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Introduction

The BGCF concept was introduced in SA2 through contributions S2-001899, S2-002221 and S2-010384. The concept has been accepted and specifications 23.002 (R5) and 23.228 are being updated.

This document proposes additions to 24.228 to include the BGCF functionality as described in the above contributions.

Proposed changes to 24.228

The proposed changes consist of the additions of the flows identified as S-S#5 and S-S6 in contribution S2-010384.

Annex A (informative)

Documention of preliminary material

The following text is proposed to be added to 24.228.

8.3.5
(S-S#5) Call originating with PSTN termination in the same network as the S-CSCF.

The Serving-CSCF handling call origination performs an analysis of the destination address, and determines, with support of applications or other databases, that the call is destined to the PSTN. The request is therefore forwarded to a local BGCF.  The BGCF determines that the MGCF should be in the same network, and selects a MGCF in that network.  The request is then forwarded to the MGCF. 

Origination sequences that share this common S-S procedure are:

MO#1
Mobile origination, roaming, home control of services.  The “Originating Network” of S-S#5 is therefore a visited network, and S-CSCF#1 is located in the home network, hence the serving network is the home network

MO#2
Mobile origination, roaming, with visited control of services.  The “Originating Network” of S-S#5 is therefore a visited network, and S-CSCF#1 is also located in the visited network.

MO#3
Mobile origination, located in home service area.  The “Originating Network” of S-S#5 is therefore the home network, and S-CSCF#1 is also located in the home network.

Termination sequences that share this common S-S procedure are:

PSTN-T
PSTN termination. This occurs when the MGCF is selected to be in the same network as the S-CSCF.
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Procedure S-S#5 is as follows:

1. The SIP INVITE request is sent from the UE to S-CSCF#1 by the procedures of the originating flow.

Table xx

INVITE <Called-Party-Identifier> SIP/2.0

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Calling-Party-Identifier> 

Content-Type: application/sdp

Content-Length: xxx

 SDP material in this Body section.

2. S-CSCF#1 performs whatever service control logic is appropriate for this call attempt

3. S-CSCF#1 performs an analysis of the destination address.  From the analysis of the destination address, S-CSCF#1 determines that this is for the PSTN, and passes the request to the BGCF.

Table xx

INVITE <Called-Party-Identifier> SIP/2.0

Via: SIP/2.0/UDP s-cscf#1.network#1.com

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Calling-Party-Identifier> 

Content-Type: application/sdp

Content-Length: xxx

 SDP material in this Body section.

4. The BGCF determines that the MGCF shall be in the same network, and hence proceeds to select an appropriate MGCF.  The SIP INVITE request is forwarded to the MGCF.  The PSTN terminating information flows are then followed.

Table xx

INVITE <Called-Party-Identifier> SIP/2.0

Via: SIP/2.0/UDP bgcf.network#1.com

Via: SIP/2.0/UDP s-cscf#1.network#1.com

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Calling-Party-Identifier> 

Content-Type: application/sdp

Content-Length: xxx

 SDP material in this Body section.

5. The media stream capabilities of the destination are returned along the signaling path, as per the PSTN termination procedure.

6. The BGCF forwards the SDP to S-CSCF#1.

7. S-CSCF#1 forwards the SDP to the originator, as per the originating procedure.

8. The originator decides the final set of media streams, and forwards this information to S-CSCF#1 by the origination procedures

9. S-CSCF#1 forwards the final SDP to the terminating endpoint as per the PSTN terminating procedures.

10. When the originating endpoint has completed the resource reservation procedures, it sends the “Resource reservation success” message to S-CSCF#1 by the origination procedures.

11. S-CSCF#1 forwards the “Resource reservation success” to the terminating endpoint as per the PSTN terminating procedures.  

12. The terminating endpoint may optionally send a provisional response indicating alerting is in progress to the BGCF

13. The message is forwarded to the S-CSCF#1.

14. S-CSCF#1 performs whatever service control is appropriate for this alerting call

15. S-CSCF#1 forwards the ringing message to the originator, per the origination procedure

16. When the called party answers, the termination procedure results in a SIP 200-OK final response to the BGCF.

Table xx

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf.network#1.com

Via: SIP/2.0/UDP s-cscf#1.network#1.com

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Called-Party-Identifier> 

Content-Length: 0

17. The BGCF forwards this information to the  S-CSCF#1. 

Table xx

SIP/2.0 200 OK

Via: SIP/2.0/UDP s-cscf#1.network#1.com

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Called-Party-Identifier> 

Content-Length: 0

18. S-CSCF#1 performs whatever service control is appropriate for this call completion

19. The 200-OK is returned to the originating endpoint, by the origination procedure.

Table xx

SIP/2.0 200 OK

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Called-Party-Identifier> 

Content-Length: 0

20. The originating endpoint sends the final acknowledgement to S-CSCF#1 by the origination procedures.

21. S-CSCF#1 forwards this message to the terminating endpoint as per the PSTN terminating procedures.

The following text is proposed to be added to 24.228.

8.3.6
(S-S#6) Call originating with PSTN termination in a different network as the S-CSCF.

The Serving-CSCF handling call origination performs an analysis of the destination address, and determines, with support of applications or other databases, that the call is destined to the PSTN. The request is therefore forwarded to a BGCF.  The BGCF determines that the PSTN interworking should occur in another network, and forwards this to a BGCF in the interworking network.  The BGCF then selects a MGCF in that network.  The request is then forwarded to the MGCF. 

