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Overview

This section contains four call flow procedures, showing variations on the signaling path between the Serving-CSCF that handles call origination, and the Serving-CSCF that handles call termination.  This signaling path depends on: 

-    whether the originator and destination are served by the same network operator, 

-    whether the destination subscriber is roaming under visited-network control, and 

-    whether the network operators have chosen to hide their internal configuration.

The Serving-CSCF handling call origination performs an analysis of the destination address, and determines whether it is a subscriber of the same network operator or a different operator.  Based on this analysis 4 different scenarios can be arrived at.  They are:

· (S-S#1) Different network operators performing origination and termination, with home control of termination.

· (S-S#2) Different network operators performing origination and termination, visited network control of termination.

· (S-S#3) Single network operator performing origination and termination, with home control of termination.

· (S-S#4) Call origination and termination are served by the same operator, termination is done by visited network control.

If the analysis of the destination address determined that it belongs to a subscriber of a different operator, the request is forwarded (optionally through an I-CSCF within the originating operator’s network) to a well-known entry point in the destination operator’s network, the I-CSCF.  The I-CSCF queries the HSS for current location information. The I-CSCF then forwards the request to the S-CSCF (if located in the home area, or roaming with home control – procedure S-S#1) or, for roaming with visited network control,  to the address given during registration by the visited network (procedure S-S#2).  The entry point in the visited network is either an I-CSCF to hide the visited network configuration or directly to the S-CSCF in the visited network.

If the analysis of the destination address determines that it belongs to a subscriber of the same operator, the S-CSCF passes the request to a local I-CSCF, who queries the HSS for current location information.  The I-CSCF then forwards the request to the S-CSCF (if located in the home area, or roaming with home control – procedure S-S#3) or, for roaming with visited network control,  to the address given during registration by the visited network (procedure (S-S#4).  The entry point in the visited network is either an I-CSCF to hide the visited network configuration or directly to the S-CSCF in the visited network.

(S-S#1) Different network operators performing origination and termination, with home control of termination.

The Serving-CSCF handling call origination performs an analysis of the destination address, and determines that it belongs to a subscriber of a different operator.  The request is therefore forwarded (optionally through an I-CSCF within the originating operator’s network) to a well-known entry point in the destination operator’s network, the I-CSCF.  The I-CSCF queries the HSS for current location information, and finds the subscriber either located in the home service area, or roaming with home control.  The I-CSCF therefore forwards the request to the S-CSCF serving the destination subscriber.

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#1 is therefore a visited network, and S-CSCF#1 is located in the home network. 

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

PSTN-O
PSTN origination.  The “Originating Network” of S-S#1 is the home network.  The elements labeled UE#1 and S-CSCF#1 are combined into the single MGCF of the PSTN-O procedure.

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

MT#1
Mobile termination, roaming, home control of services.  The “Terminating Network” of S-S#1 is a visited network.

MT#3
Mobile termination, located in home service area.  The “Terminating Network” of S-S#1 is the home network.

PSTN-T
PSTN termination.  The “Terminating Network” of S-S#1 is the home network.  The elements labeled S-CSCF#2 and UE#2 are combined into the single MGCF of the PSTN-T procedure.

[image: image1.wmf](6) INVITE

S-CSCF#1

I-CSCF#2

(Firewall)

S-CSCF#2

(13) 200 OK

(14a) 200 OK

(3a) INVITE

HSS#2

(4) Cx-Location Query

(5) Cx-Response

(1) INVITE

(8) INVITE

(16) 200 OK

(11) 200 OK

Originating Network

Terminating Network

Home Network

I-CSCF#1

(Firewall)

(3b1) INVITE

(3b2) INVITE

(14b1) 200 OK

(14b2) 200 OK

(9) Bearer Establishment

(10) Alert/Session Offering

(2) Service Control

(7) Service Control

(12) Service Control

(15) Service Control


Procedure S-S#1 is as follows:

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

   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: 147

 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, and determines the network operator to whom the subscriber belongs.  For S-S#1, flow (2) is an inter-operator message to the I-CSCF entry point for the terminating subscriber.  If the originating operator desires to keep their internal configuration hidden, then S-CSCF#1 forwards the INVITE request through an I-CSCF (choice (b)); otherwise S-CSCF#1 forwards the INVITE request directly to I-CSCF#2, the well-known entry point into the terminating subscriber’s network (choice (a)).

