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************First Change************
4.5.4.2.1.1.5
Sending of the CC invocation request to the terminating AS
The originating AS shall send a SUBSCRIBE request to the terminating AS according to RFC 3265 [6] and draft-ietf-bliss-call-completion [5]. The originating AS shall populate the SUBSCRIBE request as follows:

-
a Request-URI set to the URI returned by the terminating AS in the Call-Info header field of the response including the CC possible indication
-
in case of CCBS as received in the Call-Info header field in the 486 (Busy Here) response, including an "m" SIP URI parameter with a value set to "BS";
-
in case of CCNR as received in the Call-Info header in the 180 (Ringing) response, including an "m"- SIP URI parameter with a value set to "NR";
-
a From header field set to the URI of UE-A from the original communication;

-
a To header field set to the URI of UE-B from the original communication;

-
a Contact header field set to the URI of the originating AS; and

-
a Call-Info header field with the URI of UE-A from the P-Asserted-Identity, a "purpose" header field parameter set to "call-completion", and an m-parameter set to "BS" in case of CCBS and "NR" in case of CCNR
-
an Expires header field set to the initial value of the service duration timer CC-T3.

The originating AS shall start the CC request timer CC-T2.
NOTE:
The To header field is used to identify a particular CC target.

4.5.4.2.1.1.6
Procedures after CC invocation confirmation from the terminating AS

If the originating AS receives a NOTIFY request as an answer to an outstanding CC request which was described in subclause 4.5.4.2.1.1.5 with the cc-state parameter set to 'queued', the originating AS shall:

a)
stop the CC request timer CC-T2;

b)
start the CCB service duration timer CC-T3;
c)
store the information whether the cc-service-retention parameter has been received or not; and
d)
confirm to the caller that the invocation was successful, using announcement procedures according to 3GPP TS 24.628 [3].

In case of CCBS the originating AS shall forward the 486 (Busy Here) response to UE-A.
In case of CCNR, if the original communication with the UE-B has already been cancelled by the originating AS, the originating AS shall send a 480 (Temporarily unavailable) response to UE-A.
4.5.4.2.1.2
Exceptional procedures

If the originating AS receives a 480 (Temporarily Unavailable) response (short term denial) or a 403 (Forbidden) response (long term denial), in accordance with the procedures of subclause 4.5.4.3.2.2, to an outstanding CC request which was described in subclause 4.5.2.2.1.1.5, then the originating AS shall:

a)
stop the CC request timer CC-T2; and

b)
confirm to the caller that the invocation was not successful, using announcement procedures according to 3GPP TS 24.628 [3].

In case of CCBS the originating AS shall forward the 486 (Busy Here) response to UE-A.

4.5.4.2.2
CC Revocation
4.5.4.2.2.1
Normal procedures

4.5.4.2.2.1.1
Generating a revocation request

For revoking the CC service, the originating AS shall send a SUBSCRIBE request to the terminating AS according to RFC 3265 [6] and draft-ietf-bliss-call-completion [5]. The originating AS shall populate the SUBSCRIBE request as follows:

-
a Request-URI set to the URI returned by the terminating AS in the Call-Info header field of the response including the CC possible indication
-
in case of CCBS as received in the Call-Info header field in the 486 (Busy Here) response, including a "m" SIP URI parameter with a value set to "BS";
-
in case of CCNR as received in the Call-Info header in the 180 (Ringing) response, including a "m"- SIP URI parameter with a value set to "NR";
-
a the From header field set to the URI of UE-A from the original communication;

-
a To header field set to the URI of UE-B from the original communication;

-
a Contact header field set to the URI of the originating AS.

-
a Call-Info header field with the URI of UE-A from the P-Asserted-Identity, a "purpose" header field parameter set to "call-completion", and an m-parameter set to "BS" in case of CCBS and "NR" in case of CCNR
-
an Expires header field set to zero;
NOTE:
The To header field is used to identify a particular CC target.

4.5.4.2.2.1.2
Revocation requested by the user

If the originating AS receives a revocation request by the user, the originating AS shall 

-
construct a SUBSCRIBE request according to subclause 4.5.4.2.2.1.1; and 
-
send the SUBSCRIBE request to the terminating AS; and

-
inform user A of the result of the revocation by using announcement procedures and inband-interaction procedures according to 3GPP TS 24.628 [3].
4.5.4.2.2.1.3
Revocation caused by timer expiry

If the service-duration timer CC-T3 expires, the originating AS shall: 
-
construct a SUBSCRIBE request according to subclause 4.5.4.2.2.1.1; and 
-
send the SUBSCRIBE request to the terminating AS.

4.5.4.2.2.2
Exceptional procedures

The originating AS shall be prepared to receive a NOTIFY request cause by a service-duration timer expiry at the terminating AS, according to the procedures of subclause 4.5.4.3.3.1, with:

-
the Subscription-State header field set to "terminated"; and 

-
the "reason" Subscription-State header field parameter set to "timeout".
In this case the originating AS shall stop the CC service-duration timer CC-T3, if this timer is still running.

