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	Reason for change:
	In order for a PS to CS SRVCC access transfer a call to proceed, there must be at least one early dialog of the call, where reliable offer / answer procedure completed. If no such early dialog exists, the SC UE would not consider the call for PS to CS SRVCC according to subclause 12.2.1.

However, support of precondition, of SIP UPDATE method and of reliable provisional responses in the remote UE are not always available according to C1-150739 (24.229 CR#5177).

There may be cases of both originating calls and terminating calls where reliable offer / answer procedure completed but SCC AS is unable to send SIP UPDATE request with new SDP towards the remote UE. This occurs if the remote UE does not support precondition, does not support SIP UPDATE method, supports the reliable provisional responses and SDP answer is sent or received on the remote leg.

In such case, if the target leg SDP offer needs to be sent to the remote UE, the SCC AS needs to wait with sending SDP offer from INVITE due to STN-SR (or due to ATU-STI for PS to CS SRVCC) to remote UE until after the call is accepted.

Also, there may be cases of originating call when INVITE request results into creation of early dialogs D1 and D2, where a reliable offer / answer procedure completed on early dialog D1 while a reliable offer / answer procedure has not completed yet on early dialog D2. This occurs e.g. if the remote UE of early dialog D1 supports the precondition while the remote UE of early dialog D2 does not support precondition, and either does not support the reliable provisional responses or supports the reliable provisional response but does not provide the SDP answer immediately.

In such case, if the target leg SDP offer needs to be sent to the remote UE, the SCC AS needs to wait with sending SDP offer from INVITE due to STN-SR (or due to ATU-STI for PS to CS SRVCC) to remote UE until the remote UE of early dialog D2 provides an answer in a reliable 1xx or a 2xx response.

Therefore:
- in both originating and terminating call, if the target leg SDP offer needs to be sent to the remote UE and the remote UE does not support SIP UPDATE method, then the SCC AS needs to wait till after the call is accepted and then send the target leg SDP offer to the remote UE using re-INVITE transaction.
- in originating call, if the first reliable SIP response of an early dialog does not contain SDP answer, SCC AS needs to wait till after receiving a response containing SDP answer and then send the target leg SDP offer to the remote UE using re-INVITE transaction or SIP UPDATE transaction.

	
	

	Summary of change:
	SCC AS procedures for PS to CS SRVCC of calls in alerting phase (for both originating call and terminating call) are updated to support sessions where remote UE does not support SIP UPDATE while supporting reliable provisional responses. Support of SIP UPDATE method is determed by remote UE providing Allow header field not listing SIP UPDATE method or by receiving SIP 405 (Method Not Allowed) response to the SIP UPDATE sent towards the remote UE.
SCC AS procedures for PS to CS SRVCC of calls in alerting phase (for originating call only) are updated to support sessions where remote UE of some early dialogs do not support reliable provisional responses.
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***** Next change *****
12.3.4.2
SCC AS procedures for PS to CS access transfer for terminating call in alerting phase using PS to CS SRVCC procedure

When the session in the transferable session set is a terminating call in alerting phase the SCC AS shall associate the SIP INVITE request with the early dialog related to the terminating session in the transferable session set.

If the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is the same as the speech media component of the SDP received in the source access leg of the session being transferred, the SCC AS shall send a SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR containing:

a)
the SDP sent by the SCC AS in the source access leg of the session being transferred; and

b)
the signalling elements described in subclause 6A.4.3A.
If the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is different to the speech media component of the SDP received in the source access leg of the session being transferred and the remote UE has provided an Allow header field listing the SIP UPDATE method or has not provided an Allow header field, the SCC AS shall update the remote leg by sending a SIP UPDATE request towards the remote UE using the existing established dialog according as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP UPDATE request with the SDP offer received in the SIP INVITE request due to STN-SR.
Upon receiving the SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE request due to STN-SR towards the MSC server. The SCC AS shall populate the SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR with:

a)
the SDP answer received in the SIP 200 (OK) response to the SIP UPDATE request; and

b)
the signalling elements described in subclause 6A.4.3A.

