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1. Overall Description
This contribution proposes new solution to the TR 23.885. 
2. Discussions
This solution is a counter part of the alternative 12 in the TR 23.856 such as enhancement of the SRVCC currently studied in SA2.This alternative aims to provide high performance in handover between CS domain voice service and LTE/HSPA IMS based voice media service by anchoring in local network.

This solution is provided by the following components.

· New routing number, such as prefix number, for the MSC Server/MGW enhanced for SRVCC is adapted in this solution in order to establish the CS domain connection between UE and the MSC Server/MGW enhanced for SRVCC.
· The call control is mainly performed in IMS infrastructure coordinated with the CS domain call control, PCC architecture and EPC session control.

· The PCC and EPC are enhanced for exchanging session related information between the SCC AS and the MSC Server/MGW enhanced for SRVCC.

· Once the MSC Server/MGW enhanced for SRVCC receives a call establishment request from the UE, the MSC Server/MGW enhanced for SRVCC contacts to the SCC AS to inform an IP address of the its MGW. This IP address is conveyed to SGSN via P-CSCF, PCRF, PGW and SGW. Then SGSN use this IP address to contact to the MGW to establish the EPC bearer between SGW and MGW for VoIP media.
· The EPC is enhanced to establish “Y shape” connection anchored by the SGW. The Y shape is structured by one leg between PGW and UE as normal EPC bearer for packet doamin, and the other one leg between PGW and the MSC Server/MGW enhanced for SRVCC for rSRVCC specific EPC bearer. Both legs are anchored by the SGW. The high HO performance can be achieved by this connection model since this model utilizes the inter RAT HO and no “session transfer” is required if PS HO is supported, i.e. SIP signaling session is kept both before and after HO.
· For both origination and termination, the SIP level call control and CS domain call control can be executed parallel in order to minimize call setup time.

3. Proposal
We would like to propose to include the following alternative to the TR 23.885 version 0.2.0.
Start of 1st change
6.X
Solution X: Session transfer by local anchoring with Indirect Forwarding

6.X.1
Functional Description
This solution is a counter part of the alternative 12 in the TR 23.856 such as enhancement of the SRVCC currently studied in SA2.This alternative aims to provide high performance in handover between CS domain voice service and LTE/HSPA IMS based voice media service by anchoring in local network.
This solution is provided by the following components.

· New routing number for the MSC Server/MGW enhanced for SRVCC is adapted in this solution in order to establish the CS domain connection between UE and the MSC Server/MGW enhanced for SRVCC.
Editor's Note: How UE gets new routing number is FFS. It is also possible to route to the MSC Server/MGW enhanced for SRVCC by adding prefix information in front of called number. In this case, added prefix is translated in the MSC. If the MSC Server/MGW enhanced for SRVCC is collocated to every MSC in the VPLMN, new routing number is not needed at all.
· The call control is mainly performed in IMS infrastructure coordinated with the CS domain call control, PCC architecture and EPC session control.

· The PCC and EPC are enhanced for exchanging session related information between the SCC AS and the MSC Server/MGW enhanced for SRVCC.

· Once the MSC Server/MGW enhanced for SRVCC receives a call establishment request from the UE, the MSC Server/MGW enhanced for SRVCC contacts to the SCC AS to inform an IP address of the its MGW. This IP address is conveyed to SGSN via P-CSCF, PCRF, PGW and SGW. Then SGSN use this IP address to contact to the MGW to establish the EPC bearer between SGW and MGW for VoIP media.

· The EPC is enhanced to establish Y shape connection anchored by the SGW. The Y shape is structured by one leg between PGW and UE as normal EPC bearer for packet domain, and the other one leg between PGW and the MSC Server/MGW enhanced for SRVCC for rSRVCC specific EPC bearer. Both legs are anchored by the SGW. The high HO performance can be achieved by this connection model since this model utilizes the inter RAT HO and no “session transfer” is required if PS HO is supported, i.e. SIP signaling session is kept both before and after HO.

· For both origination and termination, the SIP level call control and CS domain call control can be executed parallel in order to minimize call setup time.

6.X.2
Architecture Reference Model

The Figure 6.X.2.1 shows the architecture reference model of this solution.
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Figure 6.X.2.1 rSRVCC solution using local anchoring
6.X.2
Information flows
6.X.2.1
Initial ATTACH/ TA update procedure

The E-UTRAN attach procedure for 3GPP rSRVCC UE is performed as defined in TS 23.216 [7] with the following additions:

1) rSRVCC UE includes the “rSRVCC capability indication” as part of the "MS Network Capability" in the Attach Request message and in Tracking Area Updates.