(3a)
If the originating network operator does not desire to keep their network configuration hidden, the INVITE request is sent directly to I-CSCF#2.

   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: 147

 SDP material in this Body section.

(3b)
If the originating network operator desires to keep their network configuration hidden, the INVITE request is forwarded through an I-CSCF in the originating operator’s network, I-CSCF#1.

(3b1)
The INVITE request is sent from S-CSCF#1 to I-CSCF#1

   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: 147

 SDP material in this Body section.

(3b2)
I-CSCF#1 performs the configuration-hiding modifications to the request and

 forwards it to I-CSCF#2

   INVITE <Called-Party-Identifier> SIP/2.0

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

   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: 147

 SDP material in this Body section.

4.
I-CSCF (at the border of the terminating subscriber’s network) queries the HSS for current location information.

     5.
HSS responds with the address of the current Serving-CSCF for the terminating subscriber.

6.
I-CSCF forwards the INVITE request to the S-CSCF that will handle the call termination.

Assuming that we have received message 3b2 at I-CSCF#2:

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP i-cscf#2.network#2.com

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

   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: 147

 SDP material in this Body section.

7.
S-CSCF#2 performs whatever service control logic is appropriate for this call attempt

8.
The sequence continues with the message flows determined by the termination procedure.

Assuming that we have received message 3b2 at I-CSCF#2:

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf#2.network#2.com

   Via: SIP/2.0/UDP i-cscf#2.network#2.com

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

   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: 147

 SDP material in this Body section.

9.
Bearer path authorization and establishment, which will require additional SIP messages to carry the bearer information of the called party back to the calling party

10. The alerting phase, if required, which may require additional SIP messages to carry the indication from the called party back to the calling party

11. The SIP final response, 200-OK, is passed back to UE#1 over the signaling path.  This is typically generated by UE#2 when the subscriber has accepted the incoming call attempt.

Assuming that we have received message 3b2 at I-CSCF#2:

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP s-cscf#2.network#2.com

   Via: SIP/2.0/UDP i-cscf#2.network#2.com

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

   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: 147

 SDP material in this Body section.

12.
S-CSCF#2 performs whatever service control logic is appropriate for this call completion

13.
The 200-OK is passed to the I-CSCF#2.

Assuming that we have received message 3b2 at I-CSCF#2:

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP i-cscf#2.network#2.com

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

   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: 147

 SDP material in this Body section.

14.
The 200-OK is passed to the S-CSCF#1 using the optional I-CSCF#1 if required.

Assuming that we have received message 3b2 at I-CSCF#2:

14b1)

   SIP/2.0  200 OK

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

   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: 147

 SDP material in this Body section.

14b2)

   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: <Calling-Party-Identifier> 

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

15.
S-CSCF#1 performs whatever service control logic is appropriate for this call completion

16. The 200-OK is returned to the originating network.

Assuming that we have received message 3b2 at I-CSCF#2:

   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: <Calling-Party-Identifier> 

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

NOTE:  There are ACK messages that need to be shown for the completion of this picture.

(S-S#2) Different network operators performing origination and termination, visited network control of termination.

The Serving-CSCF handling call origination performs an analysis of the destination address, and determines that it belongs to a subscriber of a different operator.  The request is therefore forwarded (optionally through an I-CSCF within the originating operator’s network) to a well-known entry point in the destination operator’s network, the I-CSCF.  The I-CSCF queries the HSS for current location information, and finds the subscriber is roaming with visited network control.  The I-CSCF therefore forwards the request to the entry point provided by the visited network during registration.  If the visited network did not want to hide their internal configuration, then this entry point was the S-CSCF serving the destination subscriber; otherwise it is an I-CSCF within the visited network.

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#2 is therefore a visited network, and S-CSCF#1 is located in the home network. 

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

PSTN-O
PSTN origination.  The “Originating Network” of S-S#2 is the home network.  The element S-CSCF#1 is the MGCF of the PSTN-O procedure.

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

MT#2
Mobile termination, roaming, with visited control of services.  

