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Abstract
Internet Telephony, or IP Telephony, is a new communication carrying real-time voice using the Internet technology.  IP Telephony includes the interoperation between the public telecommunication network and the Internet.  Although the practical service of IP Telephony has already started, there are still some augments required for IP Telephony.  One of the expected augments is the addressing system applicable to IP Telephony.  The question central to the thesis is what is required for the addressing system for IP Telephony.
The possible connections of IP Telephony are identified into four classes.  From the classification of the connection and the present practical service, the underlying problems of the addressing system for IP Telephony, the general form of the address information, the routing to the Internet Telephony Service Provider (ITSP), the preparation of the mapping mechanism for address information and the management and employment of the databases, are extracted.  The possible solutions of each problem are discussed.  The addressing system for IP Telephony consists of the solutions of the underlying problems.  The axes for the evaluation of the addressing system for IP Telephony, the capacity of numbering space, the distance of access line in the telephone network, the coverage of potential users and the application of number portability, are introduced.


E.164 number should be used for IP Telephony in the interaction between the public telecommunication network and the Internet.  The most appropriate solutions include the assignment of global E.164 number, the open system approach to the mapping mechanism and the support for the one-stage dialing procedure without Carrier Access Code or the pre-subscription to a particular ITSP.  These solutions would bring large capacity of numbering space, make the access line in the telephone network as short as possible, avoid the complex arrangements for number portability and eliminated the case in which the path can not be set.
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Chapter One
Introduction

1.1
Introduction

Internet Telephony, or IP Telephony
, is a new communication carrying real-time voice using the Internet technology.  As the technology advances, the quality of IP Telephony has been improved and IP Telephony has been put into the practical service.  Although IP Telephony may be simply thought as a telephony service based on the Internet technology, it is not a mere alternative for the existing telephone service but should be recognized as a new enhanced communication by using the computer as a user terminal.  IP Telephony also includes the interoperation between Switched Circuit Network (SCN), which is the public telecommunication network, and the Internet.  Under such a recognition, Clark (1997) identifies the following three classes for applications of Internet Telephony.

· Class 1: Traditional international/long distance telephone service using Internet technology

· Class 2: Hybrid of traditional telephone service and computer based Internet Telephony

· Class 3: Totally Computer/Internet-based Internet Telephony

Although the practical service of IP Telephony has already started, there are still some augments required for IP Telephony.  One of the expected augments is the addressing system applicable to IP Telephony.  E.164 number is used in SCN while IP address is used in the Internet.  In order to enable the interconnection between SCN and the Internet, the addressing system for IP Telephony should provide the mechanism of mapping between E.164 numbers and IP addresses.  At this moment, the general mechanism for the mapping is not yet available.  From the administrative viewpoint, the new management scheme is required for the addressing system for IP Telephony to secure the consistency of the mapping data because the different bodies, the Telecommunication standardization sector of International Telecommunication Union (ITU-T) and the Internet Corporation for Assigned Names and Numbers (ICANN), manage these addressing systems respectively.  Besides, the Internet is growing as a global infrastructure and even the management schemes of the Internet domain names and IP addresses are still controversial.  Thus, it is considered as a difficult and complicated problem how to manage and maintain the addressing system for IP Telephony.  (Fryxell, Sirbu and Wanichkon, 1998)  The European Telecommunications Standards Institute (ETSI) and the Internet Engineering Task Force (IETF) have started the study on the addressing system for IP Telephony. 
1.2
Statement of the thesis

The question central to the thesis is what is required for the addressing system for IP Telephony.  Although the practical service of IP Telephony has started, it provides the service only in the specific connection using the proprietary scheme.  Because IP Telephony is expected to advance as an enhanced public communication based on a global infrastructure, it is desirable to secure the “any-to-any” communication in IP Telephony.  It should be examined whether the same addressing system could work for all possible connections of IP Telephony and whether a general addressing system is required for IP Telephony.  Besides, The addressing system is not only one of the essential technical factors to provide the service but also one of the keys for the competition in the telecommunication.  The number portability, which is the ability of end user in telecommunication service to retain the same number or address, is considered as the measure to make it easier for a user to change the service and to encourage the market competition in telecommunication service.  It should be also considered how and by whom the addressing system of IP Telephony is managed and maintained.

In the thesis, I would like to focus on the IP Telephony service based on the Internet and SCN, in which anyone can be the potential user.  In other words, I would like to discuss the addressing system of IP Telephony that is based on E.164 number and IP address.