4.5.4.2.3
CC Operation

4.5.4.2.3.1
Normal procedures
On receipt of a CC recall notification as described in subclause 4.5.4.3.4.1.2, and if user A is neither busy nor CC busy, the originating AS shall initiate the CC recall to user A by sending a REFER request to UE-A according to 3GPP TS 24.229 [2], and shall start the recall timer CC-T4. The originating AS shall populate the REFER request as follows:

-
a Request-URI set to the URI of UE-A from the original communication, including an "m" SIP URI parameter with a value set to "BS" in case of CCBS or "NR" in case of CCNR; and

-
a Refer-to header set to the URI of UE-B.
If there are multiple outstanding CC requests at the originating AS, then the correct target for the CC recall is identified using standard SIP dialog identification procedures.
In the case UE-A does not support the REFER method extension, the special REFER request handling procedures according to 3GPP TS 24.628 [3] should be used. As a network option, e.g. in the case the originating AS has knowledge that UE-A does not support the REFER method extension, the originating AS may start the 3rd party call control procedures according to 3GPP TS 24.628 [3] without waiting for a 3xx – 6xx response. In this case, the originating AS shall send an INVITE request with a Request-URI set to the URI of UE-A from the original communication, including a "m" SIP URI parameter with a value set to "BS" in case of CCBS or "NR" in case of CCNR. The INVITE request shall not include any identity information about user B.

NOTE:
The response to this INVITE request will contain the privacy settings of user A that can be used in the subsequent communication.
If user A accepts the recall before the CC recall timer expires (a NOTIFY request with a body containing SIP/2.0 100 Trying or a 200 OK to the 3pcc INVITE request according to the special REFER request handling procedures according to 3GPP TS 24.628 [3] is received), the originating AS shall stop timer CC-T4 and initiate the CC call to destination B by sending an INVITE request, in accordance with draft-ietf-bliss-call-completion [5]. The originating AS shall populate the INVITE request as follows.

-
a Request-URI set to the URI of UE-B from the original communication, including an "m" SIP URI parameter 
-
set to "BS" in case of CCBS; or
-
set to "NR" in case of CCNR;

-
a From header field set to the URI of UE-A from the original communication;

-
a To header field set to the URI of UE-B from the original communication.
-
a Call-Info header field with the URI of UE-A from the P-Asserted-Identity in the original communication, a "purpose" header field parameter set to "call-completion", and an m-parameter set to "BS" in case of CCBS and "NR" in case of CCNR;
4.5.4.2.3.2
Exceptional procedures
4.5.4.2.3.2.1
Non-acceptance of CC recall

See subclause 4.5.4.2.2.1.3.
4.5.4.2.3.2.2
User A is found busy or CC busy

If the caller is found to be busy or CC busy, when a CC recall notification as described in subclause 4.5.4.3.4.1.2 has been received, then the originating AS shall suspend the CC request until the caller becomes not busy or not CC busy again. The originating AS shall send a PUBLISH request to the terminating AS according to draft-ietf-bliss-call-completion [5]. The originating AS shall populate the PUBLISH request as follows:

-
a Request-URI set to the URI returned by the terminating AS in the Call-Info header field of the response including the CC possible indication
-
in case of CCBS as received in the Call-Info header field in the 486 (Busy Here) response, including a "m" SIP URI parameter with a value set to "BS";
-
in case of CCNR as received in the Call-Info header in the 180 (Ringing) response, including a "m"- SIP URI parameter with a value set to "NR";
-
a To header field set to the URI of UE-B from the original communication;
-
a Call-Info header field with the URI of UE-A from the P-Asserted-Identity in the original communication, a "purpose" header field parameter set to "call-completion", and an m-parameter set to "BS" in case of CCBS and "NR" in case of CCNR;
-
an Expires header field set to the current value of the service duration timer CC-T3; and

-
a body set to a PIDF informing about the basic state 'closed' for the caller's identity as presentity.

NOTE:
The To header field is used to identify a particular CC target.

When the caller is no longer busy or CC busy, then the originating AS shall resume the CC request. The originating AS shall send a PUBLISH request to the terminating AS according to draft-ietf-bliss-call-completion [5]. The originating AS shall populate the PUBLISH request as follows:

-
a Request-URI set to the URI of the terminating AS returned by the terminating AS in the Call-Info header field of the response including the CC possible indication
-
in case of CCBS as received in the Call-Info header field in the 486 (Busy Here) response, including a "m" SIP URI parameter with a value set to 'BS';

-
in case of CCNR as received in the Call-Info header in the 180 (Ringing) response, including a "m"- SIP URI parameter with a value set to "NR";

-
a To header field shall contain the URI of UE-B from the original communication;
-
a Call-Info header field with the URI of UE-A from the P-Asserted-Identity in the original communication, a "purpose" header field parameter set to "call-completion", and an m-parameter set to "BS" in case of CCBS and "NR" in case of CCNR;
-
an Expires header field set to the current value of the service duration timer CC-T3; and
-
a body set to a PIDF informing about the basic state 'open' for the caller’s identity as presentity.

NOTE:
The To header field is used to identify a particular CC target.

In case of the originating AS had sent several suspension requests to different terminating ASs and the caller becomes neither busy nor CC busy, the originating AS shall resume each suspended request.

4.5.4.2.3.2.3
The caller makes another call to the same destination B

If the caller initiates another communication to the same destination B and activates the same CC service (CCBS or CCNR) again, then:

-
if the two communications are identical, then the following network provider option exists:

1)
the originating AS shall retain the original request with the current request being discarded and inform the caller that the request has not been accepted because a CC request had already been stored against the requested destination B; or
2)
the originating AS shall treat this as a new CC request; and
-
if the two calls are not identical, then the originating AS shall treat this as a new CC request. In order to decide that the two calls are identical, the originating AS shall only compare the basic communication information, i.e. the SDP offer, the destination selection information, and calling user identity (if any).
NOTE:
It is a network provider option which information is used to identify identical communications.

