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Introduction

The current PS-CS Access Transfer procedure in subcluase 9.2.1  is not understandable as it references other procedures (10.2.1 of TS 24.237 and presumably 7.2.2 of TS 24.292). These procedures coflict with each other and neither applies completely to this case containing steps which do not apply, so it is not clear which parts of each procedure apply
The highlighted release 11 text in yellow in the referenced procedures in green is believed to apply. As can be seen neither procedure fully applies containing some steps that are not appropriate and it is not clear which steps from which apply.
TS 24.237
9.2.1
SC UE procedures for PS to CS access transfer

If SC UE uses ICS capabilities, this subclause applies for IMS sessions containing speech media component only, otherwise subclause 11.2.1.2 applies.

The SC UE may be engaged in one or more ongoing sessions at the time of initiating access transfer. By an ongoing session, it is meant a session for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received.

If SC using ICS is enabled then if the SC UE is using Gm, then for each session with speech media component to be transferred and starting with the session with active speech media component, the SC UE shall send a SIP INVITE request to the SCC AS according to the ICS UE using Gm procedures for call origination as specified in 3GPP TS 24.292 [4]. The SC UE shall populate the SIP INVITE request as specified for PS-PS access transfer with full media transfer in subclause 10.2.1 (including the STI of the dialog to be transferred) with the following exceptions:
-
The SC UE shall indicate in the SIP INVITE request that the speech media component is using CS bearer with its corresponding media description.

-
Upon receiving the PSI DN from the SCC AS, the SC UE shall follow the procedures for call origination for ICS UE using Gm in 3GPP TS 24.292 [4] to set up the CS bearer.
If the SC UE is not using ICS capabilities and if the SC UE does not apply the MSC Server assisted mid-call feature as specified in subclause 9.2.1A, subject to the SC_non_transferrable_media node value in the Communication Continuity MO (see subclause 5.27 in 3GPP TS 24.216 [5]), the SC UE shall:

a)
if more than one full-duplex session with speech media component exists, first initiate the release of all the ongoing full-duplex sessions with speech media component except the full-duplex session with active speech media component that was most recently made active and then the SC UE shall transfer the remaining ongoing full-duplex session with active speech media component.

When transferring the session(s) not using ICS capabilities, the SC UE shall send a CC SETUP message (as specified in 3GPP TS 24.008 [8]) to the SCC AS to set up a call over the CS domain. When sending CC SETUP message, the SC UE shall populate the CC SETUP message as follows:
1)
the called party BCD number information element set to the static STN; and
2)
Type Of Number set to "International" and Numbering Plan Indicator set to "E.164".in the Called Party BCD Number information element.
If the SC UE receives a release message to the CC SETUP message sent, then PS-CS access transfer has not completed successfully and the call will continue in the Source Access Leg.

After completion of session transfer, if the SC UE is not using Gm, the SC UE shall locally release the resources, if any, that are associated with the source access leg.
TS 24.237
10.2.1
Full session transfer

This subclause specifies a full session transfer applicable to a SC UE that supports dual mode operation and multiple registration procedure.
To initiate PS-PS access transfer for a session, upon acquiring the resources for media on the Target Access Leg, the SC UE shall send a SIP INVITE request due to PS to PS STI on the Target Access Leg in accordance with UE procedures specified in 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request as follows:

1)
the Request-URI set to 

A)
if the PS to PS STI URI is configured in the SC UE, the configured PS to PS STI URI; and

B)
if the PS to PS STI URI is not configured in the SC UE, the URI contained in the Contact header field returned at the creation of the dialog on the Source Access Leg;
2)
include in the Contact header field:

A)
a public GRUU or temporary GRUU as specified in 3GPP TS 24.229 [2] if a GRUU was received at registration; and

B)
 the g.3gpp.ics media feature tag set to "principal" as specified in annex B of 3GPP TS 24.292 [4];
3)
select one of the following options:

A)
if usage of SIP Replaces extension is selected:

a)
the Replaces header field populated as specified in IETF RFC 3891 [10], containing the dialog identifier of the session to be transferred; and

b)
the Require header field populated with the option tag value "replaces";

B)
if usage of SIP Target-Dialog extension is selected:

a)
the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier of the session to be transferred; and

b)
the Require header field populated with the option tag value "tdialog";

4)
the SDP payload set for the media component(s) to be transferred, in accordance with the UE SDP origination procedures specified in 3GPP TS 24.229 [2]. The SC UE shall create an SDP offer that contains the same number of media lines in the same order, where each media line corresponds to one of the media components in the original session, unless media components need to be added, and such that each media line indicates the same media type as its corresponding media component in the original session and contains at least one codec that was negotiated during the original session.

