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3.2
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].
EATF
Emergency Access Transfer Function

E-STN-SR
Emergency Call Session Transfer Number – Single Radio
E-SR-VCC
Emergency Single Radio Voice Call Continuity

IMRN
IP Multimedia Routing Number
QCI
QoS Class Identifier
SC
Service Continuity

SCC
Service Centralization and Continuity
SM
Session Management
SR-VCC
Single Radio VCC
STI
Session Transfer Identifier

STN
Session Transfer Number
STN-SR
Session Transfer Number - Single Radio
**** next change ****

4.2
Underlying network capabilities
4.2.1
General

SC assumes the use of a number of underlying network capabilities:

1)
provision by the home network operator of SCC AS on the IM CN subsystem, as specified in 3GPP TS 24.229 [2];

2)
if ICS is used, the network capabilities as specified in 3GPP TS 24.292 [4];
4.2.2
PS-CS session continuity
In order to allow for PS-CS session continuity, PS to CS access transfer procedures assume that filter criteria cause all PS-CS transferable sessions being anchored in an SCC AS. PS-CS transferable sessions are sessions that contain at least a speech media component, i.e an "audio" media type with codecs suitable for (conversational) speech.

NOTE:
Sessions for the OMA PoC service are not subject for PS-CS session continuity procedures. 
4.2.3
PS-CS session continuity, Single Radio

In order to allow for PS-CS session continuity, Single Radio, SR-VCC procedures assume that filter criteria cause all SRVCC transferable sessions being anchored in an SCC AS. For UTRAN (HSPA) SRVCC transferable sessions are sessions where the speech component is carried over a PS bearer with traffic class="conversational" and source statistics descriptor ='speech'. For E-UTRAN SR-VCC transferable sessions are session where the speech component is carried over a PS bearer with QCI=1.
NOTE  1:
3GPP TS 23.216 [49]) describes that SR-VCC applies for sessions being established using the IMS multimedia telephony communication service as specified in 3GPP TS 24.173 [60] and therefore triggering for this case can be based on the IMS communication service identifier for the IMS multimedia telephony communication service.

NOTE 2:
Sessions for the OMA PoC service session are not subject for SR-VCC session continuity procedures. 
**** next change ****

12.2
SC UE procedures for PS to CS access transfer, SR-VCC

12.2.1
General

The SC UE may be engaged in one or more ongoing sessions before SR-VCC access transfer is performed. 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.
In the SR-VCC session continuity procedures the SC UE shall consider only sessions where the speech media is carried over PS bearer with traffic class="conversational" (UTRAN HSPA) or over an PS bearer with QCI=1 (E-UTRAN).
**** next change ****

12.2.3
Not based on ICS

After successful SR-VCC procedures (as described in 3GPP TS 24.008 [8]), if the SC UE is not using ICS capabilities and the SC UE does not apply the MSC Server assisted mid-call feature as specified in subclause 12.2.3A, the SC UE shall replace the most recently made active  full-duplex speech session with the newly established CS voice call.

NOTE: 
In the case when ICS is not supported or used and the SC UE does not apply the MSC Server assisted mid-call feature, only the most recently made active  full duplex speech session is transferred from PS to CS audio.

If:

-
the Gm reference point is retained upon PS handover; 

-
the SC UE is not using ICS capabilities; and

-
SR-VCC procedures (as described in 3GPP TS 24.008 [8]) have been completed;

the SC UE shall:

-
send a SIP re-INVITE request to the SCC AS as specified for media removal in subclause 13.2.1; and

-
indicate in the SDP offer the full-duplex speech media as removed.

**** next change ****

12.2.3A
Not based on ICS with MSC Server assisted mid-call feature

After successful SR-VCC procedures (as described in 3GPP TS 24.008 [8]), if:
1.
the SC UE is not using ICS capabilities;

2.
the SC UE supports the MSC Server assisted mid-call feature; and

3.
one of the following is true:

A.
there is at least one active full-duplex speech session and the Contact header field received by the SC UE at the establishment of the active full-duplex speech session, which has been most recently made active, includes the g.3gpp.mid-call media feature tag as described in annex C; or

B.
there is no active full-duplex speech session and the Contact header field received by the SC UE at the establishment of the inactive full-duplex speech session which became inactive most recently includes the g.3gpp.mid-call media feature tag as described in annex C.
then the SC UE shall apply the MSC Server assisted mid-call feature as follows:

1.
if two or more active full-duplex speech sessions exist, the SC UE shall replace the full-duplex speech components of the two most recently made active full-duplex speech session with the newly established active and held CS voice calls;
2.
if one active full-duplex speech session exists and one or more inactive full-duplex speech sessions exist, the SC UE shall replace the speech components of the active full-duplex speech session and of the most recently inactive full-duplex speech session with the newly established active and held CS voice calls;

3.
if one active full-duplex speech session exists and no inactive full-duplex speech sessions exist, the SC UE shall replace the speech component of the active full-duplex speech session with the newly established active CS voice call; and

4.
if no active full-duplex speech session exists and one or more inactive full-duplex speech session exists, the SC UE shall replace the speech component of the inactive full-duplex speech session which became inactive most recently with the newly established held CS voice call.
For each session, the SC UE shall proceed as specified in subclause 12.2.3.
If two sessions are transferred, the SC UE shall associate the additional transferred session with CS call with transaction identifier 1 and TI flag value as in mobile terminated call.