IP Telephony can be used in the proprietary network, such as the Intranet in a particular private enterprise.  However, the addressing system of the proprietary network can be managed individually.  Generally, the public assigning authorities, such as ITU-T for E.164 numbers and ICANN for IP addresses, do not assign the addresses in the proprietary network.  I would like to consider the proprietary network whose addressing system is independent from either E.164 number or IP address is out of the scope of the discussion in the thesis.  Although such a proprietary network may have the interconnection with the Internet or SCN, I would assume that the proprietary network should make the necessary arrangements for the interconnection by itself and does not affect either the addressing/routing systems of SCN or those of the Internet at all.
1.3
Overview of the thesis


The thesis is organized into three main parts, covering the background and basic characteristics of E.164 number, IP address and IP Telephony, the underlying problems of the addressing system for IP Telephony and the possible solutions, and the policy recommendation for the addressing system for IP Telephony.

Chapter 2 introduces the basic characteristics of IP address and E.164 number as the background information.  Chapter 2 also describes the underlying condition and assumptions for the discussion on the addressing system for IP Telephony.  


Chapter 3 describes the overview of IP Telephony.  The structure and the components of IP Telephony are described and the possible connections of IP Telephony are identified into several classes.  The present situation of available service is also introduced.  From the classification of the connection and the present practical service, the underlying problems of the addressing system for IP Telephony is extracted.  These four problems are the general form of the address information in IP Telephony, the routing to the ITSP, the preparation of the mapping mechanism for IP Telephony and the management and employment of the databases for IP Telephony.


Chapter 4 discusses the general form of the address information in IP Telephony.  The recent discussions in IETF and ETSI are reviewed.  Chapter 4 explains that the assignment of E.164 number is required for IP Telephony and shows three options for the form of E.164 number, national geographic number, national non-geographic number and global number.  The option of global number would give the relatively large capacity of numbering space for IP Telephony and enable all users and all networks to identify just from looking at the number whether a called uses IP Telephony.  Besides, the application of number portability is discussed.  If the different forms of E.164 number are used for IP Telephony, the number portability needs the more complicated arrangement.


Chapter 5 discusses the routing from a calling user to the gateway of IP Telephony.  Two types of IP Telephony service, the transit service and the termination service, are introduced to construct the later discussion.  The effects of the dialing procedure, the one-stage dialing or the two-stage dialing, and the form of E.164 number on the routing in SCN are analyzed.  It is noted that a calling user may not recognize a called user being in the Internet and may dial only the E.164 number of called user following the one-stage dialing procedure.  Even in such a case, the option of global number would set the shortest path to the gateway of IP Telephony.


Chapter 6 discusses how to prepare the mapping mechanism between E.164 numbers and IP addresses.  The recent studies in IETF and ETSI are reviewed and three options for the interaction between the IP Telephony Service Providers (ITSPs), private network approach, closed group approach and open system approach, are introduced.  The effects of each option on the routing, the form of E.164 number and the application of number portability are discussed.  Open system approach would avoid the cases in which the path can not be set from a calling user to a called user and the complicated arrangement for number portability.


Chapter 7 discusses the management and employment of the databases for the mapping mechanism.  The recent studies in IETF and ETSI and the similar scheme for the existing database used for the practical service are reviewed.  From the review, the structures of the database for IP Telephony is examined and the two different types of database, administrative database for assigning and real-time use database for routing, are identified.  The real-time use database should include the mapping mechanism and may be independent from the assigning authority of address information.


Chapter 8 concludes the thesis by offering the recommendation for the addressing system for IP Telephony.  From the discussions in the previous chapters, Chapter 8 summarizes the underlying condition surrounding the addressing system for IP Telephony and identifies the potential players in the decision making, the factors left for the decision making, and the axes for the evaluation.  The priorities among the axes for the evaluation are considered according to the discussions in the previous chapters.  The most appropriate options for the addressing system for IP Telephony, assigning global number, following the open system approach to the mapping mechanism and supporting the one-stage dialing procedure, are recommended as the conclusion of the thesis.
Chapter Two

Basic characteristics of


 Telephone network and the Internet

In this chapter, I would like to review several basic characteristics of Switched Circuit Network (SCN)
 and the Internet and introduce the requirements for the addressing system for IP Telephony.  These characteristics and requirements are the fundamental factors to construct the discussion in the thesis.
2.1.
IP address and the routing in the Internet


In the Internet, IP addresses are assigned to servers and computer terminals.  The routing is conducted in accordance with the IP address of the destination.  However, a user who wants to access a particular server in the Internet usually does not provide directly the IP address of the server that he or she wants to access.  Instead, the user in the Internet uses the other form of address information, such as a domain name or an e-mail address that can be converted into the corresponding IP address, to designate the destination.  One of the reasons for using other form of address information may be to make the address in the more comprehensible style for users and another reason is to avoid the permanent assignment of IP addresses to users on dial-up terminals.

