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6.X.3
Message Flows

6.X.3.1
Selection of the ATCF
To ensure that the MSC Server selects the correct ATCF during SRVCC procedure, a routable STN-SR pointing to the ATCF shall be provided to the MME before SRVCC procedure is triggered. 
The ATCF shall allocate the STN-SR when the user performs initial registration in the IMS. The STN-SR shall be provided through IMS and via third-party registration to the SCC AS. The SCC AS shall further provide the STN-SR to the HSS, which in turn shall update the MME / SGSN. The MME / SGSN will use the STN-SR in the same way as the Rel-8/9.
NOTE 1:
If the SCC AS receives a third-party register without a STN-SR pointing to the ATCF, it will clear any existing STN-SR that has been set and provide a home network configured STN-SR. The SCC AS will need to ensure that the home network configured STN-SR can be restored in case of SCC AS failure (e.g., by storing it separately in the HSS as transparent data).
The following figure shows an example of IMS registration flow where the ATCF provides the STN-SR to the home network. Existing IMS Registration procedures described in TS 23.228 [8] are used to register the user in IMS.

[image: image1.emf]ATCF I/S-CSCF UE-1

SN HN

SCC AS

1. Registration

3. Registration

(STN-SR)

4. Registration

(STN-SR)

MME/

SGSN

HSS

5. Sh-update

(STN-SR)

6. Insert Subscription Data

(STN-SR)

2. Decision to include 

ATCF for subsequent 

sessions for SRVCC


Figure 6.X.3.1-1: IMS Registration
1.
UE-1 sends an initial SIP REGISTER request to home network via ATCF (P-CSCF not shown in flow).
2.
ATCF decides, based on operator policy and if the home network supports eSRVCC, to allocate a STN-SR. The ATCF include itself in the signaling path for subsequent messages during the registration period.
3.
If allocated, the STN-SR is included in the request forwarded to the I/S-CSCF.
NOTE 2: 
Service level agreements are used to understand whether the home network supports eSRVCC. In addition, as fall back, the ATCF will as well understand whether eSRVCC is activated in the SCC AS by the reception of C-MSISDN/ATU-STI during session setup. 
4.
The S-CSCF sends the SIP REGISTER request to the SCC AS according to the third-party registration procedure. 
NOTE 3: 
In case of multiple registrations from the UE from multiple accesses, the SCC AS will only receive and use one STN-SR from an ATCF in the mobile network. 
5.
SCC AS provides the received STN-SR into the HSS to replace the STN-SR pointing to the SCC AS or the previously stored STN-SR pointing to other ATCF.
NOTE 4: 
If an ATCF does not exist or the ATCF decided not to be included in step 2, the SCC AS will allocate a STN-SR that can be used to route to this SCC AS and provide it into the HSS, thereby replacing any previously stored STN-SR. SCC AS will then fall back to basic (Rel-9) SRVCC functionality for the registered user. If the subscriber is not SRVCC subscriber, no STN-SR will be set or provided to the MME. 

NOTE 5:
SCC AS will only need to update the STN-SR in the HSS at initial registration. If the STN-SR has not changed since previous initial registration, there will be no update towards MME done. 
6.
HSS provides the STN-SR to the MME/SGSN because of the change of the subscription data.
Editor’s note:
Other mechanisms for the SCC AS to provide the STN-SR to the MME/SGSN are for further discussion.
If the UE moves in idle mode to a new MME/SGSN and receives a new IP address, it will re-register in the IMS and a new ATCF may be selected. If the UE does not receive a new IP address, it will still be re-registered on the old P-CSCF and using the old ATCF. 
6.X.3.2
Originating sessions in PS
Figure 6.x.3.2-1 shows an originating session when the ATCF has previously been included in the signalling path (see clause 6.x.3.1). If the ATCF was not included in the signalling path then existing Mobile Origination procedures described in TS 23.228 [8] are used.
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Figure 6.X.3.2-1: Originating session that uses only PS media (ATCF in signalling path).
1.
UE-1 initiates an IMS multimedia session to UE-2 and uses only PS media flow(s). The initial SIP INVITE request goes through the ATCF in the serving network. The ATCF may decide whether to anchor the session and allocate if needed ATGW resources to it according to the procedure specified in sub-clause 6.2.1 of 3GPP TS 23.334 [x]. See also Clause 6.X.2.1.2 for criteria used to decided when to anchor. 
2~5.ATCF forwards the initial SIP INVITE request, which is routed towards the UE-2.