PSTN-T
PSTN termination. The element labeled S-CSCF#2 is the MGCF of the PSTN-T procedure.  This only occurs if there is an agreement between the network operators for termination of PSTN calls in the visited network.
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Procedure S-S#2 is as follows:

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

   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: 147

 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, and determines the network operator to whom the subscriber belongs.  In this case it determines the destination subscriber belongs to a different network operator.  Flow (2) is an inter-operator message to the I-CSCF entry point for the terminating subscriber. If the originating operator desires to keep their internal configuration hidden, then S-CSCF#1 forwards the INVITE request through an I-CSCF (choice (b)); otherwise S-CSCF#1 forwards the INVITE request directly to I-CSCF#2, the well-known entry point into the terminating subscriber’s network (choice (a)).

(3a)
If the originating network operator does not desire to keep their network configuration hidden, the INVITE request is sent directly to I-CSCF#2.

   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: 147

 SDP material in this Body section.

(3b)
If the originating network operator desires to keep their network configuration hidden, the INVITE request is forwarded through I-CSCF#1 in the originating operator’s network.

(3b1)
The INVITE request is sent from S-CSCF#1 to I-CSCF#1

   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: 147

 SDP material in this Body section.

(3b2)
I-CSCF#1 performs the configuration-hiding modifications to the request and


forwards it to I-CSCF#2

   INVITE <Called-Party-Identifier> SIP/2.0

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

   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: 147

 SDP material in this Body section.

4.
I-CSCF#2 queries the HSS for current location information.

5.
HSS responds with the address of the current Serving-CSCF for the terminating subscriber.

6.
I-CSCF#2 forwards the INVITE request to the entry point whose address was provided during registration.  This entry point is either the S-CSCF that is serving the visiting UE (choice (a)), or an I-CSCF within the visited network that is performing the configuration hiding function for the visited network operator (choice (b)).

(6a)
If the visited network operator does not desire to keep their network configuration hidden, the name/address of the S-CSCF was provided during registration, and the INVITE request is forwarded directly to S-CSCF#2.

 Assuming that 3b2 was received at I-CSCF#2

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP i-cscf#2.network#2.com

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

   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: 147

 SDP material in this Body section.

(6b)
If the visited network operator desires to keep their network configuration hidden, the name/address of an I-CSCF in the visited network was provided during registration, I-CSCF#3, and the INVITE request is forwarded through I-CSCF#3 to S-CSCF#2.

(6b1)
I-CSCF#2 forwards the INVITE request to I-CSCF#3

Assuming that 3b2 was received at I-CSCF#2

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP i-cscf#2.network#2.com

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

   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: 147

 SDP material in this Body section.

(6b2)
I-CSCF#3 forwards the INVITE request to S-CSCF#2

Assuming that 3b2 was received at I-CSCF#2

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP i-cscf#3.network#3.com

   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: 147

 SDP material in this Body section.

7.
S-CSCF#2 performs whatever service control logic is appropriate for the call attempt.

8.
The sequence continues with the message flows determined by the termination procedure.

Assuming that 3b2 was received at I-CSCF#2

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf#3.network#3.com

   Via: SIP/2.0/UDP i-cscf#3.network#3.com

   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: 147

 SDP material in this Body section.

9.
The originating and terminating UE cooperatively establish the bearer path for the media flow.

10.
The called UE may optionally perform alerting.  If so, it signals this to the calling party.

11.
When the called party answers, the termination procedure results in a SIP 200-OK final response being sent to S-CSCF#2

Assuming that 3b2 was received at I-CSCF#2 and 6b2 at S-CSCF#3

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP s-cscf#3.network#3.com

   Via: SIP/2.0/UDP i-cscf#3.network#3.com

   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: 147

 SDP material in this Body section.

12.
S-CSCF#2 performs whatever service control logic is appropriate for the call completion.

13.
S-CSCF#2 sends the SIP 200-OK final response along the signaling path back to the call originator.  Based on the choice made in (5) above, this response may either be sent directly from S-CSCF#2 to I-CSCF#2 (choice (a)), or be sent indirectly through I-CSCF#3 (Firewall) (choice (b)).

Assuming that 3b2 was received at I-CSCF#2 and 6b2 at S-CSCF#3

13b1)

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP i-cscf#3.network#3.com

   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: 147

 SDP material in this Body section.

13b2)

Assuming that 3b2 was received at I-CSCF#2 and 6b2 at S-CSCF#3

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP i-cscf#2.network#2.com

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

   From: <Calling-Party-Identifier>

   To: <Called-Party-Identifier>

   Call-ID: 12345600@Calling-Party.host

   CSeq: 1 INVITE

   Contact: <Calling-Party-Identifier> ----is this needed?