4.5.4.2.3.2.4
CC call failure

If the CC call fails, the originating AS shall inform the caller as for the basic communication procedures.

If CC is possible (a received 180 (Ringing) or 486 (Busy Here)) response contains a Call-Info header field with a purpose parameter set to "call-completion"), two possibilities exist:

-
if the retain option is supported across the networks (the originating AS has received a cc-service-retention parameter in the NOTIFY request described in subclause 4.5.4.3.2.1), the originating AS shall keep the transaction resources and shall not restart the service duration timer CC-T3. If the caller attempts to activate CC again, the originating AS shall treat this as described in subclause 4.5.4.2.3.2.3.
-
if the retain option is not supported across the networks, the originating AS shall release the transaction resources. The originating AS shall deactivate the CC request and shall inform the caller accordingly.

If CC is not possible (a received 180 (Ringing) or 486 (Busy Here)) response does not contain a Call-Info header field with a purpose parameter set to 'call-completion'), the originating AS shall deactivate the CC request according to the procedures described in subclause 4.5.4.2.2 and shall inform the caller accordingly.
4.5.4.3
Actions at the terminating AS
4.5.4.3.0
General

The terminating AS shall operate as a SIP proxy as specified in subclause 5.7.4 of 3GPP TS 24.229 [2] or operate as a routing B2BUA as specified in subclause 5.7.5 of 3GPP TS 24.229 [2] for the incoming INVITE request and all future requests and responses in the same dialog.
4.5.4.3.1
CC possible indication
4.5.4.3.1.1
Normal operation

When on a incoming communication the terminating AS supports the CCNR service, then the terminating AS shall insert a Call-Info header field with either the URI of the terminating AS or the URI received in the original INVITE request, a purpose-parameter set to 'call-completion', and a m-parameter set to 'NR' in the 180 (Ringing) response forwarded by the AS to indicate whether CCNR is possible or not, in accordance with draft-ietf-bliss-call-completion [5].
When on a incoming communication the callee is found to be busy and the terminating AS supports the CCBS service, then the terminating AS shall insert a Call-Info header field with either the URI of the terminating AS or the URI received in the original INVITE request, a "purpose" header field parameter set to "call-completion", and a m-parameter set to "BS" in the 486 (Busy Here) response generated by the terminating AS (in case of 'network determined user busy') or forwarded by the terminating AS (in case of 'user determined user busy') to indicate whether CCBS is possible or not, in accordance with draft-ietf-bliss-call-completion [5].
If the terminating AS knows that the CC is not possible on destination B, the terminating AS shall not include a Call-Info header field with a "purpose" header field parameter set to "call-completion" in any response sent to the originating side.

4.5.4.3.1.2
Exceptional procedures
Not applicable
4.5.4.3.2
CC Invocation

4.5.4.3.2.1
Normal operation

Several CC requests can be queued against one destination B in the destination B CC queue (queue B). The exact size of queue B (from 1 to 5 entries) is a destination network operator option.

As a network option the destination network operator can reduce the sizes of the CC queues associated with individual users. The reduced size can be zero. The size of the CCBS queue can also be related to the size of the CCNR queue if existing.
On receipt of a CC invocation request as described in subclause 4.5.4.2.1.1.5, the terminating AS shall:

a)
check if the URI in the To header field of the SUBSCRIBE request is available for the requested CC service, and if it is available store the information received in the CC invocation request in the destination B queue and send a NOTIFY request to the originating AS according to draft-ietf-bliss-call-completion [5]. The terminating AS shall populate the NOTIFY request as follows:

-
a Request-URI set to the URI of the originating AS as received in the Contact header field of the SUBSCRIBE request;

-
a To header field set to the URI of UE-A as received in the From header field of the SUBSCRIBE request;
-
a From header field set to the URI of UE-B as received in the To header field of the SUBSCRIBE request;
-
a Subscription-State header field set to "active";

-
the "expires" Subscription-State header field parameter set to the initial value of the service duration timer CC-T7,
-
a body set to a cc-state parameter set to 'queued'; and
-
if the retain option is supported at the terminating AS, a cc-service-retention parameter in the same body;

b)
start the service duration timer CC-T7; and
c)
monitor destination B 
-
in case of CCBS for becoming not busy; or

-
in case of CCNR for becoming not busy after having initiated an activity.
NOTE:
Methods for monitoring the callee for becoming not busy are a network provider implementation option.
4.5.4.3.2.2
Exceptional procedures
When the invocation of the requested CC service is rejected by the terminating AS, in accordance with draft-ietf-bliss-call-completion [5] the terminating AS shall send a 480 (Temporarily Unavailable) response (short term denial) or a 403 (Forbidden) response (long term denial), in the following cases:

-
if there are already the maximum number of requests queued against destination B;

-
if there is an interaction with other services which prevents the invocation of the requested CC service;

-
if the URI in the To header field of the SUBSCRIBE request is not available for the requested CC service at destination B.