2) If the subscriber is allowed to have rSRVCC in the VPLMN, the HSS shall include the “rSRVCC allowed” indication as part of the subscription data sent to the MME.
6.X.2.2
Call origination procedure in GERAN/UTRAN

In case rSRVCC capable UE determines to establish rSRVCC call, the following procedure takes place.
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Figure 6.X.2.2-1: Call origination procedure in GERAN/UTRAN
Note: Steps in A and B can be preformed in parallel. Steps in C is triggered by SCC AS after completing both steps A and B.
1. UE sends the INVITE message with the rSRVCC flag in SIP header if UE wishes to perform HO to IMS in case it would be necessary during a call.
2. When SCC AS receives the 183 Session Progress message from peer end, SCC AS checks the rSRVCC flag. If eSRVCC flag is active, then SCC AS waits for the step7 to arrive and initiate step 8.
3. UE sends the setup message over the NAS signal. This message triggers the establishment of the CS bearer from UE to MSC for SRVCC via MSC. This setup message has the SRVCC MSC number in order to reach to the MSC Server/MGW enhanced for SRVCC. Alternatively, called number with prefix could also route to the MSC Server/MGW enhanced for SRVCC. This step can be initiated parallel with the step 1.
4. MSC sends the IMS message to the MSC Server/MGW enhanced for SRVCC .
5. The MSC Server/MGW enhanced for SRVCC sends ANSWER message to MSC.
6. The MSC sends connect message to UE. The voice path in the CS domain is established at this point. The MGW waits the Create CS Session Request message (Step 10) to come if the MGW has not received the Create CS Session Request message.
7. The MSC Server/MGW enhanced for SRVCC sends the PS session information to the SCC AS. This message contains the MGW IP address information and the Public User Identity. The MGW IP address is used in SGSN to contact to the right MGW that terminates the voice path in CS domain. The MSC Server/MGW enhanced for SRVCC assigns the SRVCC specific Public User Identity as the similar way as the ICS enhanced MSC server as described in the 3GPP TS 23.292 [3].
8. Once SCC AS receives the 183 Session Progress message, SCC AS send Application level request to the PCRF in order to reserves the network resources for VoIP communication. This message carries the SDP related information, the MGW IP address information and the Public User Identity.
9. The PCRF sends the IP CAN Session request message to the PGW in order to enforce a PCC rule. This message carries the SDP related information, the MGW IP address information and the Public User Identity.
10. The PGW sends the Create Bearer Request message to the SGW. This message carries the SDP related information, the MGW IP address information and the Public User Identity.
11. The SGW sends the Create Bearer Request message to the SGSN. In addition to the SDP related information, the MGW IP address information and the Public User Identity, SGW adds the IP address and TEID for VoIP communication.

12. If the MGW IP address is included in the Create Bearer Request message, the SGSN sends the Create CS Session Request message to the MGW using the MGW IP address received in the step 11. This message carries the SGW IP address, TEID, SDP related information and the Public User Identity. The MGW correlates with the CS voice path that is made by stem 3 to 6 by using the Public User Identity. The SDP related information includes codec related information, routing information to the remote end, etc. The codec related information is used when MGW performs a voice media transcoding.
13. The MGW sends the Create CS session response to the SGSN. This message carries the MGW IP address and TEID to be used for VoIP communication.

14. The SGSN sends the Create bearer response to the SGW. This message carries the MGW IP address and TEID to be used for VoIP communication between the MGW and the SGW.

15. The SGW sends the Create bearer response to the PGW.

16. The PGW sends the acknowledge message to the PCRF.

17. The PCRF sends the acknowledge message to the SPCC AS

18. Once SCC AS receives the Acknowledge message in step 15. The SCC AS sends the UPDATE message to the remote end to inform that all necessary resources has been allocated.
19. The remote end send 200 OK for reply to the message in step 16.

6.X.2.3
Call termination procedure in GERAN/UTRAN

In case rSRVCC capable UE determines to establish rSRVCC call, the following procedure takes place. 
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Figure 6.X.2.3-1: Call termination procedure in GERAN/UTRAN
1. UE receives the INVITE message.
2. If UE wishes to perform HO to IMS in case it would be necessary during a call, UE sends the 183 Session Progress message with the rSRVCC flag in SIP header. When SCC AS receives the 183 Session Progress message from UE, SCC AS checks the rSRVCC flag. If rSRVCC flag is active, then SCC AS initiate step 8 in the Figure 6.X.2.2-1 after waiting for step7 arrived.
3. UE sends the setup message over the NAS signal. This setup message has the SRVCC MSC number in order to reach to the MSC Server/MGW enhanced for SRVCC. Alternatively, called number with prefix could also route to the MSC Server/MGW enhanced for SRVCC. This step can be initiated parallel with the step 1.
4. MSC sends the IMS message to the MSC Server/MGW enhanced for SRVCC.
5. The MSC Server/MGW enhanced for SRVCC sends ANSWER message to MSC.
6. The MSC sends connect message to UE. The voice path in the CS domain is established at this point. The MGW waits the Create CS Session Request message (Step 10) to come if the MGW has not received the Create CS Session Request message.
7. The MSC Server/MGW enhanced for SRVCC sends the PS session information to the SCC AS. This message contains the MGW IP address information. The MGW IP address is used in SGSN to contact to the right MGW that terminates the voice path in CS domain.
After step 7, The C part in the Figure 6.X.2.2-1 continues.

