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A.16.4
CS to PS access transfer for MPTY service with mid-call feature

In the example flow at the Figure A.16.4-1, SC UE A has two ongoing sessions over CS bearer not using ICS capability. The two sessions are anchored at SCC AS, the active session X is with UE B, the active session Y is with UE C, and both sessions are MPTY sessions. The MSC Server (included in the Interworking entities) is not enhanced for ICS. When the SC UE A connects to an IP-CAN, it decides to transfer the sessions over the IP-CAN.
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Figure A.x.4-1: Signalling flow for PS-CS Access Transfer: CS to PS for MPTY service
NOTE 1:
For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow, and the interworking entities include the MSC Server not enhanced for ICS.

1.
SC UE A is in an active session X with remote UE B, active session Y with remote UE C

The active session X and Y are MPTY sessions, and both calls have been anchored at the SCC AS.
2.
SC UE A connects to a new IP-CAN

The SC UE A decides to transfer the session over the new IP-CAN. The UE A obtains an IP address that it will use for the signalling and media. It registers with the S-CSCF over the new IP-CAN using standard registration procedure and reserves resources in the new IP-CAN.

3.
SIP INVITE request (SC UE A to intermediate IM CN subsystem entities) - see example in table A.16.4-3


The SC UE A knows it is in a MPTY service, and knows the other users of the MPTY service, so it sends a SIP INVITE request destined to static STI with a URI list.

Table A.16.4-3: SIP INVITE request (UE A to intermediate IM CN subsystem entities)

INVITE sip:domain.xfer@sccas.home1.net 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 >, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: IEEE-802.11b

Privacy: none

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

To: <sip:domain.xfer@sccas.home1.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";+g.3gpp.mid-call
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE
Content-Type: multipart/mixed; boundary=outer

Content-Length: (…)

--outer
Content-Type: application/sdp

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
--outer

Content-Type: application/resource-lists+xml

Content-Disposition: recipient-list

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

<resource-lists xmlns="urn:ietf:params:xml:ns:resource-lists"



xmlns:cp="urn:ietf:params:xml:ns:capacity">


<list>



<entry uri="tel:+1-237-418-2222" cp:capacity="to"/>



<entry uri="tel:+1-237-418-3333" cp:capacity="to"/>

</list>

</resource-lists>
--outer—

Request-URI:
contains the static STI as pre-configured in the UE.

Contact:
contains the feature tag as defined in Annex X indicating the support for the mid-call services feature.

application/resource-lists+xml body:
contains the remote users of the MPTY service.
4.
SIP INVITE request (intermediate IM CN subsystem entities to SCC AS)

5.
SIP INVITE request (SCC AS to intermediate IM CN subsystem entities) - see example in table A.16.4-5

The SCC AS associates URI in the URI list with the sessions, and generates session identifier URI for each session, then acting as a routing B2BUA generates a SIP INVITE request based on the received SIP INVITE request and routes it towards CONF AS via the intermediate IM CN subsystem entities.

Table A.16.4-5: SIP INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE sip:conference_factory@confas.home1.net SIP/2.0

Via: SIP/2.0/UDP sccas.home1.net;branch=z9hG4bKnashds7

Max-Forwards: 70

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: IEEE-802.11b

Privacy: none

From: <sip:user1_public1@home1.net>;tag=256371
To: <sip:conference_factory@confas.home1.net>

Call-ID: cb03a0s09a2sdfglkj500123

Cseq: 127 INVITE 

Supported: 100rel, precondition

Require: sec-agree, recipient-list-invite
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
Content-Type: multipart/mixed; boundary=outer

Content-Length: (…)

--outer

Content-Type: application/sdp

v=

o=

s=

c=

t=

m=

b=

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=

a=

a=

a=
--outer

Content-Type: application/resource-lists+xml

Content-Disposition: recipient-list

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

<resource-lists xmlns="urn:ietf:params:xml:ns:resource-lists"



xmlns:cp="urn:ietf:params:xml:ns:capacity">


<list>



<entry uri="sip:xfer1@sccas.home1.net" cp:capacity="to"/>



<entry uri="sip:xfer2@sccas.home1.net" cp:capacity="to"/>

</list>

</resource-lists>
--outer—

Request-URI:
contains the conference factory URI.

Require:
contains the "recipient-list-invite" option tag.

