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************************************* 1st Change *********************************************

5.3.1.4.2
User joining a conference after receipt of a REFER request

Upon receipt of a REFER request that either includes a Refer-To header which includes the "method" uri parameter set to INVITE or does not include the "method" URI parameter, the conference participant shall:

1)
handle the REFER request in accordance with RFC 3515 [17];

2)
perform the actions as described in subclause 5.3.1.4.1 for a user joining a conference; and

3)
if the received REFER request included a Referred-By header, include the Referred-By header in accordance with RFC 3892 [20] in the INVITE request that is sent for joining the conference.

************************************* 2nd  Change *********************************************

5.3.1.5.2
User invites other user to a conference by sending a REFER request to the other user

Upon generating a REFER request that is destined to a user in order to invite that user to a specific conference, the conference participant shall:

1)
set the request URI of the REFER request to the address of the user who is invited to the conference;

2)
set the Refer-To header of the REFER request to the conference URI of the conference that the other user shall be invited to, including the "method" parameter set to "INVITE" or omit the "method" parameter ; and

NOTE:
Other headers of the REFER request will be set in accordance with 3GPP TS 24.229 [5].

3)
send the REFER request towards the user who is invited to the conference.

The UE may additionally include the Referred-By header to the REFER request and set it to the URI of the conference participant that is sending the REFER request.

Afterwards the UE shall treat incoming NOTIFY requests that are related to the previously sent REFER request in accordance with RFC 3515 [17] and may indicate the received information to the user.

************************************* 3rd  Change *********************************************

5.3.1.5.3
User invites other user to a conference by sending a REFER request to the conference focus

Upon generating a REFER request that is destined to the conference focus in order to invite another user to a specific conference, the conference participant shall:

1)
set the request URI of the REFER request to the conference URI to which the user is invited to;

2)
set the Refer-To header of the REFER request to the SIP URI or tel URL of the user who is invited to the conference;

3)
either include the "method" parameter with the value "INVITE" or omit the "method" parameter in the Refer-To header; and

NOTE:
Other headers of the REFER request will be set in accordance with 3GPP TS 24.229 [5].

4)
send the REFER request towards the conference focus that is hosting the conference.

The UE may additionally include the Referred-By header to the REFER request and set it to the URI of the conference participant that is sending the REFER request. 

In case of an active session the UE may additionally include the Replaces header in the header portion of the SIP URI of the Refer-to header of the REFER request. The included Replaces header shall refer to the active dialog that is replaced by the ad-hoc conference. The Replaces header shall comply with RFC 3891 [33].

Afterwards the UE shall treat incoming NOTIFY requests that are related to the previously sent REFER request in accordance with RFC 3515 [17] and may indicate the received information to the user.
************************************* 4th Change *********************************************

5.3.1.6.3
Removing a conference participant from a conference

Upon generating a REFER request to remove a conference participant from a conference, the removing conference participant shall:

1)
set the request URI of the REFER request to the conference URI of the conference from which the conference participant shall be removed

2)
set the Refer-To header of the REFER request:
a)
to the address of the conference participant who is to be removed from the conference, including the “method“ parameter set to “BYE“, if a single conference participant is to be removed from the conference. If the address of conference participant is tel-URL, it shall first be converted to SIP-URI as described in RFC 3261 [7]; or
b)
to the conference URI and the “method" parameter to “BYE“, if all conference participants shall be removed from the conference.
NOTE 1:
Other headers of the REFER request will be set in accordance with 3GPP TS 24.229 [5].

NOTE 2:
The removal of all conference participants from the conference will terminate the conference if the conference policy is set accordingly.

3)
send the REFER request towards the conference focus that is hosting the conference.
Afterwards the removing conference participant shall treat incoming NOTIFY requests that are related to the previously sent REFER request in accordance with RFC 3515 [17] and may indicate the received information to the user.

NOTE:
Additionally, a conference participant can be removed from a conference by other means.

************************************* 5th Change *********************************************

5.3.2.5.2
Request from a user to invite another user to a conference using a REFER request

Upon receipt of an REFER request that includes:

a)
a conference URI in the request URI; and

b)
a Refer-To header including:

-
a valid SIP URI or tel URL; and,

-
the "method" parameter either set to "INVITE" or omitted;

the conference focus shall:

1)
check if the conference URI is allocated. If the conference URI is not allocated, the conference focus shall reject the request in accordance with RFC 3261 [7]. The following actions in this subclause shall only be performed if the conference URI is allocated;

2)
verify the identity of the user as described in subclause 5.7.1.4 of 3GPP TS 24.229 [5] and authorize the request as described in subclause 5.7.1.5 of 3GPP TS 24.229 [5]. The following actions in this subclause shall only be performed if the request can be authorized;

3)
generate a final response to the REFER request in accordance with RFC 3515 [17];

4)
invite the user indicated in the Refer-To header by performing the procedures as described in subclause 5.3.2.5.4;

5)
if the received REFER request included a Referred-By header, include the Referred-By header in accordance with RFC 3892 [20] in the INVITE request that is sent for inviting the user to join the conference; 

5a)
if the received REFER request included a Replaces header, include the Replaces header in accordance with RFC 3891 [33] and 3GPP TS 24.229 [5] in the INVITE request that is sent for joining the conference; and

6)
based on the progress of  this invitation, send NOTIFY messages in accordance with the procedures of RFC 3515 [17] towards the user who sent the REFER request.