A)
If the SC UE determines to remove a media component during the transfer, then the SC UE shall set the media line for this media component to a port number with value zero; and
B)
If the SC UE determines to add new media component(s) during the transfer, then the SC UE shall include one additional media line with the desired media type and codecs for each new media component at the end of the SDP and indicate that the resources are available; and

5)
if the Source Access Leg is an early dialog and this early dialog was created by the SC UE receiving a SIP INVITE request, indicate support of the info package mechanism as specified in IETF RFC 6086 [54].

NOTE 1:
If an SC UE is an ICS UE with an ongoing session using CS bearer and Gm reference point for service control signalling, the SC UE can perform an access transfer of the service control signalling from the current IP-CAN to a new IP‑CAN with the same capabilities (i.e. supporting CS and PS bearers, simultaneously) while retaining the media component in the CS access network by including the description of audio/video media over a circuit switched bearer in the SDP of the access transfer request, so that service continuity of the session is maintained.
If the dialog on the Source Access Leg is a confirmed dialog, then upon receiving SIP 2xx response for its SIP INVITE request due to PS to PS STI sent on the Target Access Leg, the SC UE shall:

1)
send a SIP ACK request;

2)
consider the confirmed dialog on the Source Access Leg as being successfully transferred to the Target Access Leg; and

3)
send a SIP BYE request to the SCC AS on the Source Access Leg to terminate the confirmed dialog on the Source Access Leg, if the confirmed dialog is still active (e.g. it has not been released by the SCC AS).
NOTE 2:
If the dialog on the Source Access Leg is a confirmed dialog, the SC UE upon sending an initial SIP INVITE request due to PS to PS STI on the Target Access Leg will not receive any SIP provisional response from the SCC AS, i.e. the initial SIP INVITE request due to PS to PS STI is either accepted with the SIP 200 (OK) response containing the SDP answer or rejected with an appropriate final SIP response.
NOTE 2A:
If the contact address used by the dialog over the Source Access Leg was registered using multiple registration procedure, and the flow over the Target Access Leg did not replace the flow over the Source Access Leg, then upon transferring the dialog to the Target Access Leg, the SC UE is still registered on the Source Access Leg and its subscription dialog to its reg-event the Source Access Leg is intact.
If the dialog on the Source Access Leg is a confirmed dialog and if the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request due to PS to PS STI sent on the Target Access Leg, then PS-PS access transfer has not completed successfully and the call will continue in the Source Access Leg.
If the dialog on the Source Access Leg is an early dialog, then upon receiving a SIP 183 (Session Progress) response for its SIP INVITE request due to PS to PS STI sent on the Target Access Leg containing the SDP answer, the SC UE shall:

NOTE 3:
If the dialog on the Source Access Leg is an early dialog, then the SC UE upon sending an initial SIP INVITE request due to PS to PS STI on the Target Access Leg, receives either a SIP 183 (Session Progress) response containing the SDP answer or the initial SIP INVITE request due to PS to PS STI is rejected with an appropriate final SIP response.
1)
respond with a SIP PRACK request; and
2)
upon receiving the SIP 200 (OK) response for the SIP PRACK request, consider the early dialog on the Source Access Leg as being successfully transferred to the Target Access Leg and being at the same early dialog stage as the early dialog on the Source Access Leg.  

NOTE 4:
All subsequent SIP requests or SIP responses originating from the remote UE and destined for the SC UE will be sent to the SC UE over the Target Access Leg. For example, in case of an early dialog originated by the SC UE sending an initial SIP INVITE request to the remote UE and receiving a SIP 183 (Session Progress) response on the Source Access Leg, and subsequently transferring the early dialog to the Target Access Leg, the SIP 180 (Ringing) response from the remote UE will be conveyed to the SC UE on the Target Access Leg rather than on the Source Access Leg.
Since, upon receiving the SIP 200 (OK) response for the SIP PRACK request, the early dialog and the associated media have been transferred from the Source Access Leg to the Target Access Leg (i.e. the resources for media on the Source Access Leg are not used any more), the SC UE may releases the resources on the Source Access Leg by sending a SIP UPDTE request with an appropriate SDP offer on the Source Access Leg. However, in spite of releasing the resources, the dialog on the Source Access Leg is still in the early dialog phase. 