The capacity of IP address is finite.  For example, IP version 4 defines network addresses as 32 bits long.
  To conserve the limited IP address space, the mechanism of the dynamic assignment of IP address, such as the Point-to-Point Protocol (PPP) or the Serial Line Internet Protocol (SLIP), is applied to users on dial-up terminal.  Because a remote terminal does not needs an IP address when it does not connects to the Internet, the IP address is assigned each time when it connects to the Internet and released when the session is over.  Then, the released IP address becomes available for another session.  There is no general service to inform a user of the IP address assigned to other user. 
2.2
E.164 number and the routing in SCN


In SCN, switches and terminals have E.164 numbers are assigned.  E.164 number is a number conforming to the numbering plan and structure specified in the ITU-T Recommendation E.164.  For example, the usual telephone number, such as “+1 617 123 4567”, is one of E.164 numbers.  The routing in SCN is conducted in accordance with E.164 number addressing system.  To make a call, a calling user in SCN dials the E.164 number of called user.
2.2.1
Structures and dialing procedures of E.164 numbers

The structure of E.164 numbers and the dialing procedures of E.164 numbers are as follows.
For the dialing procedures for the international call, the following three types of combination are available.
[image: image1.wmf]
For the dialing procedures for the domestic call, the following combination is used.

[image: image2.wmf]
Carrier Access Code (CAC) is assigned to a telecommunication carrier/service provider.  In a dialing procedure, CAC specifies the carrier/service provider that offers the service to a dialing user.

International prefix indicates that the dialing is for an international call, whereas national indicates that the dialing is for a domestic call.  For example, in the US, “011” is used as international prefix and “1” is used for national prefix.  In most countries, national prefix may be omitted when a call is for the destination within the same numbering area.

Country Code (CC) is the one, two or three digits identifying a specific country, countries, in an integral numbering plan, a specific geographic area or the global service.

National Destination Code (NDC) identifies a numbering area of SCN within a country and/or a network/services that a dialing user intends to use.  NDC is commonly known as area code.  The assignment and structure of NDC is a national matter.  When NDC identifies a particular service, it may include the service provider indicator.

Subscriber number (SN) identifies a subscriber in a network or numbering area.

Identification Code (IC) is the code after a shared CC and uniquely identifies an international network of a specific carrier/service provider for a particular global service.

Global Subscriber Number (GSN) identifies a subscriber for a particular global service.

E.164 number is composed of the combination of CC, NDC, and IC of service, SN and/or GSN.  CAC and the international/national prefix are factors that form the dialing procedures in SCN, but not part of E.164 number.  The maximum number of digits for E.164 number should be 15, excluding CAC and the international/national prefix.  For example, the structure on E.164 number used in the US has 11 digits in total, one digit for CC, three digits for NDC and 7 digits for SN.
CAC and the international/national prefix are given in the national dialing procedure of each country and may not be passed across any international network boundaries.  Therefore, the calling user outside a country can not select the carrier/service provider in that country by dialing the CAC in that country.  For example, the CAC is a seven-digit code, “101XXXX”
 in the US.  A calling user outside the US can not select the carrier/service provider in the US by dialing “101XXXX” assigned to that carrier/service provider within the US.  If a calling user in other country than the US dials the “101XXXX” code, this dialing should have other meaning in accordance with the national dialing procedure in that country.  The order of dialing CAC and the prefix also depends on the national dialing procedure; the CAC may be dialed first and followed by the prefix, and vice versa.  CAC may be omitted if a calling user designates a carrier/service provider by the other means (e.g. pre-subscription).

Dialing procedure (A) and (D) contains the same form of E.164 number, NDC + SN; (A) is for a calling user outside the country, while (D) is for a calling user inside the country.  Dialing procedure (B) and (C) are for global services and they are used even when both a calling user and a called user are in domestic area.
2.2.2
E.164 number used for a particular service 




- Intelligent Network service -

In addition to the assignment to switches and terminals in SCN, a particular E.164 numbers is also assigned to the user of a particular service provided in SCN, such as “800 number” used for toll-free phone service.  The E.164 number that contains the NDC of 800 is so-called “800 number” and assigned to the user who wants to receive calls from calling users by toll-free phone service.  When a calling user dials a “800 number”, the switch in SCN accesses the database for toll-free phone service using the Intelligent Network (IN) technology.  In accordance with the dialed 800 number, the switch finds out in the database the E.164 number assigned to the terminal to which the called user wants to set the path.  Then, the routing in SCN is conducted in accordance with the E.164 number that the switch finds out in the database. 

Such a particular service that uses the IN technology and converts the E.164 number assigned to the user into the E.164 number used for routing is called IN service.  The routing system in SCN prepares the database for IN service, so-called IN database, to map the E.164 number assigned to the user of IN service into the E.164 number assigned to the terminal to which the user of the service wants to set the path.  The switches in SCN detects the NDC used for IN service, accesses the IN database, finds out the E.164 number for routing and sets the path to the terminal that the called user designates.