NOTE:
The active session transaction identifier value is described in 3GPP TS 24.008 [8]
If a transferred session is with conference focus then the SC UE shall associate the transaction identifiers to participants as in subclause 9.2.1A.

The SC UE shall consider session with audio media:

-
which has "sendonly" or "inactive" directionality as inactive; and

-
which has "recvonly" or "sendrecv" directionality as active; 
in this subclause and in the referenced subclauses.
If single inactive full-duplex speech session is transferred, the SC UE shall associate the transferred session with CS call with transaction identifier 0 and TI flag value as in mobile terminated call.

**** next change ****

12.3
SCC AS
12.3.1
SCC AS procedures for PS to CS access transfer, SR-VCC

The SCC AS needs to distinguish between the following SIP INVITE requests to provide specific functionality for SR-VCC:

-
SIP INVITE request routed to the SCC AS due to a STN-SR belonging to the subscribed user in the Request-URI. These SIP INVITE requests originate from the MSC server. In the procedures below, such requests are known as "SIP INVITE requests due to STN-SR".

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio indicate a CS bearer. In the procedures below, such requests are known as "SIP re-INVITE requests adding ICS control".

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio indicate the port set to "0". In the procedures below, such requests are known as "SIP re-INVITE requests for non-ICS control".

When the SCC AS receives a SIP INVITE request due to STN-SR on the Target Access Leg, and the SCC AS does not apply MSC Server assisted mid-call feature as described in subclause 12.3.2, the SCC AS shall follow the PS-CS access transfer procedures specified in subclause 9.3.2 for the session with active full-duplex speech component that was most recently made active. However, the SCC AS does not initiate release for Source Access Leg unless after some specific time defined by the operator policy.
If the SCC AS has sent a SIP 480 (Temporarily Unavailable) response to reject a SIP INVITE request due to STN-SR on the Target Access Leg:
1)
if the speech media flow to be transferred was the only media flow in the SIP dialog, the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2]; or
2)
if the SIP dialog contains other media flows than the active speech flow, the SCC AS shall modify the remote leg and remove the speech media flow, as specified in 3GPP TS 24.229 [2].
When the SCC AS receives a SIP re-INVITE request for adding ICS control, the SCC AS shall follow the procedures as described for ICS using Gm in subclause 13.3.2.

NOTE:
When using the ICS controlled CS bearer, only one audio call can be active at a time. Nevertheless, several calls can be held in parallel. If the user decides to switch to another (previously held) call, the ICS controlled CS bearer is re-used for this call. Therefore no specific procedures for handling of held calls in the case of ICS controlled CS bearer are needed.

When the SCC AS receives a SIP re-INVITE for non-ICS control, the SCC AS shall follow the media removal procedures as specified in subclause 13.3.1.
Unless the MSC Server assisted mid-call feature applies, as only the most recently made active full-duplex speech session is transferred from PS to CS audio, the SCC AS shall drop all other previously existing full-duplex speech sessions from this UE and indicate them accordingly in the SDP Offer sent within SIP re-INVITE requests towards the remote UE.

**** next change ****

12.3.2
SCC AS procedures for PS to CS access transfer with MSC server assisted mid-call feature, SR-VCC

If 

1.
the SC UE included the g.3gpp.ics media feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header field during establishment of the session associated with the SIP INVITE request due to static STN, the SCC AS local policy requires delaying application of the MSC Server assisted mid-call feature for a time given by local policy and the inactive session transfer request has not been received within a time given by local policy after the reception of the SIP INVITE request due to static STN;

2.
the SC UE included the g.3gpp.ics media feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header field during establishment of the session associated with the SIP INVITE request due to static STN and the SCC AS local policy does not require delaying application of the MSC Server assisted mid-call feature for a time given by local policy; or

3.
the SC UE did not include the g.3gpp.ics media feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header field during establishment of the session associated with the SIP INVITE request due to static STN;

then SCC AS shall apply the MSC Server assisted mid-call feature as described in subclause 9.3.2A with the following differences:

1.
the SCC AS shall release all the superfluous full-duplex speech sessions; and
2.
the SCC AS does not initiate release for Source Access Leg of the associated SIP dialogs but remove speech media flow for these dialogs.
Removing speech media flow for SIP dialogs, the SCC AS shall:

-
if the speech media flow was the only media flow in the SIP dialogs, release the source access leg as specified in 3GPP TS 24.229 [2]; or
-
if the SIP dialogs contains other media flows than the speech flow, modify the source access leg and remove the speech media flow, as specified in 3GPP TS 24.229 [2].
The SCC AS shall consider session with speech:

-
which has "sendonly" or "inactive" directionality at the SC UE as inactive; and

-
which has "recvonly" or "sendrecv" directionality at the SC UE as active;

in this subclause and in the referenced subclauses.
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