************************************* 6th Change *********************************************

5.3.2.5.5
Inviting a user to a conference by sending a REFER request

When generating a REFER request in order to invite a user to a specific conference, the conference focus shall:

1)
set the request URI of the REFER request to the address of the user who is invited to the conference;

2)
set the P-Asserted-Identity header of the REFER request to the conference URI of the conference that the user shall be invited to;

3)
set the Refer-To header of the REFER request to the conference URI of the conference that the other user shall be invited  to, and either including the "method" URI parameter set to "INVITE" or omitting the "method" URI parameter; and

NOTE 1:
Other headers of the REFER request will be set in accordance with 3GPP TS 24.229 [5].

4)
send the REFER request towards the user who is invited to the conference.

NOTE 2:
Requests are generated in accordance with 3GPP TS 24.229 [5].

Afterwards the conference focus shall treat incoming NOTIFY requests that are related to the previously sent REFER request in accordance with RFC 3515 [17].

************************************* 7th Change *********************************************

5.3.2.6.2.2
Request from a conference participant to remove another conference participant from a conference

Upon receipt of a REFER request that includes:

a)
a conference URI in the request URI; and,

b)
a Refer-To header including:

1)
a valid SIP URI; and

2)
the "method" parameter set to "BYE".
The conference focus shall:

1)
check if the conference URI is allocated. If the conference URI is not allocated, the conference focus shall reject the request in accordance with RFC 3261 [7]. The following actions in this subclause shall only be performed if the conference URI is allocated;

2A) check if the SIP URI of the Refer-To header can be converted to tel URL belonged to user who is currently a participant of the referenced conference as described in RFC 3261 [7]. If this verification fails, then reject the request in accordance with RFC 3261 [7] and RFC 3515 [17];

2)
check if the SIP URI of the Refer-To header is identical to the conference URI or belongs to a user who is currently a participant of the referenced conference. If this verification fails, then reject the request in accordance with RFC 3261 [7] and RFC 3515 [17];

3)
verify the identity of the user as described in subclause 5.7.1.4 of 3GPP TS 24.229 [5] and authorize the request as described in subclause 5.7.1.5 of 3GPP TS 24.229 [5]. The following actions in this subclause shall only be performed if the request can be authorized;

4)
generate a final response to the REFER request in accordance with RFC 3515 [17];

5)
if a single conference participant is indicated in the Refer-To header, remove this conference participant from the conference according to subclause 5.3.2.6.2.3. If the Refer-To header includes the conference URI, remove all conference participants from the conference by performing the procedures described in subclause 5.3.2.6.2.3 for each conference participant individually; and

6)
based on the progress of this removal, send NOTIFY messages in accordance with the procedures of RFC 3515 [17] towards the conference participant who sent the REFER request.

************************************* 8th Change *********************************************

A.9.1
POTS subscriber invited to a conference
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Figure A.9-1: CONF interworking signalling flow in case of an active session between NGN and PSTN

UE-A is in an active voice session with a PSTN/ISDN TE (SIP dialog with Call-ID, to-tag and from-tag between UE-A and MGCF). It then creates a conference and invites the PSTN/ISDN TE to the conference by sending a REFER to the conference focus, which invites the PSTN/ISDN TE to the conference by sending an INVITE which includes the Replaces header to the MGCF. The MGCF confirms the session, switches the existing information channel to the new RTP session, and terminates the session which is replaced.

NOTE:
The example given in the figure above assumes that the INVITE request sent from the UE and the INVITE request sent from the AS/MRFC are routed to the same MGCF.

1. – 3. UE-A initiates a voice session with a PSTN/ISDN TE by sending an INVITE to the MGCF.

Table A.9-1: 1.INVITE (UE-A to P-CSCF)

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.visited1.net:7531;lr;comp=sigcomp>, <sip:scscf1.home1.net;lr>

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

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

Privacy: none

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

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

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: precondition, 100rel

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

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

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=video 3400 RTP/AVP 98 99

b=AS:75

a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

a=rtpmap:99 MP4V-ES

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

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; maxframes=2

a=rtpmap:96 telephone-event

4. H.248 interaction

5. SS7: IAM

6. resource reservation

7. SS7: ANM

8. H.248 interaction

9. – 11. The MGCF sends a final response back to the session originator.