2.3
Requirements for the addressing system for IP Telephony

With regard to the above basic characteristics, the following issues should be considered as the requirements for the addressing system for IP Telephony.  
2.3.1
Interconnection between SCN and the Internet

Switching systems in SCN deal with audio signals and control signals of Common Channel Signaling System (CCSS).  However, they have no IP-based functions to deal with IP datagrams.  On the other hand, servers in the Internet deal with IP datagrams but have no abilities to deal with audio signals and control signals of CCSS.

When the information is exchanged between the Internet and SCN, it should be conducted through the gateway.  As shown in Fig. 2-1, the gateway should be located at the interconnection point and have the function to convert the data between signals of SCN and IP datagrams.  If a switching system in SCN requires the data in the database in the Internet, the data should be sent from the Internet to SCN through the gateway.  If a server in the Internet requires the data in the database in SCN, the data should be sent from SCN to the Internet through the gateway.  In either case, the gateway should conduct the necessary conversion between control signals of CCSS and IP datagram.
[image: image3.wmf]
2.3.2
One-stage dialing and two-stage dialing

In terms of the difference in how to reach a called user, the dialing procedure is divided into two types, the one-stage dialing procedure and the two-stage dialing procedure.

In the one-stage dialing procedure, a calling user can reach a called user directly by dialing just for once a sequence of digits that contains the telephone number of called user.  The dialed digits in the one-stage dialing may contain a prefix and the CAC of a particular carrier or service provider.

In the two-stage dialing procedure, a calling user must first connect to the relay station, such as an access point employed by the service provider or the PBX located in the building of called user, by dialing its telephone number.  Then, when the connection to the relay station is established, the calling user must dial one more time the telephone number of called user, usually after the dial tone replied by the relay station, in order to connect to the called user.
From the users’ viewpoint, the one-stage dialing procedure is in common use and may be preferable because the number of digits that a user should dial for the one-stage dialing procedure is smaller than that for the two-stage dialing procedure.  Besides, the carriers/service providers may also prefer the one-stage dialing procedure because of the users’ preference.

2.3.3
Modification of networks for IP Telephony

Supposing that IP Telephony service intends to provide the communication from any calling user to any called user, the potential users of IP Telephony may access any server in the Internet and any local switching systems in SCN.  If we were to add the routing functions to the existing servers in the Internet and the existing switching systems in SCN in order to facilitate IP Telephony service, the related programs in all servers in the Internet and all switching systems in SCN would have to be modified.

As mentioned in Section 2.1, although the routing in the Internet is conducted in accordance with IP address, a user does not need to input IP address directly.  A user usually provides the address information in other form than IP address, such as domain name and e-mail address.  The Internet has the ability to map such other forms of address information into IP address for routing in the Internet.

On the other hand, as mentioned in Section 2.2, the routing in SCN is conducted only in accordance with the E.164 number given by a calling user.  Because SCN does not have any function to deal with the address information in the other form than E.164 number, a user must provide the address information in E.164 number.  

Considering the above difference between the Internet and SCN, I would like to assume that the routing system in SCN deals with only E.164 numbers as ever.  If the modification of SCN would be required for IP Telephony service, it should be limited only to deal with the E.164 number for IP Telephony service.  The modification of SCN might include the implementation of the database using IN technology that deals with only the E.164 numbers.  However, either the IP-based routing function or the function to map the address information used in the Internet, such as IP address, domain name and so on, into E.164 number should not be installed in SCN.  Such a modification implies to implement the completely different two routing systems into SCN.  It is too huge and too drastic in terms of the architecture of SCN.

Besides, considering the ability of the Internet to deal with the address information in other form than IP address, I would like to assume that the Internet might allow the modification to deal with the E.164 number for IP Telephony service.  It should be noted that such a modification does not imply the routing in the Internet in accordance with E.164 number.  Such a modification should include the mapping mechanism between E.164 numbers and IP addresses so that routing in the Internet could be still conducted in accordance with IP address.
2.3.4
Introduction of number portability

The number portability is the ability of end user in telecommunication service to retain the same number or address.  The number portability is considered as the measure to make it easier for a user to change the service and to encourage the market competition in telecommunication service.  Many countries have decided to introduce the number portability to the usual telephone service.

ITU-T (1999) has studied the number portability in SCN to make the international standard for it.  In the study of ITU-T, the application of number portability is divided into the following three types.

· Location portability: The ability of end user in SCN to retain the same E.164 number when he or she moves from one location to another.

· Service provider portability: The ability of end user in SCN to retain the same E.164 number when he or she changes from one service provider to another.

· Service portability: The ability of end user in SCN to retain the same E.164 number when he or she changes from one type of service to another.

In the discussion of ITU-T, the number portability is assumed available among the E.164 numbers within the same CC.  

