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1. Introduction

This document provides a revised detailed set of information flows necessary to verify the R00 IM subsystem architecture and its relationship to the GPRS elements. It shows how the hybrid model for service control supports Mobile Originated communications (a call to a local PSTN network). This contribution provides a set of flows to serve as a basis for further work on Stage 2.

2. Discussion

The flows and associated text information have been revised in alignment with the discussed format of Td 1316 from the Vancouver meeting.

The flows illustrate the following aspects:

1. the expected interactions between the UE and the CSCF within the network, 

2. interactions with the MGCF and MGW

3. interactions between the S-CSCF in the HPLMN and the Proxy and I-CSCF in the VPLMN

4. initial mappings to ISUP

5. the basic ordering of the different aspects for call delivery

6. starting points for parameter values within SIP.

Figure 1 illustrates the call flow, the call is to a local PSTN number (+33 1473 642000) from the mobile (CLI=+44 7711123456).   The descriptions for the flows and parameter are given in table 1.

2. The vI-CSCF has been utilised within the VPLMN as the point of intelligence to be able to determine which is the most applicable MGCF within the HPLMN to deal with the egress of the call to the local PSTN.

Special note should be made on the proposed use of the additional messages to ensure that the bearer aspects are in place before the call has matured.  This prevents a poor perceived user quality of service when calls are answered before the bearer is in place.

3. Conclusion and proposals

These flows illustrate the ordering and linkage of C7 ISUP signalling with SIP Based UE to CSCF and CSCF to MGCF signalling, addition of MGW components and also the C Plane interactions needed to commence set-up of GPRS U Plane bearers.  They also illustrate how the Visited network based SCSCF can operate to provide local control of calls for inbound roamers.  [Note: Potential timing issues with the messages traversing several networks for control needs study].

3. It is proposed that:

4. The flows of this document are used as the basis of the ongoing work on call handling involving VPLMN controlled calls to the local PSTN
5. A new sub-section of 23.228 Appendix Y2 is added titled Y.x Example call flow: mobile Originated call to PSTN, Visited sCSCF.
6. The flows of figure 1 of this document are included in the informative annex of 23.228.

7. The text of the main body (section 4) of this document are included in the informative appendix of 23.228.

4. Mobile originated call to PSTN, Visited sCSCF

The following flows show an IM subsystem terminal originating a call for the case that a visited Serving CSCF is assigned.
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Figure x: Mobile to local PSTN call, roaming mobile, hybrid model, visited network control
1. The ME sends the DN (called party) digits to the S-CSCF (this could be via the user entering the number and pressing ‘send’).  (This passes via the pCSCF which will forward the message (hence double arrow heads).

2. The S-CSCF verifies the admission and begins the call routing procedure. The S-CSCF selects the most appropriate MGCF (here in the serving network) based on the DN, this could be using geographic information to determine the most appropriate MGCF to handle the call. The S-CSCF forwards the Invite message to the MGCF inserting its own address in a Via field

3. Upon receipt of the Invite, the MGCF instructs the MGW to create a media stream connection. The local session description contains the preferred codecs MGCF preferred order of choice (in this case AMR will most likely be selected). The remote session description contains the information necessary for the MGW to forward packets to the terminal.

The MGCF knows that the preferred route for the call (based on number analysis is out to the PSTN and will use 64k bit/s U law coding, thus it will instruct the MGW to select an appropriate transcoder.

4. The MGW indicates to the MGCF the successful creation of a connection. The session description returned contains the information necessary for 3G IP user to send packets towards the newly created connection, such as IP address (mgw.3gip.frtelecom.com), UDP port (2344) and packetisation parameters (U-law PCM)

5. The session progress message is used here to convey information about the progress of the call. The message carries the MGW session description and QoS requirements.

6. The S-CSCF instructs the terminal of the media and QOS requirements for the call. (This passes via the pCSCF which will forward the message (hence flows ‘a’ and ‘b’)).  The terminal then commences the reservation of the required bandwidth for the call to GPRS.

7. Following the acknowledgement by the GPRS network that the User plane PDP context has been set-up the C plane SIP communications can continue.  The terminal indicates that the required bandwidth has been successfully reserved. (This passes via the pCSCF which will forward the message (hence flows ‘a’ and ‘b’)).  Once the resources have been reserved when sending the COMET message, the terminal can carry on with the normal signalling procedure for the session (qos was mandatory).

8. The S-CSCF forwards the COMET message to the MGCF inserting its own address in a Via field. 

9. The MGCF sends an IAM (Initial Address Message) to the PSTN.

10. The PSTN responds with an ACM (Address Complete Message) to indicate that the complete called party number has been received. It is assumed here that the "called party status" code in the ACM is here “no indication”.

11. The PSTN sends a CPG (Call Progress) message to indicate that the called is being alerted.
12. Upon receipt of the COMET, the MGCF will send a definitive response 200 OK to the S-CSCF.
13. The S-CSCF regenerates the 200 OK message to the terminal. (This passes via the pCSCF which will forward the message (hence flows ‘a’ and ‘b’)).  This 200 OK is a definitive response for the COMET request.  

14. Upon receipt of a CPG message, the MGCF will map the event code to a SIP provisional response (here 180 Ringing) and send it to the S-CSCF to indicate that the called party is being alerted.

15. The S-CSCF generates a 180 Ringing response to the terminal to indicate that the called party is being alerted. The ringback tone is generated by the terminal on receipt of this message.

16. Once the PSTN user answers, an ANM (Answer Message) will be sent to the MGCF. Upon receipt of the ANM, the MGCF will send a definitive response 200 OK to the S-CSCF. This definitive response corresponds to the INVITE message.

17. Upon receipt of the ANM, the MGCF will send a definitive response 200 OK to the S-CSCF. This definitive response corresponds to the INVITE message. 

18. The S-CSCF regenerates the 200 OK message to the terminal (in response to the initial INVITE message) to denote that the called party has answered. [Note: the S-CSCF would also commence charging at this point].

19. The terminal returns an ACK message to the S-CSCF to confirm that it has received the final response to the INVITE request (the 200 OK) and to complete the two-way communication path. Note: After sending this message, from the terminal’s point of view, the media stream is established.

20. The S-CSCF forwards the ACK message to the MGCF. Note: On receipt of this message, from the terminating endpoint’s point of view, the media stream should be established. For this case, for being the MGCF and the MGW in different functional entities, the media channel will be established once the ports have been activated in the MGW.

21. Upon receipt of the ACK message, the MGCF will modify the MGW connection to change the mode to send and receive and to set the active mode for that context. Note: At this point the media stream is established and connected through both ways by the MGW.

22. The MGW indicates to the MGCF that the connection was successfully modified. 

23. The PSTN party wants to finish the call.

24. The BYE request indicates to the server that the terminal client (user agent) wishes to release the call. In this example is the callee who wishes to do so. [Charging is terminated]

25. The message is forwarded to the user.

26. Definitive 200 OK is sent as response to the BYE message.

27. The response is forwarded to the MGCF.

28. Release Complete message is sent to the PSTN user to indicate that the call has been successfully released.
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