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Introduction

This contribution provides a set of proposed Mobile Termination flows for discussion and to serve as a basis for further work on Stage 2.

Discussion

This contribution is a revision of contribution S2-001300 presented in Vancouver. The Mobile Termination flows have been separated out into this contribution for ease of discussion. In addition, the flows have been updated based on agreements in Vancouver.

Recommendation

It is recommended that these flows (subject to revision) be placed in the Annex B of 23.228 to serve as a basis for further contribution.

X.y.z
Mobile Terminated Flows

This section provides scenarios showing UE SIP call termination. Note that these flows have avoided the strict use of specific SIP protocol message names. This is in an attempt to focus on the architectural aspects rather than the protocol. SIP is assumed to be the protocol used in these flows.

Mobile Terminated Call, Home Serving CSCF

The following flow shows an IM Subsystem terminal terminating a call for the case that a home Serving CSCF is assigned. 
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Figure x. Mobile Terminated Call, IM Terminal  in R00 Visited  Network', S-CSCF in Home Network

1. An IAM for PSTN originated, or an invite for an IP originated call, is received at the T-SGW/MGCF or at the I-CSCF respectively (IP originated calls begin at step 3).

2. An IAM is forwarded to the MGCF over IP.

3. The ISUP is converted into SIP and an invite is forwarded to the I-CSCF (an IP initiated call arrives here directly).

4. The I-CSCF queries the HSS to determine the current Serving CSCF for the User.

5. For the case of an S-CSCF assigned in the home network the S-CSCF address is returned.

6. The Invite is forwarded to the S-CSCF in the home network.

7. The S-CSCF interacts with the HSS and Service Platform as required to apply any appropriate service control.

8. The Invite is then forwarded on to the P-CSCF in the visited network (assuming that the P-CSCF address was shared on registration, otherwise, the Invite is forwarded to a supplied I-CSCF in the visited network).

9. The Invite is then forwarded on to the UE.

10. Appropriate SIP/PSTN interworking is done. The UE, MGCF, S-CSCF, P-CSCF, and GPRS subsystems may interact to allocate an appropriate bearer in the home and in the visited network as required for PSTN originated calls. Route optimization such that the home is not involved in the bearer for PSTN originated calls is TBD. For IP originated calls, the bearer should not need to involve the Home network.

11. A call completion indication is returned from the UE to the MGCF via the P-CSCF, the S-CSCF and the I-CSCF.

12. The MGCF receives the SIP signaling where it is translated to ISUP and sent to the T-SGW.

13. The T-SGW sends the ISUP signaling over SS7.

Mobile Terminated Call, Visited Serving CSCF

The following flow shows an IM Subsystem terminal terminating a call for the case that a Visited Serving CSCF is assigned.
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Figure x. Mobile Terminated Call, IM Terminal  in R00 Visited  Network', S-CSCF in Visited Network

1. An IAM for PSTN originated, or an Invite for IP originated calls, is received at the T-SGW/MGCF or at the I-CSCF respectively (IP originated calls begin at step 3).

2. An IAM is forwarded to the MGCF over IP.

3. The ISUP is converted into SIP and an invite is forwarded to the I-CSCF (an IP initiated call arrives here directly).

4. The I-CSCF queries the HSS to determine the current Serving CSCF for the User.

5. For the case of a visited S-CSCF address being provided at registration, the S-CSCF address is returned otherwise a visited I-CSCF address is returned.

6. The Invite is forwarded to the S-CSCF (or I-CSCF as appropriate) in the visited network.

7. The S-CSCF interacts with the HSS and Service Platform as required to apply any appropriate service control.

8. The Invite is then forwarded on to the P-CSCF.

9. The Invite is then forwarded to the UE.

10. Appropriate SIP/PSTN interworking is done. The UE, MGCF, S-CSCF, P-CSCF, and GPRS subsystems may interact to allocate an appropriate bearer in the home and in the visited network as required for PSTN originated calls. Route optimization such that the home is not involved in the bearer for PSTN originated calls is TBD. For IP originated calls, the bearer should not need to involve the Home network.

11. A call completion indication is returned from the UE to the MGCF via the P-CSCF, the S-CSCF and the I-CSCF,

12. The MGCF receives the SIP signaling where it is translated to ISUP and sent to the T-SGW.

13. The T-SGW sends the ISUP signaling over SS7.
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