If the callee is no longer busy when the CCBS invocation request arrives, the terminating AS shall apply the normal CC invocation procedures as described in subclause 4.5.4.3.2.1.
If the callee has answered the communication when the CCNR invocation request arrives, the terminating AS shall apply the normal CC revocation procedures as described in subclause 4.5.4.3.3.1. 
NOTE:
A general error, e. g. a syntax error, or a non-compliance to the call-completion event-package, is answered according to the procedures described in RFC 3265 [6].
4.5.4.3.3
CC Revocation

4.5.4.3.3.1
Normal operation

On receipt of a CC revocation request as described in subclause 4.5.4.2.2.1.1, the terminating AS shall delete the CC request from the destination B queue.and send a NOTIFY request to the originating AS according to RFC 3265 [6] and draft-ietf-bliss-call-completion [5]. The terminating AS shall populate the NOTIFY request as follows:

-
a Request-URI set to the URI of the originating AS as received in the Contact header field of the SUBSCRIBE request;

-
a To header field set to the URI of UE-A as received in the From header field of the SUBSCRIBE request;
-
a From header field set to the URI of UE-B as received in the To header field of the SUBSCRIBE request;

-
a Subscription-State header field set to "terminated"; and

-
the "reason" Subscription-State header field parameter set to 'timeout'.
4.5.4.3.3.2
Exceptional procedures
The terminating AS shall automatically revoke a particular request for the CC service if the CC service duration timer CC-T7 expires. If timer CC-T7 expires, the terminating AS shall send a NOTIFY request to the originating AS as described in subclause 4.5.4.3.3.1.
4.5.4.3.4
CC Operation

4.5.4.3.4.1
Normal operation

4.5.4.3.4.1.1
The callee becomes available
When the callee becomes not busy, then the terminating AS shall check queue B for CCBS entries:

-
if there is an entry in the CCBS queue currently being processed, the terminating AS shall take no further action; or
-
otherwise, the terminating AS shall examine the entries in the CCBS queue:
-
if an entry is suspended, the terminating AS shall take another entry; and
-
if an entry is not suspended, the terminating AS shall select it for the CCBS recall.
NOTE:
The algorithm for the order addressing entries in the queue is outside the scope of this document. It need not be order of creation of the queue entry.

When the callee becomes not busy after having initiated an activity, then the terminating AS shall check queue B for CCNR entries:

-
if there is an entry in the CCNR queue currently being processed, the AS shall take no further action;

-
otherwise, the AS shall examine the entries in the CCNR queue;

-
if an entry is suspended, the AS shall take another entry;

-
if an entry is not suspended, the terminating AS shall select it for the CCNR recall;
NOTE:
The algorithm for the order addressing entries in the queue is outside the scope of this document. It need not be order of creation of the queue entry.
The terminating AS shall start the destination B idle guard timer CC-T8. When the destination B idle guard timer CC-T8 expires, the terminating AS shall process the selected CC request.

4.5.4.3.4.1.2
The CC recall is started

When processing a CC request, provided that the callee is still available, the terminating AS shall start the CC recall procedure.
The CC recall procedure is defined as follows:

-
the terminating AS shall send a NOTIFY request to the originating AS according to draft-ietf-bliss-call-completion [5]. The terminating AS shall populate the NOTIFY request as follows:

-
a Request-URI set to the URI of the originating AS as received in the Contact header field of the SUBSCRIBE request

-
a To header field set to the URI of UE-A as received in the From header field of the SUBSCRIBE request;
-
a From header field set to the URI of UE-B as received in the To header field of the SUBSCRIBE request;
-
a Subscription-State header field set to "active";

-
the "expires" Subscription-State header field parameter set to the current value of the service duration timer CC-T7;
-
a body set to a cc-state parameter set to 'ready'; and
-
the terminating AS shall start the CC recall timer CC-T9.

4.5.4.3.4.1.3
Incoming communication during the CC recall processing
If the terminating AS receives an INVITE request while a CC recall is processed, the terminating AS shall check whether this new incoming communication includes a CC call indicator (an "m" SIP URI parameter in the Request-URI, or a Call-Info header field exists and includes an "m" header parameter).

If the INVITE request includes a CC Call indicator, the terminating AS shall offer the incoming communication to the callee.
If the INVITE request does not include a CC call indicator, the terminating AS shall reject the incoming communication by generating a 486 (Busy Here) response which includes a CC possible indication, according to the normal CC possible indication procedures described in subclause 4.5.4.3.1.1.
4.5.4.3.4.1.4
Procedures after the CC call was offered to the callee
When the terminating AS has sent a 183 (Session Progress) response, a 180 (Ringing) response or a 200 (OK) response, it shall:

-
stop the timers CC-T7 and CC-T9;
-
delete the CC request from the destination B queue
-
send a CC revocation notification as described in subclause 4.5.4.3.3.2 to the originating AS; and

-
if there are further CC requests to be processed, then check whether the callee is busy:

-
if the callee is busy, the terminating AS shall take no further action; or
-
if the callee is not busy, the terminating AS shall service the queue for destination B as described above.

4.5.4.3.4.1.5
Further procedures

If the originating AS resumes a CC request according to the procedures describe in subclause 4.5.4.2.3.2.2 because user A has become free (i.e. not busy and not CC busy), then, if the callee is available and there is no entry in the CC queue which is currently being processed, the terminating AS shall service the destination B queue as described above.

If the originating AS suspends a CC request according to the procedures describe in subclause 4.5.4.2.3.2.2, the terminating AS shall:

-
stop timer CC-T9; and
-
send a NOTIFY request to the originating AS, including a body with a cc-state parameter set to 'queued'; and

-
attempt to process another CC request in the same queue.