6.
Completion of originating session setup. As part of this step, the following is done: 

-
if the SCC AS knows the ATCF is in the message path, the SCC AS sends Access Transfer Info to the ATCF with a dynamic/static ATU-STI and the C-MSISDN. 
-
The ATCF shall store the ATU-STI and the C-MSISDN. The ATCF removes the Access Transfer Info prior forwarding any responses to the UE. 

-
If not already done, the ATCF may decide, based on information not available earlier in the procedure, to anchor the session and allocate ATGW resources for voice media and anchor the voice media in the ATGW. The ATCF will in such case update the far end with the media information of the ATGW in another offer/answer exchange (this may be done as part of other required session update).
NOTE 1:
The ATU-STI is a routable address pointing to the SCC AS. It could either be dynamically allocated (for each session) or statically allocated (for the SCC AS). 

NOTE 2:
The ATCF is not modifying the dynamic STI that is exchanged between the UE and SCC AS. 
NOTE 3:
The Access Leg for the control has now been established between the UE and the SCC AS, see also Clause 6.X.1.1. 
6.X.3.3
Terminating sessions in PS
Figure 6.x.3.3-1 shows a terminating session when the ATCF has previously been included in the signalling path (see clause 6.x.3.1). If the ATCF was not included in the signalling path then existing Mobile Termination procedures described in TS 23.228 [8] are used.
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Figure 6.X.3.2-1: Terminating session that uses only PS media (ATCF in signalling path).
1-2. A Terminating session is sent towards the roaming user UE-1 from UE-2. The initial SIP INVITE request is routed via the I/S-CSCF to the SCC AS.
3.
The SCC AS performs necessary T-ADS procedures according to TS 23.237 [4], and routes the request towards the UE-1. If the SCC AS knows that the ATCF will be in the message path, the SCC AS sends Access Transfer Info to the ATCF with a dynamic/static ATU-STI and the C-MSISDN. 
NOTE 1: 
The Access Transfer Info can be sent as part of the existing INVITE. 

4.
The INVITE is routed towards the ATCF. When receiving the INVITE, the ATCF may decide whether to anchor the media for the session and allocate ATGW resources for it if needed according to the procedure specified in sub-clause 6.2.1 of 3GPP TS 23.334 [X]. See also Clause 6.X.2.1.2 for criteria used to decided when to anchor. The ATCF shall store the ATU-STI and the C-MSISDN. The ATCF removes the ATU-STI and C-MSISDN from the INVITE.
5.
The SIP INVITE is forwarded to UE-1 (P-CSCF not shown in flow).

NOTE 2: 
In case the UE-1 returns a response to IMS that bi-directional speech is rejected as specified in TS 23.237 [4] in clause 6.2.2.4, the ATCF will release the ATGW resources allocated if any. The ATCF may remove itself from the session path. 

6.
Session setup is completed. As part of this step, if not already done, the ATCF may decide, based on information not available earlier in the procedure, to anchor the session and allocate ATGW resources for voice media and anchor the voice media in the ATGW. The ATCF will in such case update the remote end with the media information of the ATGW in another offer/answer exchange (this may be done as part of other required session update).
NOTE 3:
The ATCF is not modifying the dynamic STI that is exchanged between the UE and SCC AS. 
NOTE 4:
The Access Leg for the control has now been established between the UE and the SCC AS, see also Clause 6.X.1-1. 
6.X.3.4
PS-CS Access Transfer

6.X.3.4.1
PS-CS Access Transfer – ATGW anchored during session setup and supporting MSC Server assisted mid-call feature
This clause describes the main differences with existing SRVCC procedures for the case when the media is anchored in the ATGW and the ATCF enhancements are used. Some of the procedures that are not impacted have been left out for clarity of the flow.

[image: image4.emf]MSC 

Server

ATCF UE-2 UE-1

SCC AS/

S-CSCF

2. INVITE 

(STN-SR, C-MSISDN)

7. Response

5. Response / SSI

New Media Path of 

CS access leg

Media Path of Remote leg

Media Path of PS Access leg Media Path of Remote leg

SN HN

6. Access Transfer Update 

(ATU-STI, C-MSISDN)

ATGW

3. Configure ATGW

4. Configure ATGW 

Ack

CS-MGW

8. Transfer of additional active/held session

New Media Path of 

CS access leg

MME / 

SGSN

1. Interaction between UE, 

RAN, MME/SGSN and MSC 

as specified in TS 23.216

9. Procedures to retain Gm reference point or Source Access Leg release


Figure 6.X.3.4.1-1: PS to CS access transfer for roaming user
1. 
Interaction between UE, RAN, MME/SGSN and MSC Server as specified in TS 23.216 [10]. The following step is triggered after the MSC Server has received the PS to CS request from the MME / SGSN and has allocated resources in the RAN.

