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1 Introduction

Annex B.4, created by S2-001636r2, contained a list of the call flow procedures to be defined in future contributions.  This contribution contains the updates needed for section B.4.4, PSTN Termination, and an end-to-end example of its use to be included in Annex C.

There are several architectural principles that are assumed in the generation of this call flow.

Interface to MGCF is SIP, and that MGCF is architecturally similar to a S-CSCF.

The Reference Architecture for Release 2000, Figure 5-1 in 23.821-100, shows one interface between the CSCF and MGCF (Mg), a different interface between two CSCFs (Mw), and a third interface between the UE and CSCF (Gm).  However, there is no reason for these interfaces to be significantly different, and all should be based on SIP.  

In SIP terminology, the UE and MGCF are both “User Agents”, while the CSCF is a “Proxy.”  While the precise behavior of a Proxy is different than a UA in some cases, the UA/Proxy does not need to know whether the entity receiving its SIP messages is a UA or another Proxy.  SIP behavior as given in RFC2543 follows this principle.  It is therefore reasonable to consider the MGCF to be architecturally similar to a S-CSCF, and to allow a MGCF to fit into the inter-server call flow procedures in place of a S-CSCF.

Showing T-SGW in diagram.

The Reference Architecture for Release 2000, Figure 5-1 in 23.821-100, shows a separate signaling gateway between the MGCF and the PSTN SS7 network.  Since the messages between the MGCF and T-SGW are not SS7 messages, but are rather ISUP-over-IP, they should be shown in the stage 2 descriptions.

I-CSCF allocation of MGCF

Allocation of the proper MGCF for completing the call is a function that is very similar to the registration-time allocation of a S-CSCF, e.g. allocation based on current load at the MGCF, and based on capabilities of the MGCF (such as trunk attachment points).  It is therefore reasonable to have the I-CSCF allocate the proper MGCF for call completion.  The S-CSCF therefore forwards the INVITE request to an I-CSCF, who performs this allocation, then forwards the INVITE request to the chosen MGCF, in the same way it forwards the REGISTER request to the chosen S-CSCF.

Proposed addition to Annex C – End-to-end call flow example

It is proposed that the following text be included in 23.228, in a new subsection of Annex C.

C.x
Sample end-end Call Flow - Mobile Origination, PSTN Termination in same network

For this end-to-end call flow, we assume the originator is a mobile station located within the service area of the network operator to whom the mobile station is subscribed.  The calling party has already established the proper PDP contexts for exchange of SIP signaling messages, has performed the proxy discovery procedures described in section 5.2.1, and has registered in the IM subsystem. As a result of registering, an S-CSCF has been chosen in the home network.

The UE originating the call addresses a destination that is a 3GPP endpoint, but who is currently roaming in a 2G service area. Therefore, the call must be completed through a Media Gateway.  This MGW (and T-SGW) is either directly connected to a GMSC, or connected to the PSTN (which will route the call to a GMSC); this call flow diagram assumes the latter.  

The network operator serving this subscriber either decides to use a local PSTN gateway, or does not have agreements with other network operators for optimal gateway selection.

C.x.1 Call Flow Diagram
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Step-by-step processing of this end-to-end call flow is as follows:

(1) The UE sends a SIP INVITE request to the P-CSCF, which was obtained from the CSCF discovery procedures.

(2) The P-CSCF forwards the INVITE to the next hop name/address, as determined from the registration procedures.  In this case the next hop is the S-CSCF within the same operator’s network.

(3) The S-CSCF performs whatever service control logic is appropriate for this call attempt.

(4) The S-CSCF translates the destination address and determines the call will be completed within the home operator’s network.  It therefore forwards the INVITE to an I-CSCF.

(5) The I-CSCF sends ‘Cx-location-query’ to the HSS to obtain the location information for the destination

(6) The HSS responds with ‘Cx-location-query-response’ and indicates the destination is not currently registered in the 3G IM subsystem, and therefore the call should be completed via a 2G GMSC.

(7) The I-CSCF decides to use an MGW in the home network, allocates a MGCF, and sends the INVITE request to the MGCF

(8) The MGCF, MG, and UE all cooperatively establish the bearer path for the media flow.

(9) MGCF sends an IP-IAM message to the T-SGW

(10) T-SGW receives the IP-IAM and sends the SS7 IAM message into the PSTN.

(11) When the PSTN has established the path to the destination, it responds with an SS7 ACM message

(12) T-SGW sends an IP-ACM message to MGCF

(13) MGCF and UE cooperatively perform the alerting function

(14) When the called party answers, the PSTN sends an SS7 ANM message to T-SGW

(15) T-SGW sends an IP-ANM message to MGCF

(16) MGCF sends a SIP 200-OK final response along the signaling path back to the call originator

(17) I-CSCF sends a SIP 200-OK final response along the signaling path back to the call originator

(18) S-CSCF performs whatever service control logic is appropriate for this call completion

(19) S-CSCF sends a SIP 200-OK final response along the signaling path back to the call originator

(20) P-CSCF sends a SIP 200-OK final response along the signaling path back to the call originator

(21) UE responds to the final response with a SIP ACK message.

C.x.2 Call Flow Decomposition into Procedure Blocks

The end-to-end call flow given in the previous section can be decomposed into an originating part, an inter-serving part, and a terminating part. 

The originating part is for a mobile origination, with subscriber located in the home operator service area.  This procedure is given in Annex B.3.3,  (MO#3) Mobile origination, located in home network.

The inter-serving part is for a single operator, where the called party is located within the operator’s service area.  This procedure is given in Annex B.2.3,  (S-S#3) Single network operator performing origination and termination, with home control of termination.

The terminating part is for PSTN termination.  This procedure is given in Annex B.4.4,  (PSTN-T) PSTN Termination.

The following diagram illustrates this decomposition, showing how the three separate procedures fit together to produce an end-to-end call flow.
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C.x.3 Issues

List to be completed

-------------------------------- end of text to be inserted in Annex C ------------------------------------------

Proposed update to Annex B.4.4

It is proposed that the following text be included in 23.228, Annex B.4.4.

B.4.4

(PSTN-T) PSTN termination (where the S-CSCF is a MGCF)

The MGCF in the IM subsystem is a SIP endpoint that initiates and receives requests on behalf of the PSTN and Media Gateway (MGW).  It therefore acts as a combination of S-CSCF and UE, and fits into the inter-serving call flow procedures as an 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.

(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

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

-------------------------------- end of text to be inserted in Annex B ------------------------------------------