If the originating AS revokes a CC request according to the procedures described in subclause 4.5.4.2.2.1.1, the terminating AS shall stop timers CC-T7 and CC-T9 and attempt to process another CC request in the same queue.
************Second Change************
Annex A (informative):
Signalling flows

A.1
CCBS activation and CCBS call
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Figure A.1.1: CCBS activation and CCBS call

Figure A.1.1 shows a basic signalling flow for a CCBS activation and a CCBS call.
Call flows

1 to 5:
The communication is initiated by UE-A by sending an INVITE request. The Request-URI will include the URI of UE-B. After IFC evaluation in the S-CSCF the INVITE request is routed to the originating AS and after that to the terminating AS and further on to UE-B.
Table A.1-1: SIP INVITE request (UE to P-CSCF)

INVITE sip:user2_public2@home2.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;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

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

Privacy: none

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

To: <sip:user2_public2@home2.net>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE 

Supported: 100rel; precondition, gruu, 199

Require: sec-agree

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=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=inactive

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=inactive

a=rtpmap:97 AMR 

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

a=rtpmap:96 telephone-event

6:
UE-B answers with a 486 (Busy Here) response. The 486 (Busy Here) response is routed back to the terminating AS.

7 to 8:
The terminating AS inserts a Call-Info header field in the 486 (Busy Here) response according to the procedures described in draft-ietf-bliss-call-completion [5]. The Call-Info header field will contain the URI of the terminating AS with an "m" header field parameter set to "BS" (busy subscriber). It further includes a "purpose" header field parameters set to "call-completion". The 486 (Busy Here) response is routed back to the originating AS.

Table A.1-2: 486 (Busy Here) response (Terminating AS to S-CSCF))

SIP/2.0 486 Busy Here

Via: SIP/2.0/UDP tas.home2.net;branch= z9hG4bK332b23.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK344a65.1, SIP/2.0/UDP icscf2_s.home2.net;branch=z9hG4bKj5hgrt2o, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bKehuehjgt, SIP/2.0/UDP oas.home1.net;branch=z9hG4bKnashds7, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

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

To: <sip:user2_public2@home2.net>;tag=314159

Call-ID: cb03a0s09a2sdfglkj490333

CSeq: 127 INVITE

Retry-After: 3600

Contact: <sip:user2_public2@visited2.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91ewxyz>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Content-Length: 0

Call-Info:<sip:tas.home2.net>;purpose=call-completion;m=BS
9 to 10:
The originating AS sends back a 183 (Session Progress) response to UE-A and initiates IVR procedures. User A is informed that CCBS is possible. User A activates CCBS.
11 to 12:
The originating AS subscribes for the call-completion event package according to the procedures described in draft-ietf-bliss-call-completion [5] at the terminating AS. The originating AS generates a SUBSCRIBE request which Request-URI will include the URI of the terminating AS. In order to mark the SUBSCRIBE request as a request for CCBS, the originating AS adds the "m" SIP URI parameter with the value "BS" to the Request-URI. The From header field will include the caller URI. The To header field will include the callee URI.
Table A.1-3: SUBSCRIBE request (Originating AS to S-CSCF)
SUBSCRIBE sip:tas.home2.net;m=BS SIP/2.0
Via: SIP/2.0/UDP oas.home1.net;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:scscf1.home1.net>

P-Asserted-Identity: <sip:oas.home1.net>

From: <sip:user1_public1@home1.net>;tag=31415

To: <sip:user2_public2@home2.net>

Call-ID: b89rjhnedlrfjflslj40a222
Call-Info:<sip:user1_public1@home1.net>;purpose=call-completion;m=BS
CSeq: 61 SUBSCRIBE

Event: call-completion

Expires: 2700

Contact: <sip:oas.home1.net>

Content-Length: 0

13 to 14
The terminating AS accepts the subscription and starts busy state supervision procedures on the callee.
Table A.1-4: 202 (Accepted) response (Terminating AS to S-CSCF)

SIP/2.0 202 Accepted
Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK344a65.1, SIP/2.0/UDP icscf2_s.home2.net;branch=z9hG4bKj5hgrt2o, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bKehuehjgt, SIP/2.0/UDP oas.home1.net;branch=z9hG4bKnashds7
Record-Route: 

From: 

To: <sip:user2_public2@home2.net>;tag=151170
Call-ID: 

CSeq:

Event: 

Expires: 

Contact: <sip:tas.home2.net>

Content-Length: 

15 to 18:
The terminating AS sends a notification to the originating AS, according to the procedures described in draft-ietf-bliss-call-completion [5]. The Request-URI of the NOTIFY request will include the URI of the originating AS. The body contains parameters informing of the caller’s call-completion state 'queued' and the availability of the call-completion service retention at the terminating AS. After confirmation of the notification the originating AS starts announcements procedures informing about the activation of CCBS.
Table A.1-5: NOTIFY request (Terminating AS to S-CSCF)

NOTIFY sip:oas.home1.net SIP/2.0

Via: SIP/2.0/UDP tas.home2.net;branch=z9hG4bK348923.1

Max-Forwards: 70

Route: <sip:scscf2.home2.net>
P-Asserted-Identity: <sip:tas.home2.net>

From: <sip:user2_public2@home2.net>;tag=151170
To: <sip:user1_public1@home1.net>;tag=31415

Call-ID: b89rjhnedlrfjflslj40a222

CSeq: 42 NOTIFY

Subscription-State: active ;expires=2700
Event: call-completion
Contact: <sip:tas.home2.net>

Content-Type: application/call-completion
Content-Length: (...)

cc-state: queued
cc-service retention
19 to 20:
The originating AS forwards the 486 (Busy Here) response to UE-A.

21 to 24:
The terminating AS sends a NOTIFY request to the originating AS, according to the procedures described in draft-ietf-bliss-call-completion [5]. The body contains a parameter informing of the caller’s call-completion state 'ready' (for recall). The originating AS confirms the notification.

