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Overview

The call flows discussed in this contributions are adapted from 23.228.  Specifically, this contribution address the calls flows that are related to Call Terminations.  Call Terminations can be broken down into 4 scenarios, such as:

(T#1) Mobile termination, roaming, with home control of services

(MT#2) Mobile termination, roaming, with visited network control of services

(MT#3) Mobile termination, located in home network

(PSTN-T) PSTN termination

Each of these call flows are shown in this document.  All SIP signalling messages have been shown with deatiled SIP messages. Some issues and points for consideration have also been identified.  

(MT#1) Mobile termination, roaming, with home control of services

This termination procedure applies to roaming subscribers under home control.  The UE is located in a visited network, and determines the P-CSCF via the CSCF discovery procedure.  During registration, the home network decides to exercise home control of calls to/from this UE, and therefore allocates a S-CSCF in the home network.  The home network advertises either the S-CSCF, or an I-CSCF firewall, as the entry point from the visited network.

When registration is complete, S-CSCF knows the name/address of its next hop in the signaling path, either I-CSCF or P-CSCF, I-CSCF (if it exists) knows the name/address of P-CSCF, and P-CSCF knows the name/address of the UE.  The mechanism by which this information is stored is for further study.
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Procedure MT#1 is as follows:

1. The calling party sends the SIP INVITE request, via one of the origination procedures, and via one of the Inter-Serving procedures, to the Serving-CSCF for the terminating subscriber.

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP i-cscf.home.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.

2.
S-CSCF performs any termination service control required by this subscriber

3.
S-CSCF remembers (from the registration procedure) the next hop CSCF for this UE.  It forwards the INVITE to the P-CSCF in the visited network, possibly through an I-CSCF.

3a) 

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf.home.com

   Via: SIP/2.0/UDP i-cscf.home.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.

3This next hop is either the P-CSCF that is serving the visiting UE (choice (a)), or an I-CSCF within the home network that is performing the configuration hiding function for the home network operator (choice (b)).

(3a)
If the home network operator does not desire to keep their network configuration hidden, the INVITE request is forwarded directly to the P-CSCF.

(3b)
If the home network operator desires to keep their network configuration hidden, the INVITE request is forwarded through an I-CSCF to the P-CSCF.

(3b1)
S-CSCF forwards the INVITE request to I-CSCF

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf.home.com

   Via: SIP/2.0/UDP i-cscf.home.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 forwards the INVITE request to P-CSCF

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP i-cscf-firewall.home.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.
P-CSCF remembers (from the registration procedure) the UE address, and forwards the INVITE to the UE. 

Assuming 3a) coming in to P-CSCF AND that the P-CSCF removes the Via header

   INVITE <Called-Party-Identifier> SIP/2.0

   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.

5.
UE cooperatively with the call originator, establishes the bearer path for the media flow.

6.
UE may alert the user and wait for an indication from the user before completing the call.  If so, it indicates this to the calling party through the alerting procedure.

7. When the called party answers, the UE sends a SIP 200-OK final response to P-CSCF

Assuming 3a) coming in to P-CSCF AND that the P-CSCF DOES NOT remove the Via headers:

   SIP/2.0 200 OK

   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.

8.
P-CSCF sends a SIP 200-OK final response along the signaling path back to the S-CSCF
Based on the choice made in (3) above, this response may either be sent directly from P-CSCF to S-CSCF (choice (a)), or be sent indirectly through the I-CSCF firewall (choice (b)).

8a)

Assuming 3a) coming in to P-CSCF AND that the P-CSCF DOES NOT remove the Via headers:

   SIP/2.0 200 OK

   Via: SIP/2.0/UDP s-cscf.home.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.

8b1) 

Assuming 3b2) coming in to P-CSCF 

   SIP/2.0 200 OK

   Via: SIP/2.0/UDP i-cscf.home.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.

8b2)

Assuming 3b2) coming in to P-CSCF

   SIP/2.0 200 OK

   Via: SIP/2.0/UDP s-cscf.home.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

9.
S-CSCF performs whatever service control is required for the call completion

10.
S-CSCF forwards the SIP 200-OK final response along the signaling path back to the call originator.

   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

11-13. The calling party responds to the 200-OK final response with a SIP ACK message which is forwarded via the S-CSCF and the P-CSCF.

11.

   ACK <Called-Party-Identifier>

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

   From: <Calling-Party-Identifier>

   To: <Called-Party-Identifier>

   Call-ID: 12345601@Calling-Party.host

   Contact: <Calling-Party-Identifier>

   Content-Type: application/sdp

   CSeq: 1 ACK

   Content-Length: XXX

   SDP Material

12.

