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Optimal PSTN routing Discussion:

The following paper describes envisioned deployment issues.  It is aimed at creating a dialog, and to identify applicable impacts, and identifies recourses needed in order to avoid these issues during deployment.

As we go forward in an All IP architecture several Voice quality issues, and delivery issues arise as well as user costs and usage.

The case in point is when a roaming subscriber (3GPP R00) roams into a visited network (3GPP R00).  The critical issue is a call placed from the landline (PSTN) in the vicinity of the visited system.  A simple analysis will show a call routing and voice routing from the landline to the home system, and then back to the visited system (See Figure 1).

Voice quality is an issue1.  The application of the voice to packet domain, either in the home system or the visited system needs to be addressed.  There are issues of operator cost, applicable tariffs and regulations in place at state, federal and international levels that impact the choice.  In essence both need to be supported.  Ideally there will be mechanism in place to signal regulatory environment from the visited network to the home network, such that optimal PSTN routing can occur.

The quality issue has to due with the tandem coding and distance traveled for what should be a very short distance call.  In the case of a call in Toronto to a roaming Vancouver Subscriber, it would travel 8000 Km. The quality in these network may be outside the control of the servicing operator.   For example a call from the PSTN in Toronto to a roaming 3GPP R00 terminal from China in the Toronto serving area, would need to travel around the world and back in order to complete the call.  Reference 1 identifies several quality issues related to Packet Voice calls as they relate to delay introduced by the network.  One significant delay parameter is the distance the call must traverse in order to be completed.  One can see there are issues for supporting Roamers in large national network and for supporting  Roamers from international markets, and be able to provide the shortest transmission path between calling party (PTSN) and called party (3GPP R00)

Some operator’s have deployed Roamer Ports in 2-G networks (were regulatory authorities allow) in order to reduce the cost burden to calling party and called parties and increase the airtime for roamer for this scenario. (There is a thought that roamers would not receive incoming calls, due to the calling party fear of LD charges, and the called party fear of LD charges)  The roamer port allows the calling party (assume knowledge of called party location) to access the visited network, receive second dial tone in which to call the called party.  This also reduces the end to end distance to less than 100 Km. 

With the introduction of One-rate plans, the called party LD fears are reduced to basic flat rate fee.  The calling party still receives the burden of LD charges to place the call, and the potential voice quality issues remain.
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Figure 1 Land line call to Roaming 3GPP R00 terminal

Envisioned evolution of the user response to 3GPP R00 deployed networks:

· Demand for voice quality.

· Demand for a Roamer port (current definition related to severing switch), provides sub-optimal routing.

· Business cards that are only text based (email address for voice calling)

This will force calling party to place a modem calls (VoIP) from landline to user.  This will hopefully provide the optimal routing.  However it requires the calling party to have appropriate equipment necessary to complete the call.   This is potential negotiation problem for a codex, and therefore optimal routing may be achieved, optimal coding (quality) may not.  Calls can be made on corporate LAN, or on ISP.  Initial modem training login may not be an issue unless impromptu call.

· A universal “ Operator access code”(call 10-10-Rogers Wireless) followed by the user number, provides local point of present in market (the same as a Roamer port) however number of access points is larger than a typical roamer port configuration.  This provides optimal routing to all 3GPP R00 users whether IP or circuit switched based, and VoIP coding of the land line call, providing optimal call quality. (A modem or voice call from landline can be served using this arrangement, although modem-training etc leads to delay in call set up)

· Tariff, regulatory pressure hopeful will lead to landline introduction of enhanced IP based local exchanges, with 3GPP signaling to operators.   The goal would be (especially with LNP) that a data base is accessed first to determine the owner of the subscriber, and for routing information (Operator access port) (Return to Pivot) 

· ITU universal access number for wireless 

· Use of IMSI as dialable number (assumes PSTN provisioning)

· Universal Local number Portability (Globally)

Risks and further discussion.

· LD / LEC revenue sharing, universal service.

· Location of User (privacy issues) (Ping for example, may be used to locate user)

· Tariff changing which obsolete requirements

· LNP, support SS7 point codes and not IP addresses

· LNP does not support Point codes beyond serving area, i.e. a large Point code data base required.

· IP tax

· Voice quality improvements of over long distances

· QoS, and routing over public Internet.
As networks evolve internationally, so will the regulatory frame work.  To ensure forward compatibility, a mechanism must be included in 3GPP to allow appropriate invocation of optimal PSTN routing should visited networks support such a feature.
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