Table A.1-6: NOTIFY request (Terminating AS to S-CSCF)

NOTIFY sip:oas.home1.net SIP/2.0

Via: SIP/2.0/UDP tas.home2.net;branch=z9hG4bK348923.1

Max-Forwards: 70

Route: <sip:scscf2.home2.net>
P-Asserted-Identity: <sip:tas.home2.net>

From: <sip:user2_public2@home2.net>;tag=151170
To: <sip:user1_public1@home1.net>;tag=31415

Call-ID: b89rjhnedlrfjflslj40a222

CSeq: 47 NOTIFY

Subscription-State: active ;expires=1800
Event: call-completion
Contact: <sip:tas.home2.net>

Content-Type: application/call-completion
Content-Length: (...)

cc-state: ready
cc-service retention
25 to 28:
The originating AS initiates the CCBS recall to UE A (by sending a REFER request, the "m" SIP URI parameter set to "BS" will be included in the Request-URI of the REFER request. UE-A confirms the REFER request.

Table A.1-7: REFER request (Originating AS to S-CSCF)

REFER sip:user1_public1@home1.net;m=BS SIP/2.0 

Via: SIP/2.0/UDP oas.home1.net;branch=z9hG4bK23273846

Max-Forwards: 70

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

P-Asserted-Identity: <sip:oas.home1.net>

From: <sip:oas.home1.net>; tag=161828

To: <sip:user1_public1@home1.net>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 REFER

Refer-To: <sip:user2_public2@home2.net;method=INVITE>

Referred-By: <sip:oas.home1.net>

Contact: <sip:oas.home1.net>

Content-Length: 0

29 to 30:
UE-A starts the CCBS call by sending an INVITE request to UE-B.

31 to 33:
In order to mark the INVITE request as a prioritized request for call-completion, the originating AS adds the "m" SIP URI parameter with the value 'BS' to the Request-URI.
Table A.1-8: SIP INVITE request (Originating AS to S-CSCF)

INVITE sip:user2_public2@home2.net;m=BS 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;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

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

Privacy: none

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

To: <sip:user2_public2@home2.net>

Call-ID: cb03a0s09a2sdfglkj490444
Call-Info:<sip:user1_public1@home1.net>;purpose=call-completion;m=BS
Cseq: 154 INVITE 

Supported: 100rel; precondition, gruu, 199

Require: sec-agree

Contact: <sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bg6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp,application/3gpp-ims+xml 

Content-Type: application/sdp 

Content-Length: (…)

A.2
CCBS suspend and resume procedures
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Figure A.2.1: CCBS suspend and resume procedures

Figure A.2.1 shows a basic signalling flow for CCBS suspend and resume procedures.

Call flows
1 to 4:
UE-A is busy and the CCBS recall fails. The originating AS initiates the suspension procedure. It generates a PUBLISH request according to the procedures described in draft-ietf-bliss-call-completion [5]. The Request-URI of the PUBLISH request includes the URI of the terminating AS. The From header field includes the URI of UE-Aand the To header field includes the URI of UE-B. The body of the PUBLISH request indicates the PIDF state 'closed'.
Table A.2-1: PUBLISH request (Originating AS to S-CSCF)

PUBLISH sip:user1_public1@home1.net;m=BS SIP/2.0

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

Max-Forwards: 70

Route: <sip:scscf1.home1.net>

P-Asserted-Identity: <sip:oas.home1.net>

From: <sip:user1_public1@home1.net>;tag=31415

To: <sip:user2_public2@home2.net>; tag=151170
Call-ID: b89rjhnedlrfjflslj40a222
CSeq: 71 PUBLISH

Event: presence

Expires: 1800

Content-Type: application/pidf+xml

Content-Length: (...)

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

   <presence xmlns="urn:ietf:params:xml:ns:pidf"

             xmlns:rpid="urn:ietf:params:xml:ns:pidf:rpid"

             xmlns:dm="urn:ietf:params:xml:ns:pidf:data-model"

             xmlns:pcp="urn:ietf:params:xml:ns:pidf:caps"

             xmlns:c="urn:ietf:params:xml:ns:pidf:cipid"

             entity="pres:user2_public1@home2.net">

     <tuple id="a8098a.672364762364">

       <status>

         <basic>closed</basic>

       </status>

     </tuple>

   </presence>

5 to 8:
The terminating AS suspends the queue entry and sends a NOTIFY request to the originating AS, according to the procedures described in draft-ietf-bliss-call-completion [5]. The body contains a parameter informing of the caller’s call-completion state 'queued'. The originating AS starts busy state supervision procedures on UE-A.Table A.2-2: NOTIFY request (Terminating AS to S-CSCF)

NOTIFY sip:oas.home1.net SIP/2.0

Via: SIP/2.0/UDP tas.home2.net;branch=z9hG4bK348923.1

Max-Forwards: 70

Route: <sip:scscf2.home2.net>
P-Asserted-Identity: <sip:tas.home2.net>

From: <sip:user2_public2@home2.net>;tag=151170
To: <sip:user1_public1@home1.net>;tag=31415

Call-ID: b89rjhnedlrfjflslj40a222

CSeq: 72 NOTIFY

Subscription-State: active ;expires=1795
Event: call-completion
Contact: <sip:tas.home2.net>

Content-Type: application/call-completion
Content-Length: (...)