   ACK <Called-Party-Identifier>

   Via: SIP/2.0/UDP s-cscf.home.com

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

   From: <Calling-Party-Identifier>

   To: <Called-Party-Identifier>

   Call-ID: 12345601@Calling-Party.host

   Contact: <Calling-Party-Identifier>

   Content-Type: application/sdp

   CSeq: 1 ACK

   Content-Length: XXX

   SDP Material

13.

Note here that there are no Via headers.  This is because the P-CSCF strips this header before the message is sent to the UE.

   ACK <Called-Party-Identifier>

   From: <Calling-Party-Identifier>

   To: <Called-Party-Identifier>

   Call-ID: 12345601@Calling-Party.host

   Contact: <Calling-Party-Identifier>

   Content-Type: application/sdp

   CSeq: 1 ACK

   Content-Length: XXX

   SDP Material

B.4.2
(MT#2) Mobile termination, roaming, with visited network control of services

This termination procedure applies to roaming subscribers, under visited network control.

The UE is located in a visited network, and determines the P-CSCF via the CSCF discovery procedure described in section 5.2.1.  During registration, the home network decided to accept an offer of visited network control of calls by/to this UE, and therefore the visited network allocates the S-CSCF.

When registration is complete, S-CSCF knows the name/address of P-CSCF, and P-CSCF knows the name/address of the UE.  The mechanism by which this information is stored is for further study.
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Procedure MT#2 is as follows:

1.
The caller sends the SIP INVITE request, via one of the origination procedures, and via one of the Inter-Serving CSCF procedures, to the Serving-CSCF for the terminating subscriber.

   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 performs any termination service control required by this subscriber

3.
S-CSCF remembers (from the registration procedure) the next hop CSCF for this UE.  It forwards the INVITE to the P-CSCF in the visited network.

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf.visited.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.
P-CSCF remembers (from the registration procedure) the UE address, and forwards the INVITE to the UE.    Note that the there are no Via headers in this message and this is because the P-CSCF strips this header before sending this message to the UE.

   INVITE <Called-Party-Identifier> SIP/2.0

   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.

5.
UE, cooperatively with the call originator, establishes the bearer path for the media flow.

6.
UE may alert the user and wait for an indication from the user before completing the call.  If so, it indicates this to the calling party through the alerting procedure.      

7.
When the called party answers, UE sends a SIP 200-OK final response to P-CSCF.

   SIP/2.0 200 OK

   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.

8.
P-CSCF sends a SIP 200-OK final response along the signaling path to S-CSCF.

   SIP/2.0 200 OK

   Via: SIP/2.0/UDP s-cscf.visited.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.

ISSUE;  Does the P-CSCF remove the Via header here.  If so then the Via header should be removed and then the messgae going to the UE would be shorter.

9.
S-CSCF performs whatever service control is required for the call completion

10.
S-CSCF forwards the SIP 200-OK final response along the signaling path back to the call originator

   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.

ISSUE;  Does the P-CSCF remove the Via header here.  If so then the Via header should be removed and then the messgae going to the UE would be shorter.

11-13. The calling party responds to the 200-OK final response with a SIP ACK message which is forwarded via the S-CSCF and the P-CSCF.

11.

   ACK <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: 12345601@Calling-Party.host

   CSeq: 1 ACK

   Contact: <Calling-Party-Identifier> 

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

12.

   ACK <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf.visited.com

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

   From: <Calling-Party-Identifier>

   To: <Called-Party-Identifier>

   Call-ID: 12345601@Calling-Party.host

   CSeq: 1 ACK

   Contact: <Calling-Party-Identifier>

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

13.

   ACK <Called-Party-Identifier> SIP/2.0

   From: <Calling-Party-Identifier>

   To: <Called-Party-Identifier>

   Call-ID: 12345601@Calling-Party.host

   CSeq: 1 ACK

   Contact: <Calling-Party-Identifier>

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

B.4.3
(MT#3) Mobile termination, located in home network

This termination procedure applies to subscribers located in their home service area.

The UE is located in the home network, and determines the hP-CSCF via the CSCF discovery procedures described in section 5.2.1.  During registration, the home network allocates a S-CSCF in the home network, hS-CSCF.

When registration is complete, hS-CSCF knows the name/address of hP-CSCF, and hP-CSCF knows the name/address of the UE.
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Procedure MT#3 is as follows:

(1) UE#1 sends the SIP INVITE request, via one of the origination procedures, and via one of the Serving-Serving CSCF procedures, to the Serving-CSCF for the terminating subscriber.