If:

-
the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is different to the speech media component of the SDP received in the source access leg of the session being transferred and the remote UE has provided an Allow header field not listing the SIP UPDATE method; or
-
SIP 405 (Method Not Allowed) response was received to the SIP UPDATE sent towards the remote UE;

then the SCC AS shall create a new early dialog by sending a SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP 183 (Session Progress) response with:
1.
an SDP answer:
A)
with c-line set to the unspecified address (0.0.0.0) if IPv4 or to a domain name within the ".invalid" DNS top-level domain in case of IPv6 as described in IETF RFC 6157 [74]; and

B)
including media of media types received in SDP offer of the SIP INVITE request due to STN-SR, which are also offered in the SIP INVITE request from the served user; and

2.
the signalling elements described in subclause 6A.4.3A.
Upon receiving the SIP PRACK request from the target access leg, the SCC AS shall send a SIP INFO request towards the MSC server as specified in 3GPP TS 24.229 [2] and IETF RFC 6086 [54] in the dialog created by the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP INFO request as follows:

1.
include the Info-Package header field as specified in IETF RFC 6086 [54] with 3gpp.state-and-event info package name; and

2.
include an application/vnd. 3gpp.state-and-event-info +xml XML body associated with the info package according to IETF RFC 6086 [54] and compliant to the XML schema specified in the clause D.2 with the state-info XML element containing "early" and the direction XML element containing "receiver".
Upon receiving the SIP INFO request which includes an Info-Package header field containing 3gpp.state-and-event info package name and an application/vnd. 3gpp.state-and-event-info +xml XML body associated with the info package according to IETF RFC 6086 [54] and compliant to the XML schema specified in the clause D.2 from the MSC Server with the event XML element containing "call-accepted", the SCC AS shall send as specified in 3GPP TS 24.229 [2]:

1)
a SIP 200 (OK) response to the SIP INVITE request received earlier from the remote UE indicating that the called party has answered the call;
2)
if the SIP 2xx (OK) response was received to the SIP UPDATE sent towards the remote UE or the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is the same as the speech media component of the SDP received in the source access leg of the session being transferred, a SIP 200 (OK) response to the SIP INVITE request due to STN-SR towards the MSC server to indicate the successful access transfer populated with the signalling elements described in subclause 6A.4.3A; and

3)
if:

-
the remote UE has provided an Allow header field not listing the SIP UPDATE method and the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is different to the speech media component of the SDP received in the source access leg of the session being transferred; or

-
a SIP 405 (Method Not Allowed) response was received to the SIP UPDATE sent towards the remote UE; 


then when a SIP ACK request is received on the remote leg, send a SIP re-INVITE request on the remote leg as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP re-INVITE request with the SDP offer received in the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP re-INVITE request, the SCC AS shall send SIP ACK request on the remote leg and shall send a SIP 200 (OK) response to the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2], using a dialog different to the dialog of SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP 200 (OK) response with:

a)
the SDP answer received in the SIP 200 (OK) response to the SIP re-INVITE request as specified in 3GPP TS 24.229 [2]; and
b)
the signalling elements described in subclause 6A.4.3A.
The SCC AS shall remove non-transferred audio and video media components and superfluous session as specified in subclause 12.3.8.
***** Next change *****
12.3.4.3
SCC AS procedures for PS to CS access transfer for originating call in alerting phase or pre-alerting phase using PS to CS SRVCC procedure

When the session in the transferable session set is an originating call not accepted yet the SCC AS shall associate the SIP INVITE request due to STN-SR with an early dialog or early dialogs related to the originating call.

If there is only one early dialog related to the originating call not accepted yet available for the served user and if the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is the same as the speech media component of the SDP received in the source access leg of the session being transferred, the SCC AS shall send a SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR containing:

-
the SDP sent by the SCC AS in the source access leg of the session being transferred;
-
if the SIP INVITE request due to STN-SR contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the original SIP INVITE request sent to the remote leg, include a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the original SIP INVITE request sent to the remote leg; and

-
the signalling elements described in subclause 6A.4.3A.
If there is only one early dialog related to the originating call not accepted yet available for the served user, the remote UE has provided an Allow header field listing the SIP UPDATE method or has not provided Allow header field, the remote UE has provided the SDP answer, and the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is different with the speech media component of the SDP received in the source access leg of the session being transferred, the SCC AS shall update the remote leg by sending a SIP UPDATE request towards the remote UE using the existing early dialog as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP UPDATE request with the SDP offer received in the SIP INVITE request due to STN-SR.
The SCC AS shall discard any SIP 1xx provisional responses or the SIP 200 (OK) response to the initial SIP INVITE request received from the remote UE to the MSC server until the SIP 200 (OK) response to the INFO request is received from the MSC server (see later steps in this subclause).

NOTE:
SIP 1xx responses sent reliably and the SIP 200 (OK) response to the initial SIP INVITE request will be retransmitted by the remote UE if the responses are dropped by the SCC AS.