cc-state: queued
cc-service retention
9 to 12:
UE-A becomes not busy. The originating AS initiates the resumption procedure. It generates a PUBLISH request according to the procedures described in draft-ietf-bliss-call-completion [5]. The Request-URI of the PUBLISH request includes the URI of the terminating AS. The From header field includes the URI of UE-A and the To header field includes the URI of UE-B. The body of the PUBLISH request indicates the PIDF state 'open'.
Table A.2-3: PUBLISH request (Originating AS to S-CSCF)

PUBLISH sip:user1_public1@home1.net;m=BS SIP/2.0

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

Max-Forwards: 70

Route: <sip:scscf1.home1.net>

P-Asserted-Identity: <sip:oas.home1.net>

From: <sip:user1_public1@home1.net>;tag=31416

To: <sip:user2_public2@home2.net>; tag=151170
Call-ID: b89rjhnedlrfjflslj40a222
CSeq: 85 PUBLISH

Event: presence

Expires: 1100

Content-Type: application/pidf+xml

Content-Length: (...)

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

   <presence xmlns="urn:ietf:params:xml:ns:pidf"

             xmlns:rpid="urn:ietf:params:xml:ns:pidf:rpid"

             xmlns:dm="urn:ietf:params:xml:ns:pidf:data-model"

             xmlns:pcp="urn:ietf:params:xml:ns:pidf:caps"

             xmlns:c="urn:ietf:params:xml:ns:pidf:cipid"

             entity="pres:user2_public1@home2.net">

     <tuple id="a8098a.672364762364">

       <status>

         <basic>open</basic>

       </status>

     </tuple>

   </presence>

13 to 16:
The terminating AS resumes the queue entry and sends a NOTIFY request to the originating AS, according to the procedures described in draft-ietf-bliss-call-completion [5]. The body contains a parameter informing of the caller’s call-completion state 'queued'. 
Table A.2-4: NOTIFY request (Terminating AS to S-CSCF)

NOTIFY sip:oas.home1.net SIP/2.0

Via: SIP/2.0/UDP tas.home2.net;branch=z9hG4bK348923.1

Max-Forwards: 70

Route: <sip:scscf2.home2.net>
P-Asserted-Identity: <sip:tas.home2.net>

From: <sip:user2_public2@home2.net>;tag=151170
To: <sip:user1_public1@home1.net>;tag=31415

Call-ID: b89rjhnedlrfjflslj40a222

CSeq: 86 NOTIFY

Subscription-State: active ;expires=1095
Event: call-completion
Contact: <sip:tas.home2.net>

Content-Type: application/call-completion
Content-Length: (...)

cc-state: queued
cc-service retention
A.3
CCNR activation
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Figure A.3.1: CCNR activation

Figure A.3.1 shows a basic signalling flow for a CCNR activation.
Call flows

1 to 5:
The communication is initiated by UE-A by sending an INVITE request. The Request-URI will include the URI of UE-B. After IFC evaluation in the S-CSCF the INVITE request is routed to the originating AS and after that to the terminating AS and further on to UE-B.
Table A.3-1: SIP INVITE request (UE to P-CSCF)

INVITE sip:user2_public2@home2.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;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

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

Privacy: none

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

To: <sip:user2_public2@home2.net>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE 

Supported: 100rel; precondition, gruu, 199

Require: sec-agree; replaces

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

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=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=inactive

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=inactive

a=rtpmap:97 AMR 

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

a=rtpmap:96 telephone-event

6:
UE-B answers with a 180 (Ringing) response. The 180 (Ringing) response is routed back to the terminating AS.

7 to 8:
The terminating AS inserts a Call-Info header field in the 180 (Ringing) response according to the procedures described in draft-ietf-bliss-call-completion [5]. The Call-Info header field will contain the URI of the terminating AS with a "m" header field parameter set to "NR" (no reply). It further includes a "purpose" header field parameter set to "call-completion". The 180 (Ringing) response is routed back to the originating AS.
Table A.3-2: 180 Ringing (Terminating AS to S-CSCF))

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP tas.home2.net;branch= z9hG4bK332b23.1, SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK344a65.1, SIP/2.0/UDP icscf2_s.home2.net;branch=z9hG4bKj5hgrt2o, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bKehuehjgt, SIP/2.0/UDP oas.home1.net;branch=z9hG4bKnashds7, SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bK240f34.1, [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

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

To: <sip:user2_public2@home2.net>;tag=314159

Call-ID: cb03a0s09a2sdfglkj490333

CSeq: 127 INVITE

Retry-After: 3600

Contact: <sip:user2_public2@visited2.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91ewxyz>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Content-Length: 0

Call-Info:<sip:tas.home2.net>;purpose=call-completion;m=NR
9 to 10:
The originating AS removes the Call-Info header field, forwards the 180 (Ringing) response to UE-A and initiates IVR procedures. User A is informed that CCNR is possible. User A activates CCNR.
11 to 12:
The originating AS subscribes for the call-completion event package according to the procedures described in draft-ietf-bliss-call-completion [5] at the terminating AS. The originating AS generates a SUBSCRIBE request which Request-URI will include the URI of the terminating AS. In order to mark the SUBSCRIBE request as a request for CCNR, the originating AS adds the "m" SIP URI parameter with the value "NR" to the Request-URI. The From header field will include the caller URI. The To header field will include the URI of UE-B. 
Table A.3-3: SUBSCRIBE request (Originating AS to S-CSCF)
SUBSCRIBE sip:tas.home2.net;m=NR SIP/2.0
Via: SIP/2.0/UDP oas.home1.net;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:scscf1.home1.net>

