACK request to the I/S-CSCF. Then the I/S-CSCF forwards it to the SCC AS.

39-42.
SIP BYE request (SCC AS to SC UE A via I/S-CSCF, ATCF and P-CSCF)

The SCC AS terminates the replaced call leg of the session Y, which was using the old IP-CAN, by sending a SIP BYE request to the UE A.
43-46.
SIP 200 (OK) response (UE A to SCC AS via P-CSCF, ATCF and I/S-CSCF)

Upon receiving the SIP BYE request over the old IP-CAN, the UE A sends a SIP 200 (OK) response over the old IP-CAN to the SCC AS.
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