NOTE 1:
In case of PS HO taking place in parallel, and according to TS 23.216 [10] clause 6.2.2.2 and clause 6.3.2.2, both the MSC Server and the target SGSN send independently the Reloc / HO Req to the target RAN. The target RAN synchronizes the PS and CS resource allocation based on information (received in transparent containers provided by the source RAN) before responding to both MSC Server and SGSN, which in turn respond to the source MME/SGSN. The source MME/SGSN will instruct the UE to move to the target RAN when having received responses from both SGSN and MSC Server.
2.
The MSC Server initiates Access Transfer message according to current procedures specified in TS 23.237 [4]. Hence, and if supported, the MSC Server indicates its capability to support MSC Server assisted mid-call feature. The MSC Server provides all the supported codecs for voice in the Access Transfer message. 
NOTE 2:
It is expected that the CS MGW will support the codecs used for the LTE voice call, and thereby the likelihood is minimized that ATCF has to instruct the ATGW to insert codecs.
3.
The ATCF receives the Access Transfer message and correlates the transferred session using the C-MSISDN. The ATCF identifies the correct anchored session and proceeds with the Access Transfer of the recently added active session. The ATCF updates the ATGW by replacing the existing PS access leg media path information with the new CS access leg media path information, by sending a Configure ATGW message to ATGW. 
If the MSC Server assisted mid-call feature is used, and if there are more than two sessions with speech media (at least one active), the ATCF performs the following:

-
if there are two or more active sessions, selects the second-most recently active speech session, puts it on hold and releases all remaining active sessions; and
-
selects the held session that has been most recently made inactive. Any other in-active sessions are released; and
-
the active session together with the selected in-active session is sent in Session State Information to the MSC Server.


If the MSC Server assisted mid-call feature is used and if there are only inactive sessions (and no active session), the ATCF performs the following:

-
selects the inactive session which was active most recently and releases all remaining inactive sessions; and
-
includes the information that the session is inactive in the response sent to the MSC Server.

NOTE 3: 
The ATCF can instruct the ATGW to keep using the local port of the PS access leg media path for the new CS access leg media path.
4.
The ATGW sends Configure ATGW Acknowledgment message back to ATCF.
5.
The ATCF sends an Access Transfer response to the MSC Server, and in the case MSC Server assisted mid-call feature is supported and used, the ATCF provides Session State Information (SSI) in accordance to existing SRVCC procedures of TS 23.237 [4] clause 6.3.2.1.4a. The media path is switched to CS when receiving SDP information. 
NOTE 4: 
If the ATCF instructs the ATGW to use the local port of the PS access leg media path for the new CS access leg media path, the Access Transfer response can be sent right after step 3.
NOTE 5:
Since step 2 to 5 are in parallel to step 1, the voice break interruption starts when either the media is switched to the CS MGW controlled by the MSC Server enhanced for SRVCC or when the UE starts to relocate to the target (whatever comes first). The voice break interruption ends when the UE has tuned to the target and media has switched to CS MGW (whatever comes last). It is assumed that the media is switched to CS MGW during the time the UE tunes to target. 
6.
After receiving the Access Transfer message, the ATCF re-establishes the communication with the SCC AS and updates the SCC AS that the transfer has taken place by sending an Access Transfer Update message to the SCC AS using the stored ATU-STI. The Access Transfer Update creates a new dialogue between the ATCF and SCC AS. The SCC AS correlates the new dialog with the remote dialog. As there is no update in the session description, no remote end update will be sent by the SCC AS. 
NOTE 6:
The new dialog between ATCF and SCC AS is needed to replace the old dialog that has been setup over the PS access leg (and registration) and to complete the access transfer in the SCC AS. This is to ensure that if the PS registration for the user expires, the new home leg will not be released / affected. 
7.
The SCC AS sends confirmation response to the ATCF.
8.
If the MSC Server receives the Session State Information of more than one active or inactive speech sessions, it initiates Access Transfer towards ATCF then to SCC AS for the additional session. The transfer procedure is similar as the transfer of the first session.
NOTE 7:
Step 8 is performed independently of step 6 and 7. 