Upon receiving the SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE request due to STN-SR towards the MSC server. The SCC AS shall populate the SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR with:

-
the SDP answer received in the SIP 200 (OK) response to the SIP UPDATE request;

-
if the SIP INVITE request due to STN-SR contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the SIP UPDATE request, include a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the SIP UPDATE request; and

-
the signalling elements described in subclause 6A.4.3A.
If there are more than one early dialogs related to the originating call not accepted yet available for the served user due to forking as described in 3GPP TS 24.229 [2], for each existing early dialog where the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is the same as the speech media component of the SDP received in the source access leg of the session being transferred, the SCC AS shall create a new early dialog by sending a SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR containing:

-
the SDP sent by the SCC AS in the source access leg of the session being transferred;
-
if the SIP INVITE request due to STN-SR contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the original SIP INVITE request sent to the remote leg, include a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the original SIP INVITE request sent to the remote leg; and

-
the signalling elements described in subclause 6A.4.3A.
If there are more than one early dialogs related to the originating call not accepted yet available for the served user due to forking as described in 3GPP TS 24.229 [2], for each existing early dialog where the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is not the same as the speech media component of the SDP received in the source access leg of the session being transferred, the remote UE has provided an Allow header field listing SIP UPDATE method or has not provided Allow header field, and the remote UE provided SDP answer, the SCC AS shall update the remote leg(s) by sending SIP UPDATE request(s) simultaneously towards remote UE using such early dialog(s) as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate each SIP UPDATE request with the SDP offer received in the SIP INVITE request due to STN-SR. Upon receiving each SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall create a new early dialog by sending a SIP 183 (Session Progress) response in response to the SIP INVITE request due to STN-SR towards the MSC server. The SCC AS shall populate the SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR with:

-
the SDP answer received in the SIP 200 (OK) response to the SIP UPDATE request;

-
If the SIP INVITE request due to STN-SR contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the SIP UPDATE request, include a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the SIP UPDATE request; and
-
the signalling elements described in subclause 6A.4.3A.
If one or more early dialogs related to the originating call not accepted yet are available for the served user, and in each such early dialog:
-
the remote UE of the early dialog has provided an Allow header field not listing the SIP UPDATE method, and the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is not the same as the speech media component of the SDP received in each such source access leg of the session being transferred; or

-
SIP 405 (Method Not Allowed) response was received to the SIP UPDATE sent towards the remote UE in the early dialog; 

the SCC AS shall create a new dialog by sending a SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP 183 (Session Progress) response with:

1.
an SDP answer:
A)
with c-line set to the unspecified address (0.0.0.0) if IPv4 or to a domain name within the ".invalid" DNS top-level domain in case of IPv6 as described in IETF RFC 6157 [74]; and

B)
including media of media types received in SDP offer of the SIP INVITE request due to STN-SR, which are also offered in the SIP INVITE request from the served user; and

2.
the signalling elements described in subclause 6A.4.3A.
If the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase and if there are no early dialogs related to the originating call not accepted yet available for the served user and there is a SIP INVITE request from the served user for which a final SIP response has not been received yet, the SCC AS shall send SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP 183 (Session Progress) response with:

1.
an SDP answer:

A)
with c-line set to the unspecified address (0.0.0.0) if IPv4 or to a domain name within the ".invalid" DNS top-level domain in case of IPv6 as described in IETF RFC 6157 [74]; and

B)
including media of media types received in SDP offer of the SIP INVITE request due to STN-SR, which are also offered in the SIP INVITE request from the served user; and

2.
the signalling elements described in subclause 6A.4.3A.
Upon receiving the first SIP PRACK request from the target access leg, the SCC AS shall send a SIP INFO request towards the MSC server as specified in 3GPP TS 24.229 [2] and IETF RFC 6086 [54] in the dialog created by the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP INFO request as follows:

1.
include the Info-Package header field as specified in IETF RFC 6086 [54] with 3gpp.state-and-event info package name; and

2.
include application/vnd.3gpp.state-and-event-info+xml XML body associated with the info package according to IETF RFC 6086 [54] and containing a XML body compliant to the XML schema specified in the annex D.2:

A)
if a SIP 180 (Ringing) response to the SIP INVITE request has already been received in any of the existing early dialogs associated with the originating call not accepted yet, with the state-info XML element containing "early" the direction XML element containing "initiator"; and

B)
if the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase and if a SIP 180 (Ringing) response to the SIP INVITE request has not been received yet in any of the existing early dialogs associated with the originating call not accepted yet, with the state-info XML element containing "pre-alerting" and the direction XML element containing "initiator".