So far, the study on number portability mainly deals with the number portability in SCN.  However, the concept of number portability can be also applied to other telecommunication service, including IP Telephony service.  IETF and ETSI have respectively discussed the introduction of number portability to IP Telephony.
Chapter Three
Overview of Internet Telephony


In this chapter, I would like to present the overview of IP Telephony service as an introduction of the thesis.  First, I introduce the basic concept of IP Telephony.  Then, I classify the interconnection of IP Telephony services in accordance with the recent studies by others.  I also review the present available services of IP Telephony.  From the classification and the review of the present available services, I extract the underlying problems of the addressing system for IP Telephony.
3.1
Definition of Internet Telephony


Although the term of Internet Telephony, or IP Telephony, is not officially defined, it is generally considered as the telephony service or the voice transmission service using the Internet technology.  However, IP Telephony service is not merely an alternative to the existing telephone service.  Clark (1998) mentioned that IP Telephony should be recognized as a new enhanced communication by using a computer as a user terminal.  Furthermore, IETF and ETSI also conduct the studies on IP Telephony with the similar recognition as Clark.  In this thesis, I would also like to follow this recognition and consider IP Telephony as an enhanced communication by using a computer as a user terminal.

IP Telephony service is the higher application service based on the IP technology.  As shown in Fig.3-1, there are three types of service providers, Internet Telephony Service Provider (ITSP), Internet Service Provider (ISP) and Carrier/service provider in SCN, involved in IP Telephony service.  To use IP Telephony service, a user requires the access to the Internet and the application program for IP Telephony.  While the ISP provides the access to the Internet for its customers, the ITSP provides IP Telephony service for its customers using the application program for IP Telephony.  It should be noted that the Internet access service provided by the ISP is not enough for IP Telephony.  A user can not omit the access to the ITSP to use the IP Telephony service.  In other words, the user can neither call to other user nor receive the call from other user by IP Telephony service when he or she only has the access to the Internet.  For the communication between the users on computer terminals in the Internet, the software manufacturer that provides the products of the application program for IP Telephony service may play the role of the ITSP, as discussed later in Section 3.3.  If a user is in SCN, the user accesses the ISP and/or the ITSP through the access point in SCN.
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3.2
Classification of the connection of Internet Telephony
According to the study by Clark (1997), the discussion in ETSI (1998a) and the proposals in IETF
, the potential connections of IP Telephony are divided into several classes in terms of the interconnection between SCN and the Internet.  In this section, I review the classes of the connection of IP Telephony after the introduction of several terms for the components of IP Telephony.

3.2.1
Terminology - the components of IP Telephony

In addition to the general concepts concerning the Internet and the telephone network, I would like to introduce the following terminology to explain the classification of IP Telephony.
Telephone terminal

A usual telephone terminal is an endpoint in SCN.  A telephone terminal can deal with the audio and control signals in SCN.  E.164 number is assigned to a telephone terminal in SCN.  A calling user can input the digits of 0-9 and the symbols of star (*) and square (#) through the telephone terminal.
Gateway

A gateway is located at the interconnection point between SCN and the Internet.  A gateway makes the conversion between the audio and CCSS control signals in SCN and IP datagrams and conveys the communication between SCN and the Internet.
Server of IP Telephony

The server of IP Telephony is connected to the Internet and provides the necessary functions for IP Telephony service, such as the authentication of user, the billing to user, the identification of the destination address, the selection of the paths to the destination, and so on.
“The network of calling user” and “The network of called user”
In this thesis, the local network in which a calling user resides is termed “the network of calling user”.  Similarly, the local network in which a called user resides is termed “the network of called user”.

“The gateway of calling user” and “The gateway of called user”
Besides, I would like to define the terms of “the gateway of calling user” and “the gateway of called user” in this thesis.  “The gateway of calling user” is defined as the gateway connected with the network of calling user.  Similarly, “the gateway of called user” is defined as the gateway connected with the network of called user.  When a gateway is connected with both the network of calling user and that of called user, that gateway is termed “the gateway of calling and called users”.
3.2.2
Class 1 connection (Phone-to-Phone via the Internet)

In this connection, as shown in Fig.3-2, a calling user on telephone terminal in SCN is connected to a called user on telephone terminal in SCN via the Internet.  Both the network of calling user and the network of called user are in SCN and have the interconnection with the Internet.  The gateway of calling user and that of called user are required for this connection.

A calling user is assigned E.164 number in SCN.  The gateway of calling user is assigned E.164 number in SCN and IP address in the Internet.  The gateway of called user is assigned IP address in the Internet and E.164 number in SCN.  A called user is assigned E.164 number in SCN.  

The path in this connection is considered as composed of the following three paths.  The first path is set from a calling user to the gateway of calling user in SCN, in accordance with E.164 number.  The second path is set from the gateway of calling user to the gateway of called user via the server of IP Telephony in the Internet, in accordance with IP address.  The third path is set from the gateway of called user to a called user in SCN, in accordance with E.164 number.