NOTE 8:
The Access Leg for the control has moved over to the CS access. 
9.
Procedures as defined in TS 23.237 [4] are used to handle the cases that the Gm reference point is retained upon PS handover procedure, not retained upon PS handover or if there was no other voice-media flow(s) in the IMS session.
6.X.3.4.2
PS-CS Access Transfer – ATGW anchored during session setup and MSC Server assisted mid-call feature supported by SCC AS
This clause describes the main differences with existing SRVCC procedures for the case when the media is anchored in the ATGW and the ATCF enhancements are used. Some of the procedures that are not impacted have been left out for clarity of the flow.
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Figure 6.X.3.4.2-1: PS to CS access transfer for roaming user
1. 
Interaction between UE, RAN, MME/SGSN and MSC Server as specified in TS 23.216 [10]. The following step is triggered after the MSC Server has received the PS to CS request from the MME / SGSN and has allocated resources in the RAN.

NOTE 1:
In case of PS HO taking place in parallel, and according to TS 23.216 [10] clause 6.2.2.2 and clause 6.3.2.2, both the MSC Server and the target SGSN send independently the Reloc / HO Req to the target RAN. The target RAN synchronizes the PS and CS resource allocation based on information (received in transparent containers provided by the source RAN) before responding to both MSC Server and SGSN, which in turn respond to the source MME/SGSN. The source MME/SGSN will instruct the UE to move to the target RAN when having received responses from both SGSN and MSC Server.
2.
The MSC Server initiates Access Transfer message according to current procedures specified in TS 23.237 [4]. Hence, and if supported, the MSC Server indicates its capability to support MSC Server assisted mid-call feature. The MSC Server provides all the supported codecs for voice in the Access Transfer message. 
NOTE 2:
It is expected that the CS MGW will support the codecs used for the LTE voice call, and thereby the likelihood is minimized that ATCF has to instruct the ATGW to insert codecs.

3.
The ATCF receives the Access Transfer message and correlates the transferred session using the C-MSISDN. The ATCF identifies the correct anchored session and proceeds with the Access Transfer of the most recently active session. The ATCF updates the ATGW by replacing the existing PS access leg media path information with the new CS access leg media path information, by sending a Configure ATGW message to ATGW. 
NOTE 3: 
The ATCF may instruct the ATGW to keep using the local port of the PS access leg media path for the new CS access leg media path.
4.
The ATGW sends Configure ATGW Acknowledgment message back to ATCF.

5.
The ATCF sends an Access Transfer response to the MSC Server. The media path is switched to CS when receiving SDP information. 
NOTE 4: 
If the ATCF instructs the ATGW to use the local port of the PS access leg media path for the new CS access leg media path, the Access Transfer response can be sent right after step 3.
NOTE 5:
Since step 2 to 5 are in parallel to step 1, the voice break interruption starts when either the media is switched to the CS MGW controlled by the MSC Server enhanced for SRVCC or when the UE starts to relocate to the target (whatever comes first). The voice break interruption ends when the UE has tuned to the target and media has switched to CS MGW (whatever comes last). It is assumed that the media is switched to CS MGW during the time the UE tunes to target. 
6.
After receiving the Access Transfer message, the ATCF re-establish the communication with the SCC AS and updates the SCC AS that the transfer has taken place by sending an Access Transfer Update message to the SCC AS using the stored ATU-STI. If the MSC server indicated it supported mid-call feature, it also indicates this in the message to the SCC AS. The Access Transfer Update creates a new dialogue between the ATCF and SCC AS. The SCC AS correlates the new dialog with the remote dialog (e.g., using the C-MSISDN). As there is no update in the session description, no remote end update will be sent. 

NOTE 6:
The new dialog between ATCF and SCC AS is needed to replace the old dialog that has been setup over the PS access leg (and registration). This is to ensure that if the PS registration for the user expires, the new home leg will not be released / affected. 
7.
The SCC AS sends confirmation response to the ATCF. If the SCC AS and MSC supports mid call feature, the SCC AS provides the SSI according to TS 23.237 [4] clause 6.3.2.1.4a.