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

14. I-CSCF#2 sends the SIP 200-OK final response along the signaling path back to the call originator.  Based on the choice made in (2) above, this response may either be sent directly from I-CSCF#2 to S-CSCF#1 (choice (a)), or be sent indirectly through I-CSCF#1 (Firewall) (choice (b)).

Assuming that 3b2 was received at I-CSCF#2 and 6b2 at S-CSCF#3

14b1)

   SIP/2.0  200 OK

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

   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: 147

 SDP material in this Body section.

14b2)

   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: <Calling-Party-Identifier>

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

15.
S-CSCF#1 performs whatever service control logic is appropriate for the call completion.

16.
S-CSCF#1 continues by the procedures of the originating flow

   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: <Calling-Party-Identifier> 

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

NOTE: That the figure from 23.228 does not show ACKs and these messages need to be added into this section.

(S-S#3) Single network operator performing origination and termination, with home control of termination.

The Serving-CSCF handling call origination performs an analysis of the destination address, and determines that it belongs to a subscriber of the same operator.  The request is therefore forwarded to a local I-CSCF.  The I-CSCF queries the HSS for current location information, and finds the subscriber either located in the home service area, or roaming with home control.  The I-CSCF therefore forwards the request to the S-CSCF serving the destination subscriber.

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#3 is therefore a visited network, and S-CSCF#1 is located in the home network. 

MO#2
Mobile origination, roaming, with visited control of services.  The “Originating Network” of S-S#3 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#3 is therefore the home network, and S-CSCF#1 is also located in the home network.

PSTN-O
PSTN origination.  The “Originating Network” of S-S#3 is the home network.  The elements labeled UE#1 and hS-CSCF#1 are combined into the single MGCF of the PSTN-O procedure.

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

MT#1
Mobile termination, roaming, home control of services.  The “Terminating Network” of S-S#3 is a visited network.

MT#3
Mobile termination, located in home service area.  The “Terminating Network” of S-S#3 is the home network.

PSTN-T
PSTN termination.  The “Terminating Network” of S-S#3 is the home network.  The elements labeled S-CSCF#2 and UE#2 are combined into the single MGCF of the PSTN-T procedure.
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Procedure S-S#3 is as follows:

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

   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: 147

 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, and determines the network operator to whom the subscriber belongs.  Since it is local, the request is passed to a local I-CSCF.

   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: 147

 SDP material in this Body section.

4.
I-CSCF queries the HSS for current location information.

5.
HSS responds with the address of the current Serving-CSCF for the terminating subscriber.

6.
I-CSCF forwards the INVITE request to the S-CSCF that will handle the call termination.

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP i-cscf.network#2.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: 147

 SDP material in this Body section.

7.
S-CSCF#2 performs whatever service control logic is appropriate for this call attempt

8.
The sequence continues with the message flows determined by the termination procedure.

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf#2.network#2.com

   Via: SIP/2.0/UDP i-cscf.network#2.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: 147

 SDP material in this Body section.

9.
Bearer path authorization and establishment, which will require additional SIP messages to carry the bearer information of the called party back to the calling party

10.
The alerting phase, if required, which may require additional SIP messages to carry the indication from the called party back to the calling party

11.
The SIP final response, 200-OK, is passed back to UE#1 over the signaling path.  This is typically generated by UE#2 when the subscriber has accepted the incoming call attempt.

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP s-cscf#2.network#2.com

   Via: SIP/2.0/UDP i-cscf.network#2.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: 147

 SDP material in this Body section.

12.
S-CSCF#2 performs whatever service control logic is appropriate for this call completion

13.
The 200-OK is passed to the I-CSCF

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP i-cscf.network#2.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: 147

 SDP material in this Body section.

14.
The 200-OK is passed to the S-CSCF#
1

   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: <Calling-Party-Identifier> 

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

15.
S-CSCF#1 performs whatever service control logic is appropriate for this call completion

16.
The 200-OK is passed to the Originating Network

   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: <Calling-Party-Identifier> 

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

NOTE: That the figure from 23.228 does not show ACKs and these messages need to be added into this section.

(S-S#4) Call origination and termination are served by the same operator, termination is done by visited network control.