This class of connection is most commonly used as a replacement for long distance or international call service in the traditional telephone connection.  
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3.2.3
Class 2-1 connection (Phone-to-PC in the Internet)

In this connection, as shown in Fig.3-3, a calling user on telephone terminal in SCN is connected to a called user on computer terminal in the Internet.  The network of calling user is in SCN, while the network of called user is the Internet.  The gateway of calling and called users is required for this connection at the interconnection point between the network of calling user and the Internet.

A calling user is assigned E.164 number in SCN.  The gateway of calling and called users is assigned E.164 number in SCN and IP address in the Internet.  A called user is assigned IP address in the Internet.  The computer terminal of called user may be directly connected to the Internet or connected to the Internet by the dial-in access through SCN.
  The called user needs to have their computer terminal powered up and ready to receive a call.  

The path in this connection is considered as composed of the following two paths.  The first path is set from a calling user to the gateway of calling and called users in SCN, in accordance with E.164 number.  The second path is set from the gateway of calling and called users to a called user via the server of IP Telephony in the Internet, in accordance with IP address.
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3.2.4
Class 2-2 connection (PC in the Internet-to-Phone)

In this connection, as shown in Fig.3-4, a calling user on the computer terminal in the Internet is connected to a called user on telephone terminal in SCN.  The network of calling user is the Internet, while the network of called user is in SCN.  The gateway of calling and called users is required for this connection at the interconnection point between the Internet and the network of called user.

A calling user is assigned IP address in the Internet.  Like the computer terminal of called user in Phone-to-PC (Class 2-1) connection, the computer terminal of calling user in this connection may be directly connected to the Internet or connected to the Internet by the dial-in access through SCN using a modem.  The gateway of calling and called users is assigned IP address in the Internet and E.164 number in SCN.  A called user is assigned E.164 number in SCN.  

The path in this connection is considered as composed of the following two paths.  The first path is set from a calling user to the gateway of calling and called users via the server of IP Telephony in the Internet, in accordance with IP address.  The second path is set from the gateway of calling and called users to a called user in SCN, in accordance with E.164 number.  
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3.2.5
Class 3 connection (PC-to-PC in the Internet)

In this connection, as shown in Fig.3-5, a calling user and a called user are both on the computer terminal in the Internet.  A calling user and a called user are assigned IP addresses in the Internet respectively.  The computer terminal of calling user and that of the called user in this connection may be directly connected to the Internet or connected to the Internet by the dial-in access through SCN using a modem.  The called user needs to have their computer terminal powered up and ready to receive a call.  

Because the network of calling and called users is the Internet, no gateway is required for this connection.  The path from the calling user to the called user is set within the Internet, in accordance with IP address.  On the other hand, the server of IP Telephony is required even in this connection for the necessary arrangement for IP Telephony, such as the authentication of user, the billing to user, the identification of the destination address, the selection of the paths to the destination and so on.
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3.2.6
Class 4-1 connection (PC in the Internet-to-PC in the separate IP-based network via SCN)

In this connection, as shown in Fig.3-6, the path is set between the users on computer terminals via SCN.  Although both a calling user and a called user are on computer terminals, the network of calling user is in the Internet while the network of called user is the other independent IP-based network separate from the Internet.  The network of called user does not have the direct connection to the Internet and can be connected with the Internet only via SCN.
  The addressing/routing system of the network of called user is IP-based but proprietary.  It is independent from the IP address of the Internet.  This connection requires the gateway of calling user at the interconnection point between the Internet and SCN and the gateway of called user at the interconnection point between SCN and the network of called user.

A calling user is assigned IP address in the Internet.  Like the computer terminal of the calling user in PC-to-Phone (Class 2-2) connection, the computer terminal of the calling user in this connection may be directly connected to the Internet or connected to the Internet by the dial-in access through SCN using a modem.  The gateway of calling user is assigned IP address in the Internet and E.164 number in SCN.  The gateway of called user is assigned E.164 number in SCN and IP-based but proprietary address in the network of called user.  A called user is also assigned IP-based but proprietary address in the network of called user.

The path in this connection is consider as composed of the following three paths.  The first path is set from a calling user to the gateway of calling user via the server of IP Telephony in the Internet, in accordance with IP address.  The second path is set from the gateway of calling user to the gateway of called user in SCN, in accordance with E.164 number.  The third path is set from the gateway of called user to a called user in the IP-based network of called user, in accordance with the proprietary addressing system of the network of called user.  
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In comparison with the path from a calling user to a called user set in PC-to-Phone (Class 2-2) connection, the path from a calling user to the gateway of called user in this connection has the following similar characteristics.

· Either path is set through the Internet and SCN.

· In either path, a calling user is on computer terminal connected to the Internet.  The network of calling user is in the Internet.

· The gateway of called user is connected to SCN in this connection while the called user is connected to SCN in PC-to-Phone (Class 2-2) connection.

· The E164 number is assigned to the gateway of called user in SCN in this connection while the E.164 number is assigned to the called user in SCN in PC-to-Phone (Class 2-2) connection.