Origination sequences that share this common S-S procedure are:

MO#1
Mobile origination, roaming, home control of services.  The “Originating Network” of S-S#6 is therefore a visited network, and S-CSCF#1 is located in the home network, hence the serving network is the home network

MO#2
Mobile origination, roaming, with visited control of services.  The “Originating Network” of S-S#6 is therefore a visited network, and S-CSCF#1 is also located in the visited network.

MO#3
Mobile origination, located in home service area.  The “Originating Network” of S-S#6 is therefore the home network, and S-CSCF#1 is also located in the home network.

Termination sequences that share this common S-S procedure are:

PSTN-T
PSTN termination. This occurs when the MGCF is selected to be in the same network as the S-CSCF.
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Procedure S-S#6 is as follows:

1. The SIP INVITE request is sent from the UE to S-CSCF#1 by the procedures of the originating flow.

Table xx

INVITE <Called-Party-Identifier> SIP/2.0

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Calling-Party-Identifier> 

Content-Type: application/sdp

Content-Length: xxx

 SDP material in this Body section.

2. S-CSCF#1 performs whatever service control logic is appropriate for this call attempt

3. S-CSCF#1 performs an analysis of the destination address.  From the analysis of the destination address, S-CSCF#1 determines that this is for the PSTN, and passes the request to the BGCF#1.

Table xx

INVITE <Called-Party-Identifier> SIP/2.0

Via: SIP/2.0/UDP s-cscf#1.network#1.com

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Calling-Party-Identifier> 

Content-Type: application/sdp

Content-Length: xxx

 SDP material in this Body section.

4. The BGCF#1 determines that the PSTN interworking should occur in interworking network, and forwards the request on to BGCF#2.

Table xx

INVITE <Called-Party-Identifier> SIP/2.0

Via: SIP/2.0/UDP bgcf#1.network#1.com

Via: SIP/2.0/UDP s-cscf#1.network#1.com

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Calling-Party-Identifier> 

Content-Type: application/sdp

Content-Length: xxx

 SDP material in this Body section.

5. BGCF#2 determines that the MGCF shall be in the same network, and hence proceeds to select an appropriate MGCF.  The SIP INVITE request is forwarded to the MGCF.  The PSTN terminating information flows are then followed.

Table xx

INVITE <Called-Party-Identifier> SIP/2.0

Via: SIP/2.0/UDP bgcf#2.network#2.com

Via: SIP/2.0/UDP bgcf#1.network#1.com

Via: SIP/2.0/UDP s-cscf#1.network#1.com

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Calling-Party-Identifier> 

Content-Type: application/sdp

Content-Length: xxx

 SDP material in this Body section.

6. The media stream capabilities of the destination are returned along the signaling path, as per the PSTN termination procedure.

7. BGCF#2 forwards the SDP to BGCF#1

8. BGCF#1 forwards the SDP to S-CSCF#1.

9. S-CSCF#1 forwards the SDP to the originator, as per the originating procedure.

10. The originator decides the final set of media streams, and forwards this information to S-CSCF#1 by the origination procedures

11. S-CSCF#1 forwards the final SDP to forwards the final SDP to the terminating endpoint, as per the PSTN terminating procedure 

12. When the originating endpoint has completed the resource reservation procedures, it sends the “Resource reservation success” message to S-CSCF#1 by the origination procedures.

13. S-CSCF#1 forwards the “Resource reservation success” to the terminating endpoint, as per the PSTN terminating procedures. 

14. The terminating endpoint may optionally send a provisional response indicating alerting is in progress. 

15. This information flow is forwarded to BGCF#1.

16. This information flow is forward to S-CSCF#1

17. S-CSCF#1 performs whatever service control is appropriate for this alerting call

18. S-CSCF#1 forwards the ringing message to the originator, per the origination procedure

19. When the called party answers, the termination procedure results in a SIP 200-OK final response. 

Table xx

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf#2.network#2.com

Via: SIP/2.0/UDP bgcf#1.network#1.com

Via: SIP/2.0/UDP s-cscf#1.network#1.com

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Called-Party-Identifier> 

Content-Length: 0

20. This information flow is forwarded to the BGCF#1

Table xx

SIP/2.0 200 OK

Via: SIP/2.0/UDP bgcf#1.network#1.com

Via: SIP/2.0/UDP s-cscf#1.network#1.com

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Called-Party-Identifier> 

Content-Length: 0

21. This information flow is forwarded to the S-CSCF

Table xx

SIP/2.0 200 OK

Via: SIP/2.0/UDP s-cscf#1.network#1.com

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Called-Party-Identifier> 

Content-Length: 0

22. S-CSCF#1 performs whatever service control is appropriate for this call completion

23. The 200-OK is returned to the originating endpoint, by the origination procedure.

Table xx

SIP/2.0 200 OK

… Via: all the previous places that this message has traversed.

From: <Calling-Party-Identifier>

To: <Called-Party-Identifier>

Call-ID: 12345600@Calling-Party.host

CSeq: 1 INVITE

Contact: <Called-Party-Identifier> 

Content-Length: 0

24. The originating endpoint sends the final acknowledgement to S-CSCF#1 by the origination procedures.

25. The S-CSCF#1 forwards the acknowledgement to the terminating endpoint, as per the PSTN terminating procedure

_1041957037.unknown

_1041957704.unknown