NOTE 7:
The SSI information is in stage 3 provided by a REFER message that is separate from the 200 OK sent as confirmation response to the Invite, i.e., step 7 will in practice be two messages. One 200 OK and one REFER. 

8.
The ATCF forwards the SSI to the MSC server.

9.
If the MSC Server receives the Session State Information of more than one active or inactive speech sessions, it initiates Access Transfer towards SCC AS for the additional session. 
NOTE 8:
The Access Leg for the control has moved over to the CS access. 
10.
Procedures as defined in TS 23.237 [4] are used to handle the cases that the Gm reference point is retained upon PS handover procedure, not retained upon PS handover or if there was no other voice-media flow(s) in the IMS session.
6.X.3.4.3
PS-CS Access Transfer – ATCF not included during registration

If the decision by the ATCF during registration was not to be included at all, the SRVCC procedures will fall back to Rel-9 procedures according to TS 23.237 [4] clause 6.3.2.1.4 and 6.3.2.1.4a.

6.X.3.4.4
PS-CS Access Transfer – ATGW not anchored during session setup

This clause describes the main differences with existing SRVCC procedures for the case when the ATCF is included in the session path, but media has not been anchored in ATGW. Some of the procedures that are not impacted have been left out for clarity of the flow.
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Figure 6.X.3.4.4-1: PS to CS access transfer for roaming user
1. 
Interaction between UE, RAN, MME/SGSN and MSC Server as specified in TS 23.216 [10]. The following step is triggered after the MSC Server has received the PS to CS request from the MME / SGSN and has allocated resources in the RAN.

NOTE 1:
In case of PS HO taking place in parallel, and according to TS 23.216 [10] clause 6.2.2.2 and clause 6.3.2.2, both the MSC Server and the target SGSN send independently the Reloc / HO Req to the target RAN. The target RAN synchronizes the PS and CS resource allocation based on information (received in transparent containers provided by the source RAN) before responding to both MSC Server and SGSN, which in turn respond to the source MME/SGSN. The source MME/SGSN will instruct the UE to move to the target RAN when having received responses from both SGSN and MSC Server.
2.
The MSC Server initiates Access Transfer message according to current procedures specified in TS 23.237 [4]. Hence, and if supported, the MSC Server indicates its capability to support MSC Server assisted mid-call feature. The MSC Server provides all the supported codecs for voice in the Access Transfer message.
3.
The ATCF receives the Access Transfer message and correlates the transferred session using the C-MSISDN. As the media session has not been anchored in the ATGW, the ATCF forwards the Access Transfer message to the SCC AS using the stored ATU-STI. If the MSC server indicated it supported mid-call feature, it also indicates this in the message to the SCC AS. 
4.
The SCC AS correlates the incoming Access Transfer message. As the Session Description has changed, a remote end update is initiated according to existing procedures. 
5.
The SCC AS sends an Access Transfer response to the MSC Server, and in the case MSC Server assisted mid-call feature is supported and used, the SCC AS provides Session State Information (SSI) in accordance to existing SRVCC procedures of TS 23.237 [4] clause 6.3.2.1.4a. 
6.
The ATCF forwards the response to the MSC server. 
7.
If the MSC Server receives the Session State Information of more than one active or inactive speech sessions, it initiates Access Transfer towards SCC AS for the additional session according to TS 23.237 [4] clause 6.3.2.1.4a. 
8.
Procedures as defined in TS 23.237 [4] are used to handle the cases that the Gm reference point is retained upon PS handover procedure, not retained upon PS handover or if there was no other voice-media flow(s) in the IMS session.
6.X.3.5
Failure to complete PS-CS Access Transfer
In case of failure before MSC Server initiates Session Transfer, there is no difference to TS 23.216 clause 8.1, 

In case of failure after UE receives HO command, the UE attempts to return to E-UTRAN/UTRAN and initiates signalling to transfer the session back to E-UTRAN/UTRAN using procedures described in TS 23.216 [10] clause 8.1 with the difference that the session transfer back to E-UTRAN is handled by ATCF if the ATCF identifies this to be a session transfer.

In case of handover cancellation, and when receiving the handover cancellation message, UE starts the re-establishment procedure, as though it required a transfer of the session to E-UTRAN/UTRAN, according to the procedures described in TS 23.216 [10] clause 8.1 with the difference that the session transfer back to E-UTRAN is handled by ATCF if the ATCF identifies this to be a session transfer. 
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