Table A.9-2: 9. 200 OK (MGCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf1.home1.net;branch=z9hG4bK6546q2.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP pcscf1.home1.net;branch=z9hG4bK431h23.1, SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

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

P-Asserted-Identity: <tel:+1-212-555-2222>

P-Charging-Vector:
Privacy: none

From: 

To: <tel:+1-212-555-2222>;tag=314159

Call-ID: 

CSeq: 

Require: 100rel

Contact: <sip:mgcf1.home1.net>

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

RSeq: 9021

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::eee:fff:aaa:bbb

s=-

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

t=0 0

m=video 0 RTP/AVP 98 99

m=audio 6544 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv 

a=conf:qos remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event

12. – 14. The Calling party acknowledges the final response with an ACK request.

15. – 24. UE-A creates a conference by sending an INVITE to the Conference URI and connects to the conference.

Table A.9-3: 15. INVITE request (UE-A to P-CSCF)

INVITE sip:conference-factory1@mrfc1.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.visited1.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

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

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

Privacy: none

From: <sip:user1_public1@home1.net>; tag=171829

To: <sip:conference-factory1@mrfc1.home1.net>

Call-ID: cb03a0s09a2sdfglkj490444 

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: precondition, 100rel

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

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

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY
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=video 3400 RTP/AVP 98 99

b=AS:75

a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0
a=rtpmap:99 MPVMP4V-ES
m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

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; maxframes=2

a=rtpmap:96 telephone-event
25. – 27. UE-A invites the PSTN/ISDN TE to the conference by sending a REFER reqest to the conference focus, the ‘method’ parameter set to ‘INVITE’. The Refer-To header of the REFER request includes the Replaces parameter with Call-ID, to-tag and from-tag from the existing SIP dialog.

Table A.9-4: 25. REFER request (UE-A to P-CSCF)

REFER sip: conference1@mrfc1.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.visited1.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

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

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

Privacy: none

From: <sip:user1_public1@home1.net>; tag=171829 
To: <sip:conference1@mrfc1.home1.net>
Call-ID: cb03a0s09a2sdfglkj490555
Cseq: 127 REFER

Require: sec-agree

Refer-To: <tel:+1-212-555-2222?Replaces=cb03a0s09a2sdfglkj490333%3Bto-tag%3D 314159%3Bfrom-tag%3D 171828>

Referred-By: <sip:user1_public1@home1.net>

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

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

Content-Length: 0

28. – 30. The conference focus sends a NOTIFY request containing information about the progress of the REFER request processing. The Subscription-State is set to ‘active’.

31. – 32.. The conference focus invites the PSTN/ISDN TE by sending a INVITE request to the MGCF. The INVITE request includes the Replaces header with Call-ID, to-tag and from-tag from the existing SIP dialog. 

Table A.9-5: INVITE request (MRFC/AS to S-CSCF)

INVITE tel:+1-212-555-2222 SIP/2.0
Via: SIP/2.0/UDP mrfc1.home1.net;branch=z9hG4bK23273846

Max-Forwards: 70

P-Asserted-Identity: <sip:conference1@mrfc1.home1.net>

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

Privacy: none

From: <sip:conference1@mrfc1.home1.net>;tag=171123

To: <tel: +1-212-555-2222>
Call-ID: bc03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

Require: replaces

Replaces: cb03a0s09a2sdfglkj490333;to-tag=314159;from-tag=171828 

Supported: precondition, 100rel 

Referred-By: <sip:user1_public1@home1.net>

Contact: <sip:conference1@mrfc1.home1.net>;isfocus

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY
Allow-Events: conference

Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::abc:def:abc:abc

s=-

c=IN IP6 5555::abc:def:abc:def 

t=0 0

m=video 10001 RTP/AVP 98

b=AS:75

a=curr:qos local none

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0
m=audio 6544 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local none

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; maxframes=2

a=rtpmap:96 telephone-event
33. H.248 interaction.

34. – 35. The MGCF sends a final response back to the session originator.

36. – 37. The Calling party acknowledges the final response with an ACK request.

38. – 40. The conference focus sends a NOTIFY request containing information about the progress of the REFER request processing. The Subscription-State is set to ‘terminated’.

41. The MGCF replaces the existing RTP stream to UE-A with the new RTP stream to the conference mixer.

42. – 44. The MGCF releases the session with UE-A by sending a BYE request to UE-A.

45. – 47. UE-A responds with a 200 OK response.

************************************* end of  Change *********************************************
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