Therefore, as shown in Fig.3-7, setting the path from a calling user to the gateway of called user in this connection is considered identical to setting the path from a calling user to a called user in PC-to-Phone (Class 2-2) connection.  The process of setting the path in PC-to-Phone (Class 2-2) connection can be applied to setting the path from a calling user to the gateway of called user in this connection.  After the path from a calling user to the gateway of called user is set, the path from the gateway of called user to a called user is set within the IP-based network of called user by the proprietary routing system of that network.
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3.2.7
Class 4-2 connection (PC in the separate IP-based network-to-PC in the Internet via SCN)

In this connection, as shown in Fig.3-8, the path is set between the users on computer terminals via SCN.  The network of called user is the Internet while the network of calling user is the separate IP-based network other than the Internet.  Like the network of called user in Class 4-1 connection, the network of calling user does not have the direct connection to the Internet and can be connected with the Internet only via SCN.  The addressing/routing system of the network of calling user is IP-based but proprietary.  It is independent from the IP address of the Internet.  This connection requires the gateway of calling user at the interconnection point between the network of calling user and SCN and the gateway of called user at the interconnection point between SCN and the Internet.

[image: image11.wmf]
A calling user is assigned IP-based but proprietary address in the network of calling user.  The gateway of calling user is assigned IP-based but proprietary address in the network of calling user and E.164 number in SCN.  The gateway of called user is assigned E.164 number in SCN and IP address in the Internet.  A called user is assigned IP address in the Internet.  Like the computer terminal of the called user in Phone-to-PC (Class 2-1) connection, the computer terminal of the called user in this connection may be directly connected to the Internet or connected to the Internet by the dial-in access through SCN using a modem.  

The path in this connection is consider as composed of the following three paths.  The first path is set from a calling user to the gateway of calling user in the IP-based network of calling user, in accordance with the proprietary addressing system of the network of calling user.  The second path is set from the gateway of calling user to the gateway of called user in SCN, in accordance with E.164 number.  The third path is set from the gateway of called user to a called user via the server of IP Telephony in the Internet, in accordance with IP address.  

In comparison with the path from a calling user to a called user set in Phone-to-PC (Class 2-1) connection, the path from the gateway of calling user to a called user in this connection has the following similar characteristics.

· Either path is set through SCN and the Internet.

· In either path, a called user is on computer terminal connected to the Internet.

· The network of called user is in the Internet.

· The gateway of calling user is connected to SCN in this connection while the calling user is connected to SCN in Phone-to-PC (Class 2-1) connection.

· The E.164 number is assigned to the gateway of calling user in SCN in this connection while the E.164 number is assigned to the calling user in SCN in Phone-to-PC (Class 2-1) connection.

Therefore, setting the path from the gateway of calling user to a called user in this connection is considered identical to setting the path from a calling user to a called user in Phone-to-PC (Class 2-1) connection.  After the first path is set within the network of calling user by the proprietary routing system of that network, the process of setting the path in Phone-to-PC (Class 2-1) connection can be applied to setting the path from the gateway of calling user to a called user in this connection.
3.2.8
Class 4-3 connection (PC in the separate IP-based network-to-PC in the separate IP-based network via SCN)

In this connection, as shown in Fig.3-9, the path is set between the users on computer terminals in the independent IP-based networks separate from the Internet via SCN.  Like the network of calling user in Class 4-2 connection and the network of called user in Class 4-1 connection, both the network of calling user and the network of called user do not have the direct connection to each other as well as the Internet.  Both networks can be connected with each other or the Internet only via SCN.  The addressing/routing systems of both networks are IP-based but proprietary respectively.  They are independent from the IP address of the Internet.  This connection requires the gateway of calling user at the interconnection point between the network of calling user and SCN and the gateway of called user at the interconnection point between SCN and the network of called user.

A calling user is assigned IP-based but proprietary address in the network of calling user.  The gateway of calling user is assigned IP-based but proprietary address in the network of calling user and E.164 number in SCN.  The gateway of called user is assigned E.164 number in SCN and IP-based but proprietary address in the network of called user.  A called user is also assigned IP-based but proprietary address in the network of calling user.

The path in this connection is consider as composed of the following three paths.  The first path is set from a calling user to the gateway of calling user in the IP-based network of calling user, in accordance with the proprietary addressing system of the network of calling user.  The second path is set from the gateway of calling user to the gateway of called user in SCN, in accordance with E.164 number.  The third path is set from the gateway of called user to a called user in the IP-based network of called user, in accordance with the proprietary addressing system of the network of called user.  

Like the routing in the network of calling user in Class 4-2 connection, the routing of the first path in this connection is independently conducted by the proprietary routing system of the network of calling user.  Besides, like the routing in the network of called user in Class 4-1 connection, the routing of the third path is independently conducted by the proprietary routing system of the network of called user.  On the other hand, the second path can be set in SCN in accordance with the E.164 number assigned to the gateway of called user.  Setting the second path in this connection is considered identical to setting the path from a calling user to a called user for a usual telephone service in SCN.