P-Asserted-Identity: <sip:oas.home1.net>

From: <sip:user1_public1@home1.net>;tag=31415

To: <sip:user2_public2@home2.net>

Call-ID: b89rjhnedlrfjflslj40a222

CSeq: 61 SUBSCRIBE
Call-Info:<sip:user1_public1@home1.net>;purpose=call-completion;m=NR
Event: call-completion

Expires: 5400

Contact: <sip:oas.home1.net>

Content-Length: 0

13 to 14
The terminating AS accepts the subscription and starts supervision procedures on activity of the callee.
Table A.3-4: 202 (Accepted) response (Terminating AS to S-CSCF)

SIP/2.0 202 Accepted
Via: SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK344a65.1, SIP/2.0/UDP icscf2_s.home2.net;branch=z9hG4bKj5hgrt2o, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bKehuehjgt, SIP/2.0/UDP oas.home1.net;branch=z9hG4bKnashds7
Record-Route: 

From: 

To: <sip:user2_public2@home2.net>;tag=151170
Call-ID: 

CSeq:

Event: 

Expires: 

Contact: <sip:tas.home2.net>

Content-Length: 

15 to 18:
The terminating AS sends a notification to the originating AS, according to the procedures described in draft-ietf-bliss-call-completion [5]. The Request-URI of the NOTIFY request will include the URI of the originating AS. The body contains parameters informing of the caller’s call-completion state 'queued' and the availability of the call-completion service retention at the terminating AS. After confirmation of the notification the originating AS starts announcements procedures informing about the activation of CCNR.
Table A.3-5: NOTIFY request (Terminating AS to S-CSCF)

NOTIFY sip:oas.home1.net SIP/2.0

Via: SIP/2.0/UDP tas.home2.net;branch=z9hG4bK348923.1

Max-Forwards: 70

Route: <sip:scscf2.home2.net>
P-Asserted-Identity: <sip:tas.home2.net>

From: <sip:user2_public2@home2.net>;tag=151170
To: <sip:user1_public1@home1.net>;tag=31415

Call-ID: b89rjhnedlrfjflslj40a222

CSeq: 42 NOTIFY

Subscription-State: active ;expires=5400
Event: call-completion
Contact: <sip:tas.home2.net>

Content-Type: application/call-completion
Content-Length: (...)

cc-state: queued
cc-service retention
19 to 28:
UE-A initiates the termination of the session setup by sending a CANCEL request to UE-B.

29 to 38:
UE-B terminates the session setup by sending a 487 Request terminated to UE-A.
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Figure A.4.1: CCNR call

Figure A.4.1 shows a basic signalling flow for a CCNR operation and a CCNR call.
Call flows

1 to 4:

The terminating AS sends a NOTIFY request to the originating AS, according to the procedures described in draft-ietf-bliss-call-completion [5]. The body contains a parameter informing of the caller’s call-completion state ‘ready’ (for recall). The originating AS confirms the notification.

Table A.4-1: NOTIFY request (Terminating AS to S-CSCF)

NOTIFY sip:oas.home1.net SIP/2.0

Via: SIP/2.0/UDP tas.home2.net;branch=z9hG4bK348923.1

Max-Forwards: 70

Route: <sip:scscf2.home2.net>
P-Asserted-Identity: <sip:tas.home2.net>

From: <sip:user2_public2@home2.net>;tag=151170
To: <sip:user1_public1@home1.net>;tag=31415

Call-ID: b89rjhnedlrfjflslj40a222

CSeq: 47 NOTIFY

Subscription-State: active ;expires=1800
Event: call-completion
Contact: <sip:tas.home2.net>

Content-Type: application/call-completion
Content-Length: (...)

cc-state: ready
cc-service retention
5 to 8:

The originating AS initiates the CCNR recall to UE A by sending a REFER request, the "m" SIP URI parameter set to "NR" will be included in the Request-URI of the REFER request. UE-A confirms the REFER request.

Table A.4-2: REFER request (Originating AS to S-CSCF)

REFER sip:user1_public1@home1.net;m=NR SIP/2.0
Via: SIP/2.0/UDP oas.home1.net;branch=z9hG4bK23273846

Max-Forwards: 70

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

P-Asserted-Identity: <sip:oas.home1.net>

From: <sip:oas.home1.net>; tag=161828

To: <sip:user1_public1@home1.net>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 REFER

Refer-To: <sip:user2_public2@home2.net;method=INVITE>

Referred-By: <sip:oas.home1.net>

Contact: <sip:oas.home1.net>

Content-Length: 0

9 to 10:
UE-A starts the CCNR call by sending an INVITE request to UE-B.

11 to 13:

In order to mark the INVITE request as a prioritized request for call-completion, the originating AS adds the "m" SIP URI parameter with the value "NR" to the Request-URI, and forwards the INVITE request to UE-B.

Table A.4-3: SIP INVITE request (Originating AS to S-CSCF)

INVITE sip:user2_public2@home2.net;m=NR 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;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

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

Privacy: none

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

To: <sip:user2_public2@home2.net>

Call-ID: cb03a0s09a2sdfglkj490444

Cseq: 154 INVITE 

Supported: 100rel; precondition, gruu, 199

Require: sec-agree

Contact: <sip:user1_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bg6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp,application/3gpp-ims+xml 
Call-Info:<sip:user1_public1@home1.net>;purpose=call-completion;m=BS
Content-Type: application/sdp 

Content-Length: (…)

************End of Changes************
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