Contact:
contains the feature tag as defined in Annex X indicating the support for the mid-call feature.

application/resource-lists+xml body:
contains the session identifier URIs associating with all sessions.
6.
SIP INVITE request (intermediate IM CN subsystem entities to CONF AS)
7-8. SIP 200 (OK) response (CONF AS to SCC AS via intermediate IM CN subsystem entities)

Upon receiving the SIP INVITE request containing the SDP offer, the CONF AS creates conference, reserves all resources, and sends the SIP 200 (OK) response to the SIP INVITE request that contains the SDP answer. The SDP answer indicates that the resources are available.

9. SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities) - see example in table A.16.4-9

The SCC AS generates a SIP 200 (OK) to the SIP INVITE request due to static STI based on the received SIP 200 (OK) response, but with locally generated to-tag, and sends the SIP 200 (OK) response to the SC UE A via intermediate IM CN subsystem entities.

Table A.16.4-9: SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities) 

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf.home1.net;branch=z9hG4bk731b8c, SIP/2.0/UDP icscf.home1.net;branch=z9hG4bk731b8b, SIP/2.0/UDP pcscf.home1.net;branch=z9hG4bk731b8bdd2ad, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7
Max-Forwards: 67
P-Asserted-Identity: <sip:conf1@confas.home1.net>

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

Privacy: none

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

To: <sip:domain.xfer@sccas.home1.net>;tag=sdfsdf

Call-ID: cb03a0s09a2sdfglkj490237

Cseq: 127 INVITE

Supported: 100rel, precondition
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:conf1@confas.home1.net>;isfocus;+g.3gpp.mid-call
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE
Allow-Events: reg, dialog, conference
Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933618 2987933618 IN IP6 cfcf::aaa:bbb:ccc:eee

s=

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

t=0 0

m=audio 3456 RTP/AVP 97
b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote sendrecv
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


Contact:
contains the SIP URI of the conference and feature tag "isfocus" to indicate that this is a conference dialog, also contains the feature tag as defined in Annex X indicating the support for the mid-call feature.

Allow-Events:
contains the event package name that the SCC AS supports.
10. SIP 200 (OK) response (intermediate IM CN subsystem entities to UE A)
11-12.
SIP ACK request (UE A to SCC AS via IM CN subsystem entities)

The UE A generates a SIP ACK request to the SIP 200 (OK) response, and forwards it to the SCC AS.

13-14.
SIP ACK request (SCC AS to CONF AS via IM CN subsystem entities)


The SCC AS generates a SIP ACK request to the SIP 200 (OK) response, and forwards the SIP ACK request to the CONF AS.

15.
Media paths between SC UE A and remote UEs

A new PS bearer for the conference session Z is established. Both sessions X and Y are still stay in CS bearer.

16. SIP INVITE request (CONF AS to intermediate IM CN subsystem entities) -see example in table A.16.4-16

Right after conference has been created, the CONF AS invites other users indicated in the URI list into the conference parallelly or serially. The CONF AS generates a SIP INVITE request destined to session identifier URI associating with session X, and sends it to intermediate IM CN subsystem entities.

Table A.16.4-16: SIP INVITE request (CONF AS to intermediate IM CN subsystem entities)

INVITE sip:xfer1@sccas.home1.net SIP/2.0

Via: SIP/2.0/UDP sccas.home1.net;branch=z9hG4bKd3da4tr45
Max-Forwards: 70

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: IEEE-802.11b

Privacy: none

From: <sip:user1_public1@home1.net>;tag=189234
To: <sip:xfer1@sccas.home1.net>

Call-ID: cb03a0s09a2sdfglkj77654376
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
Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933620 2987933620 IN IP6 cfcf::aaa:bbb:ccc:ddd

s=

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

t=0 0

m=audio 3666 RTP/AVP 97
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


Request-URI:
contains the session identifier URI assocating with session X.
17. SIP INVITE request (intermediate IM CN subsystem entities to SCC AS)

18-19. SIP re-INVITE request (SCC AS to UE B via intermediate IM CN subsystem entities)


The SCC AS associate session identifier URI with sessin X, and acting as a routing B2BUA generates a SIP re-INVITE request based on the received SIP INVITE request and the information previously stored against this session, and routes it towards UE B via the intermediate IM CN subsystem entities.

20-21. SIP 200 (OK) response (UE B to SCC AS via intermediate IM CN subsystem entities)


Upon receiving the SIP re-INVITE request containing the SDP offer, since the UE B has all resources available, it sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The SDP answer indicates that the resources are available.