If a reliable SIP 1xx response or a SIP 2xx response is received on the remote leg, the SIP response is to the SIP INVITE request from the served user, the SIP response contains an SDP answer, and an SDP answer has not been received from the remote UE on the dialog of the SIP response yet, the SCC AS shall:

1)
if the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is the same as the speech media component of the SDP received in the source access leg of the session being transferred, forward the SIP response on the target access leg as a SIP response to the SIP INVITE request due to STN-SR; and

2)
if the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is different to the speech media component of the SDP received in the source access leg of the session being transferred:
A)
if the SIP 1xx response is received, send a SIP PRACK request on the remote leg as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP PRACK request with the SDP offer received in the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP PRACK request, the SCC AS shall send a SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP 183 (Session Progress) response with:

a)
the SDP answer received in the SIP 200 (OK) response to the SIP PRACK request as specified in 3GPP TS 24.229 [2];

b)
if the SIP INVITE request due to STN-SR contains a P-Early-Media header field with the "supported" parameter and if the SCC AS has received a P-Early-Media header field in a SIP message in the dialog of the SIP PRACK request, a P-Early-Media header field containing the value of the last P-Early-Media header field received in a SIP message in the dialog of the SIP PRACK request; and

c)
the signalling elements described in subclause 6A.4.3A.
B)
if the SIP 2xx response is received, send a SIP ACK request on the remote leg as specified in 3GPP TS 24.229 [2] and send a SIP UPDATE request or SIP re-INVITE request on the remote leg as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP UPDATE request or SIP re-INVITE request with the SDP offer received in the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP UPDATE request or SIP re-INVITE request, the SCC AS shall send a SIP 200 (OK) response to the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP 200 (OK) response with:

a)
the SDP answer received in the SIP 200 (OK) response to the SIP UPDATE request or SIP re-INVITE request as specified in 3GPP TS 24.229 [2]; and
b)
the signalling elements described in subclause 6A.4.3A.
If a SIP 2xx response is received on the remote leg, the SIP response is to the SIP INVITE request from the served user, and an SDP answer has already been received from the remote UE on the dialog of the SIP response:
1)
if the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is the same as the speech media component of the SDP received in the source access leg of the session being transferred, then forward the SIP response as specified in 3GPP TS 24.229 [2] on the target access leg as a SIP response to the SIP INVITE request due to STN-SR; and

2)
if the speech media component of the SDP offer in the SIP INVITE request due to STN-SR is not the same as the speech media component of the SDP received in the source access leg of the session being transferred:

A)
if the SDP offer received in the SIP INVITE request due to STN-SR has already been sent to the remote UE on the dialog of the SIP 2xx response, accepted with an subsequent SDP answer, the subsequent SDP answer was sent in a 183 (Session Progress) response on a target access leg, and SIP 2xx response does not contain an SDP answer, then forward the SIP 2xx response on the target access leg as a SIP response to the SIP INVITE request due to STN-SR;
B)
if the SDP offer received in the SIP INVITE request due to STN-SR has already been sent to the remote UE on the dialog of the SIP 2xx response, accepted with an subsequent SDP answer, the subsequent SDP answer was sent in a 183 (Session Progress) response on a target access leg, and SIP 2xx response contains an SDP answer, then remove the SDP body from the SIP 2xx response or replace the SDP body in the SIP 2xx response with the subsequent SDP answer, and forward the SIP 2xx response as specified in 3GPP TS 24.229 [2] on the target access leg as a SIP response to the SIP INVITE request due to STN-SR; and
C)
if:

-
the SDP offer received in the SIP INVITE request due to STN-SR has not been sent to the remote UE on the dialog of the SIP response yet; or

-
the SDP offer received in the SIP INVITE request due to STN-SR has already been sent to the remote UE in a SIP UPDATE request within the dialog of the SIP response and the SIP UPDATE request was rejected with SIP 405 (Method Not Allowed) response; 

send a SIP ACK request on the remote leg as specified in 3GPP TS 24.229 [2] and send a SIP re-INVITE request on the remote leg as specified in 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP re-INVITE request with the SDP offer received in the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP re-INVITE request, the SCC AS shall send a SIP ACK request on the remote leg as specified in 3GPP TS 24.229 [2] and shall send a SIP 200 (OK) response to the SIP INVITE request due to STN-SR as specified in 3GPP TS 24.229 [2] using a dialog different to the dialog of SIP 183 (Session Progress) response to the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP 200 (OK) response with:

a)
the SDP answer received in the SIP 200 (OK) response to the SIP re-INVITE request as specified in 3GPP TS 24.229 [2]; and
b)
the signalling elements described in subclause 6A.4.3A.
The SCC AS shall remove non-transferred audio and video media components and superfluous sessions as specified in subclause 12.3.8.