If the dialog on the Source Access Leg is an early dialog  that was created by the SC UE receiving a SIP INVITE request on the Source Access Leg (i.e. an incoming call), then upon receiving the SIP 200 (OK) response for the SIP PRACK request, the SC UE shall:
1)
if the served user accepted the incoming call:

a)
send the SIP INFO request on the Target Access Leg containing:

A)
an Info-Package header field as specified in IETF RFC 6086 [54] with g.3gpp.state-and-event info package name; and
B)
application/vnd.3gpp.state-and-event-info+xml XML body associated with the info package according to IETF RFC 6086 [54] and with the event XML element containing "call-accepted" to indicate that the called party has answered the call;

b)
upon receiving the SIP 200 (OK) response for  the SIP INFO request, and subsequently upon receiving a SIP 200 (OK) response for its SIP INVITE request due to PS to PS STI sent on the Target Access Leg: 

A)
consider the early dialog becoming a confirmed dialog and as being successfully transferred to the Target Access Leg; and

B)
release the early dialog on the Source Access Leg, by sending a  SIP 410 (Gone) response on the Source Access Leg, if this early dialog is still active (e.g. it has not been previously terminated by the SCC AS); 

2)
if the incoming call is rejected:

NOTE 5:
If, upon the early dialog being transferred to the Target Access Leg, the SC UE rejects the incoming call, the SC UE will terminate the early dialog on the Target Access Leg and the early dialog on the Source Access Leg.
a)
send a CANCEL request on the Target Access Leg that pertains to the SIP INVITE request due to PS to PS STI; and

b)
send a SIP 410 (Gone) response to the initial SIP INVITE request received on the Source Access Leg; or
3)
if the early dialog is transferred back from the Target Access Leg to the Source Access Leg (e.g. the radio is lost while the SC UE is ringing) before the SC UE sends the SIP INFO request on the Target Access Leg:

NOTE 6:
If the SC UE transfers back the early dialog from the Target Access Leg to the Source Access Leg, it will re-acquire the resources for media on the Source Access Leg, terminate the early dialog on the Target Access Leg, and accept the incoming call on the Source Access Leg.
a)
release the early dialog on the Target Access Leg, by sending a SIP CANCEL request on the Target Access Leg that pertains to the SIP INVITE request due to PS to PS STI;
b)
re-acquire the resources for media on the Source Access Leg, if previously released, send a SIP UPDATE request with an appropriate SDP offer on the Source Access Leg; and 

c)
when the served user ether accepts the call or the call is rejected, send the respective final SIP response on the Source Access Leg, as specified in 3GPP TS 24.229 [2].
If the dialog on the Source Access Leg is an early dialog  that was created by the SC UE sending a SIP INVITE request on the Source Access Leg (i.e. an outgoing call), then upon receiving SIP 200 (OK) response for the SIP PRACK request, the SC UE shall:

1)
if the SC UE receives a SIP 200 (OK) response for the SIP INVITE request due to PS to PS STI sent on the Target Access Leg (i.e. the outgoing call is accepted by the remote UE):

a)
send a SIP ACK request to the received SIP 200 (OK) response; 

b)
consider the early dialog becoming a confirmed dialog and as being successfully transferred to the Target Access Leg; and

c)
terminate the early dialog on the Source Access Leg, by sending a SIP CANCEL request on the Source Access Leg, if this early dialog is still active (e.g. has not been previously terminated by the SCC AS);
2)
if the SC UE receives a the SIP 410 (Gone) response to the initial SIP INVITE request on the Source Access Leg, and subsequently any SIP 4xx or 5xx final response to the SIP INVITE due to PS to PS STI (i.e. the outgoing call is rejected by the remote UE):

a)
consider the early dialogs as terminated; or

NOTE 7:
If the remote UE rejects the call, the SCC AS will terminate the early dialog on the Source Access Leg prior to terminating the early dialog on the Target Access Leg. This will insure that the SC UE does not un-necessarily transfer the call to the Source Access Leg (e.g. re-acquires the resources for media) prior to the early dialog on the Source Access Leg being terminated.
3)
if the early dialog is transferred back from the Target Access Leg to the Source Access Leg (e.g. the radio is lost while the remote UE is ringing) before the SC UE receives any final response on the Target Access Leg:

NOTE 8:
If the SC UE transfers back the early dialog from the Target Access Leg to the Source Access Leg, it will re-acquire the resources for media on the Source Access Leg, terminate the early dialog on the Target Access Leg, and wait for the outgoing call to be either accepted or rejected by the remote UE.
a)
release the early dialog on the Target Access Leg, by sending a SIP CANCEL request on the Target Access Leg that pertains to the SIP INVITE request due to PS to PS STI;
b)
re-acquire the resources for media on the Source Access Leg, if previously released and send a SIP UPDATE request with an appropriate SDP offer on the Source Access Leg; and  

c)
wait for the final SIP response from the remote UE on the Source Access Leg that will indicate whether the call was accepted or rejected by the remote UE, and proceed as specified in 3GPP TS 24.229 [2].
If the dialog on the Source Access Leg is an early dialog and if the SC UE receives a SIP 4xx – 6xx response to its initial SIP INVITE request due to PS to PS STI sent on the Target Access Leg, (i.e. the access transfer of the early dialog has not completed successfully), the early dialog shall continue on the Source Access Leg, if this early dialog is still active. Hence, the SC UE shall:
NOTE 9:
Since the early dialog on the Target Access Leg is terminated by the SCC AS, the SC UE re-acquires the resources on the Source Access Leg..

a)
re-acquire the resources for media on the Source Access Leg, if previously released and send a SIP UPDATE request with an appropriate SDP offer on the Source Access Leg; and
b)
respond with a SIP ACK request to the SIP 4xx – 6xx response, and consider the early dialog on the Target Access Leg as terminated, and either: 

A)
wait for the final SIP response from the remote UE on the Source Access Leg that will indicate whether the call was accepted or rejected by the remote UE, if the call is originated by the SC UE; or

B)
send the respective final SIP response on the Source Access Leg when the call is accepted or rejected by the user, if the call is terminated at the SC UE. 

TS 24.292

7.2.2
ICS UE using Gm

There are no ICS specific requirements for the origination of calls that may be subject to ICS.

If ICS is enabled for the UE then when the ICS UE originates a call using Gm reference point, the ICS UE shall:

a)
send a SIP INVITE request towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The ICS UE shall populate the SIP INVITE request as follows: 

i)
include in the Contact header field:

-
a public GRUU or temporary GRUU as specified in 3GPP TS 24.229 [11] if a GRUU was received at registration;

-
g.3gpp.ics media feature tag set to"principal";
ii)
the SDP payload proposing an audio stream over a circuit-switched bearer as described by draft-ietf-mmusic-sdp-cs [36], as follows:

-
a "c=" line with the nettype portion set to "PSTN" and the addrtype portion and connection-address portions both set to "-";

-
a CS media "m=" line with the media portion set to "audio", port portion set to "9", proto portion set to "PSTN" and fmt portion set to "-";

-
an a=setup attribute set to "active";

-
an a=connection attribute set to "new";

-
an indication that the related local preconditions for QoS are not met as specified in 3GPP TS 24.229 [11]. In the same, the SDP payload may also be proposing a CS video stream;
b)
when the ICS UE receives a reliable SIP 1xx provisional response from the network including a PSI DN number, the ICS UE shall setup a CS call by sending a SETUP message in accordance with 3GPP TS 24.008 [7] for 3GPP systems. The UE shall populate the SETUP message for 3GPP systems as follows:

i)
the called party BCD number information element set to the SCC AS PSI DN received in the SDP body of the SIP 1xx provisional response, in the connection-address portion of the "c=" line, appended to the "PSTN" nettype portion as described in draft- draft-ietf-mmusic-sdp-cs [36]; and

ii)
Type Of Number is set to "International" and Numbering Plan Indicator set to "E.164" in the Called Party BCD Number information element.

c)
when the CS resources are available to the UE, the ICS UE shall send an SDP offer including an indication that the related local preconditions for QoS for audio as met as specified in 3GPP TS 24.229 [11].
When the ICS UE originates a non-CS bearer call using Gm reference point, the ICS UE shall act in accordance with 3GPP TS 24.229 [11].
Proposal

It is proposed to modify TS 24.237 9.2.1 and TS 24.292 7.2.2 in order to make this procedure understandable. CRs have been provided to achieve this.