22-23. SIP 200 (OK) response (SCC AS to CONF AS via intermediate IM CN subsystem entities)

The SCC AS generates a SIP 200 (OK) response to the SIP INVITE request, and forwards the SIP 200 (OK) response towards the CONF AS via intermediate IM CN subsystem entities. 

24-25. SIP ACK request (CONF AS to SCC AS via IM CN subsystem entities)

The CONF AS generates the SIP ACK request to the SIP 200 (OK) response, and forwards it to the SCC AS.

26-27. SIP ACK request (SCC AS to UE B via IM CN subsystem entities)


The SCC AS generates the SIP ACK request to the SIP 200 (OK) response, and forwards the SIP ACK request to the remote UE B.

28-29. SIP BYE request (SCC AS to interworking entities via intermediate IM CN subsystem entities)


The SCC AS terminates the replaced call leg of the session X by sending a BYE request to the interworking entities.

30. CC DISCONNECT message (interworking entities to SC UE A)
31-32. SIP 200 (OK) response (Interworking entities to SCC AS via intermediate IM CN subsystem entities)

Upon receiving the BYE request, the interworking entities sends a SIP 200 (OK) response to the SCC AS.

33. SIP INVITE request (CONF AS to intermediate IM CN subsystem entities) -see example in table A.16.4-33

The CONF AS invites session identifier URI associating with session Y in the URI list into the conference. The CONF AS generates a SIP INVITE request destined to session identifier URI associating with session Y, and sends it to intermediate IM CN subsystem entities.

Table A.16.4-33: SIP INVITE request (CONF AS to intermediate IM CN subsystem entities)

INVITE sip:xfer2@sccas.home1.net SIP/2.0

Via: SIP/2.0/UDP sccas.home1.net;branch=z9hG4bKd3da4tr45

Max-Forwards: 70

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: IEEE-802.11b

Privacy: none

From: <sip:user1_public1@home1.net>;tag=149367
To: <sip:xfer2@sccas.home1.net>

Call-ID: cb03a0s09a2sdfglkj76552894
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
Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933620 2987933620 IN IP6 cfcf::aaa:bbb:ccc:ddd

s=

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

t=0 0

m=audio 3888 RTP/AVP 97
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


Request-URI:
contains the session identifier URI assocating with session Y.
34. SIP INVITE request (intermediate IM CN subsystem entities to SCC AS)

35-36. SIP re-INVITE request (SCC AS to UE C via intermediate IM CN subsystem entities)


The SCC AS associate session identifier URI with sessin Y, and acting as a routing B2BUA generates a SIP re-INVITE request based on the received SIP INVITE request and the information previously stored against this session, and routes it towards UE C via the intermediate IM CN subsystem entities.

37-38. SIP 200 (OK) response (UE B to SCC AS via intermediate IM CN subsystem entities)


Upon receiving the SIP re-INVITE request containing the SDP offer, since the UE C has all resources available, it sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The SDP answer indicates that the resources are available.

39-40. SIP 200 (OK) response (SCC AS to CONF AS via intermediate IM CN subsystem entities)

The SCC AS generates a SIP 200 (OK) response to the SIP INVITE request, and forwards the SIP 200 (OK) response towards the CONF AS via intermediate IM CN subsystem entities. 

41-42. SIP ACK request (CONF AS to SCC AS via IM CN subsystem entities)

The CONF AS generates the SIP ACK request to the SIP 200 (OK) response, and forwards it to the SCC AS.

43-44. SIP ACK request (SCC AS to UE B via IM CN subsystem entities)


The SCC AS generates the SIP ACK request to the SIP 200 (OK) response, and forwards the SIP ACK request to the remote UE C.

45-46. SIP BYE request (SCC AS to interworking entities via intermediate IM CN subsystem entities)


The SCC AS terminates the replaced call leg of the session Y by sending a BYE request to the interworking entities.

47. CC DISCONNECT message (interworking entities to SC UE A)
48-49. SIP 200 (OK) response (Interworking entities to SCC AS via intermediate IM CN subsystem entities)

Upon receiving the BYE request, the interworking entities sends a SIP 200 (OK) response to the SCC AS.

50.
Media paths between SC UE A and remote UEs

The media paths of session Z is using the new IP-CAN. The media paths of session X and session Y are updated to connect with conference.
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