The Serving-CSCF handling call origination performs an analysis of the destination address, and determines that it belongs to a subscriber of the same operator.  The request is therefore forwarded to a local I-CSCF.  The I-CSCF queries the HSS for current location information, and finds the subscriber is roaming with visited network control.  The I-CSCF therefore forwards the request to the entry point provided by the visited network during registration.  If the visited network did not want to hide their internal configuration, then this entry point was the S-CSCF serving the destination subscriber; otherwise it is an I-CSCF within the visited network.

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#4 is therefore a visited network, and S-CSCF#1 is located in the home network. 

MO#2
Mobile origination, roaming, with visited control of services.  The “Originating Network” of S-S#4 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#4 is therefore the home network, and S-CSCF#1 is also located in the home network.

PSTN-O
PSTN origination.  The “Originating Network” of S-S#4 is the home network.  The element S-CSCF#1 is the MGCF of the PSTN-O procedure.

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

MT#2
Mobile termination, roaming, with visited control of services.  

PSTN-T
PSTN termination. The element labeled S-CSCF#2 is the MGCF of the PSTN-T procedure.  This only occurs if there is an agreement between the network operators for termination of PSTN calls in the visited network.
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Procedure S-S#4 is as follows:

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

   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: 147

 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, and determines the network operator to whom the subscriber belongs.  Since it is local, the request is passed to a local I-CSCF, I-CSCF#1.

   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: 147

 SDP material in this Body section.

4.
I-CSCF#1 queries the HSS for current location information.

5.
HSS responds with the address of the current Serving-CSCF for the terminating subscriber.

6.
I-CSCF#1 forwards the INVITE request to the entry point whose address was provided during registration. This entry point is either the S-CSCF that is serving the visiting UE (choice (a)), or an I-CSCF within the visited network that is performing the configuration hiding function for the visited network operator (choice (b)).

(6a)
If the visited network operator does not desire to keep their network configuration hidden, the name/address of S-CSCF#2 was provided during registration, and the INVITE request is forwarded directly to S-CSCF#2.

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP i-cscf#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: 147

 SDP material in this Body section.

(6b)
If the visited network operator desires to keep their network configuration hidden, the name/address of an I-CSCF in the visited network was provided during registration, and the INVITE request is forwarded through I-CSCF#2 (Firewall) to S-CSCF#2.

(6b1)
I-CSCF#1 forwards the INVITE request to I-CSCF#2 (Firewall)

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP i-cscf#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: 147

 SDP material in this Body section.

            (6b2)
I-CSCF#2 (Firewall) forwards the INVITE request to S-CSCF#2

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP i-cscf#2.network#2.com

   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: 147

 SDP material in this Body section.

7.
S-CSCF#2 performs whatever service control is appropriate for this call attempt

8.
S-CSCF#2 continues processing the call attempt using the terminating procedures.

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf#2.network#2.com

   Via: SIP/2.0/UDP i-cscf#2.network#2.com

   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: 147

 SDP material in this Body section.

9.
The originating and terminating UE cooperatively establish the bearer path for the media flow.

10.
The called UE may optionally perform alerting.  If so, it signals this to the calling party.

11.
When the called party answers, the termination procedure results in a SIP 200-OK final response being sent to S-CSCF#2

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP s-cscf#2.network#2.com

   Via: SIP/2.0/UDP i-cscf#2.network#2.com

   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: 147

 SDP material in this Body section.

12.
S-CSCF#2 performs whatever service control is appropriate for this call completion

13.
S-CSCF#2 sends the SIP 200-OK final response along the signaling path back to the call originator.  Based on the choice made in (6) above, this response may either be sent directly from S-CSCF#2 to I-CSCF#1 (choice (a)), or be sent indirectly through I-CSCF#2 (Firewall) (choice (b)).

13 b1) 

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP i-cscf#2.network#2.com

   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: 147

 SDP material in this Body section.

13b2)

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP i-cscf#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: 147

 SDP material in this Body section.

14.
I-CSCF#1 sends a SIP 200-OK final response along the signaling path back to S-CSCF#1

   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: <Calling-Party-Identifier>

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

15.
S-CSCF#1 performs whatever service control is appropriate for this call completion

16.
S-CSCF#1 continues by the procedures of the originating flow

   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: <Calling-Party-Identifier>

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

Proposal

It is proposed that these flows be used as material for an Annex in 24.228.
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