6.X.2.4
SRVCC handover from UTRAN or GERAN to LTE
This procedure is basically same as the UTRAN to E-UTRAN Inter RAT HO procedure as described in 3GPP TS 23.401 [5]. The deltas are indicated in RED font in the Figure 6.X.2.3-1.
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Figure 6.X.2.3-1: SRVCC handover from UTRAN or GERAN to LTE
1. Depending on the radio condition, RNS sends the Handover Required message to SGSN. Note that RNS does send the Handover Required message to MSC since there is no CS domain available in the LTE.
2. SGSN sends the Forward Relocation Request message to the MME with the CS indication. The CS indication indicates that the Voice media exists in CS domain and needs to be handed over the LTE.
3. MME sends the Handover Request message to eNB. eNB reserves all necessary bearer resources including a bearer resources for the VoIP media.
4. eNB sends the Handover Request Ack message to the MME.
5. MME sends the Forward Relocation Response message to the SGSN. This message contains the eNB IP address and TEID for VoIP media.
6. MME sends the Create Indirect Data Forwarding Tunnel Request message to the SGW. This message does not create the indirect data tunnel for VoIP media since indirect data forwarding is not performed for VoIP media.
7. SGW sends the Create Indirect Data Forwarding Tunnel Response message to the MME.
8. SGSN sends the Relocation command message to the RNS to command hand over to the LTE.
9. RNS sends HO command to the UE.
10. SGSN sends the Redirect request to the MSC Server/MGW enhanced for SRVCC. This message contains the eNB IP address and TEID that to be used for VoIP media. This message can be sent after the SGSN receives the Forward Relocation Response message from MME. When the MSC Server/MGW enhanced for SRVCC receives this message, the MSC Server/MGW enhanced for SRVCC starts sending DL voice data to the eNB. The MSC Server/MGW enhanced for SRVCC may optionally bi-cast DL voice to both MSC and eNB. 

The MSC Server/MGW enhanced for SRVCC starts the release procedure toward the CS domain after a configurable time has passed. This process is not shown in this flow.
11. After UE tunes to the LTE, UE sends the HO to E-UTAN complete message to the eNB.
12. eNB sends HO notify to the MME.
13. MME sends the Forward Relocation Complete Notification message to the SGSN.
14. SGSN sends the Forward Relocation Complete Ack message to MME.
15. MME sends the Modify Bearer Request to the SGW. This message includes the eNB TEID for VoIP media. (Note that eNB TEID information is already available at step 4.)
16. SGW sends the Modify Bearer Response to the MME.
17. SGSN sends the Delete Indirect Data Forwarding Tunnel Request to the SGW. This message does not include the bearer information for VoIP media.
18. SGW sends t the Delete Indirect Data Forwarding Tunnel Response to the SGSN.
End of 1st Change










































































































































































































































.17.Delete Indirect Data Forwarding Tunnel Request (…, No VoIP bearer)














.15 Modify Bearer Request (VoIP bearer included.)





UE moves to LTE.
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.3.Handover Request (…, VoIP bearer is added.)
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.4.IAM (Called # = SRVCC MSC #)














.11 HO to E-UTRAN complete





.2 183 Session Progress (rSRVCC flag)
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.3.Setup (Called #, SRVCC MSC #)





.1 SIP (INVITE, M=AMR over the default bearer
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C part in Figure 6.X.2.2-1 continues.





.16 Modify Bearer Response
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Tanscoder in MGW converts Voice media format if needed.





.17 19 200 OK
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.13 15 Create Bearer Response (SGW IP address, TEID for VoIP mediaMGW IP address, TEID for VoIP media)
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.1010.Create Bearer Request (QCI=1, SDP related information, MGW IP address, Public User Identity)




















eMSCS assigns and sends the Public User Identity in order to correlate CS bearer and PS bearer when eMSC receives message #13GSN checked QCI and MGW IP address information..
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.1011.Create Bearer Request (QCI=1, SDP related information, MGW IP address, Public User Identity, SGW IP address, TEID for VoIP media)
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.13 14 Create Bearer Response (MGW IP address, TEID for VoIP media)





SGSN checked QCI and MGW IP address information.





.9.IP CAN Session Request (CodecSDP related information, MGW IP address, Public User Identity)





.1012. Create CS session Bearer Request (QCI=1, SDP related information, MGW IP address, Public User Identity, SGW IP address, TEID for VoIP media)
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.132 Create CS session Response (MGW IP address, TEID for VoIP media)
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.3.Setup (Called #, SRVCC MSC #)
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.2 183 Session Progress
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