   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 performs any termination service control required by this subscriber

(3) S-CSCF remembers (from the registration procedure) the next hop CSCF for this UE.  It forwards the INVITE to the P-CSCF in the home network.

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf.home.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) P-CSCF remembers (from the registration procedure) the UE address, and forwards the INVITE to the UE.   Note that P-CSCF strips the Via headers.

   INVITE <Called-Party-Identifier> SIP/2.0

   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.

ISSUE: IF P-CSCF removes the Via header then there should be no Via header in this message or the 200 OK that follows.

(5) UE#2 establishes the bearer path for this call

(6) UE#2 alerts the user

(7) UE#2 generates the SIP final response, 200-OK, when the subscriber accepts the incoming call.

   SIP/2.0  200 OK

   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.

(8) P-CSCF forwards the 200-OK to S-CSCF, following the path of the INVITE request in step (3) above

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP s-cscf.home.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) S-CSCF performs any service control required on call completion.

(10) S-CSCF forwards the 200-OK final response, as per the appropriate S-S procedure.

   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.

11-13. The call originator responds to the 200-OK by sending the ACK message to UE#2 via the S-CSCF and the P-CSCF.

11.

   ACK <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: 12345601@Calling-Party.host

   CSeq: 1 ACK

   Contact: <Calling-Party-Identifier>

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section

12.

   ACK <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf.home.com

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

   From: <Calling-Party-Identifier>

   To: <Called-Party-Identifier>

   Call-ID: 12345601@Calling-Party.host

   CSeq: 1 ACK

   Contact: <Calling-Party-Identifier>

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

13.

   ACK <Called-Party-Identifier> SIP/2.0

   From: <Calling-Party-Identifier>

   To: <Called-Party-Identifier>

   Call-ID: 12345601@Calling-Party.host

   CSeq: 1 ACK

   Contact: <Calling-Party-Identifier>

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

B.4.4

(PSTN-T) PSTN termination 

The MGCF in the IM subsystem is a SIP endpoint that initiates and receives requests on behalf of the PSTN and Media Gateway (MGW).Other nodes consider the signaling as if it came from a S-CSCF.  The MGCF incorporates the network security functionality of the S-CSCF.

PSTN termination may be done in the same operator’s network as the S-CSCF of the call originator, e.g. the visited network for visited network control or the home network for home network control.  Therefore, the location of the MGCF/MGW/T-SGW are given only as “Terminating Network” rather than “Home Network” or “Visited Network.”

Further, agreements between network operators may allow PSTN termination in a network other than the originator’s visited network or home network.  This may be done, for example, to avoid long distance or international tariffs.

This termination procedures can be used for any of the inter-serving procedures, in place of the S-CSCF.
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The PSTN termination procedure is as follows:

1. MGCF receives an INVITE request, through one of the origination procedures and via one of the inter-serving procedures.

   INVITE <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf.home.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.

2.
MGCF initiates the establishment of the bearer path between the calling party and the MGW

3.
MGCF sends an IP-IAM message to the T-SGW

4.
T-SGW receives the IP-IAM and sends the SS7 IAM message into the PSTN.

5.
The PSTN establishes the path to the destination.  It may optionally alert the destination user before completing the call.  If so, it responds with an SS7 ACM message

6.
If the PSTN is alerting the destination user, T-SGW sends an IP-ACM message to MGCF

7.
If the PSTN is alerting the destination user, MGCF and the calling party cooperatively perform the alerting function for the originating user.

8.
When the called party answers, the PSTN sends an SS7 ANM message to T-SGW

9.
T-SGW sends an IP-ANM message to MGCF

10. MGCF sends a SIP 200-OK final response along the signaling path back to the call originator

   SIP/2.0  200 OK

   Via: SIP/2.0/UDP s-cscf.home.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.

11.
The Calling party acknowledges the final response with a SIP ACK message

   ACK <Called-Party-Identifier> SIP/2.0

   Via: SIP/2.0/UDP s-cscf.home.com

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

   From: <Calling-Party-Identifier>

   To: <Called-Party-Identifier>

   Call-ID: 12345601@Calling-Party.host

   CSeq: 1 ACK

   Contact: <Calling-Party-Identifier>

   Content-Type: application/sdp

   Content-Length: 147

 SDP material in this Body section.

Issues

The P-CSCF does the stripping of headers, especially the Via headers.  In the case of Via headers from ACK messages, this headers can be stripped and discarded.  For INVITES and its responses this header can be stripped and then appended to the response coming from the UE.

Proposal

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