Thus, although IP Telephony is used in this connection, the ITSP is not involved in this connection at all.  Because this connection does not include the interconnection between the Internet and SCN, the addressing system for this connection is out of the scope of the thesis.
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3.2.9
Classes of connection to be discussed in the thesis


Although seven classes are identified as the possible connection of IP Telephony service, Class 4-1 connection and Class 4-2 connection are based on PC-to-Phone (Class 2-2) connection and Phone-to-PC (Class 2-1) connection respectively, as mentioned in Sections 3.2.6 and 3.2.7.  Besides, Class 4-3 connection is considered as the connection between the two proprietary networks via SCN, as mentioned in Section 3.2.8.

Therefore, I would like to concentrate on Phone-to-Phone (Class 1) connection, Phone-to-PC (Class 2-1) connection, PC-to-Phone (Class 2-2) connection and PC-to-PC (Class 3) connection for the discussion in the thesis.

3.3
Present situation of available IP Telephony services


At the present time, some of the classes of connection are available for the practical service of IP Telephony.

Some ITSPs, such as Access Power, Inc. (1999), Delta Three, Inc. (1998), Network Telephony Corporation (1999) and TouchWave, Inc. (1998), provide the services of Phone-to-Phone (Class 1) connection and PC-to-Phone (Class 2-2) connection for their customers.  Because the potential called user is on telephone terminal in SCN in Phone-to-Phone (Class 1) connection and PC-to-Phone (Class 2-2) connection, the ITSPs prepare the necessary gateways and the database for mapping between E.164 numbers of the potential called users and IP addresses of the gateways.  
In the present service of Phone-to-Phone (Class 1) connection, a calling user is in SCN and usually follows the two-stage dialing procedure.  A calling user first dials the E.164 number assigned to the gateway of the ITSP to access the ITSP and then additionally dials the E.164 number assigned to a called user.  On the other hand, in PC-to-Phone (Class 2-2) connection, a calling user is in the Internet and directly accesses the ITSP through the Internet.  Because the application program of IP Telephony
 can automatically access the ITSP, a calling user follows the one-stage dialing and may not recognize that he or she accesses the ITSP.  In either connection, the ITSP selects the appropriate gateway as a result of the mapping according to the E.164 number of the called user given by the calling user and sets the path to the called user through the selected gateway.
If the ITSP intends to make the access line in SCN to called user shorter, the area in which the ITSP provides the service may depend on the location of its gateways and the potential range of called users may be limited.  To ease such a limitation on the potential called users of IP Telephony, ITXC (1999) introduces the shared database of address information for the service of Phone-to-Phone (Class 1) connection and PC-to-Phone (Class 2-2) connection.  ITXC forms a consortium of ITSP to share the gateways with each other and prepares the database in which E.164 numbers of called users are mapped to the IP addresses of shared gateways.  When one of the ITSPs in the consortium provides the service using the gateway of other ITSP in the consortium, the former ITSP pays the fee for the usage of the gateway to the latter ITSP.  ITXC mediates the payment between the ITSPs.  It may ease the burden of each ITSP to prepare the necessary gateways for Phone-to-Phone (Class 1) connection and PC-to-Phone (Class 2-2) connection by itself.


Some software manufacturers also provide the products of the application programs for IP Telephony service.  These products are applicable to PC-to-Phone (Class 2-2) connection and PC-to-PC (Class 3) connection.  The user of the product for PC-to-Phone (Class 2-2) connection is additionally required to subscribe to the ITSP.  It implies that the service of IP Telephony in PC-to-Phone (Class 2-2) connection is provided by the ITSP using the product.  On the other hand, the user of the product for PC-to-PC (Class 3) connection is not required to subscribe to the ITSP.  However, the user is strongly recommended to make the registration for the use of product so that the software manufacturer could provide the directory service.  Although the application program for PC-to-PC (Class 3) connection also allows the user to make a call by inputting the IP address of called user, a calling user may not know the potential called users who use the compatible application programs and the current IP address of the called user.
  Therefore, the utility of the application program for PC-to-PC (Class 3) connection depends on the directory service provided by the software manufacturer.
Each software manufacturer providing the application program for PC-to-PC (Class 3) connection prepares the proprietary database of the users of its products and offers the directory service among the users.  Each software manufacturer individually gathers the necessary information for the database through the user’s registration for its product.  When the registered user starts the application program for PC-to-PC (Class 3) connection, the application program automatically sends the user’s IP address assigned for that session to the manufacturer’s database.  When the registered user closes the application program, the application program also automatically sends the message to the manufacturer’s database to inform that the application program is closed.  The database always gathers the information sent by the users’ application and updates the list of currently available users’ IP addresses.  That list is used for the directory service to the users.  Through the directory service, the users can confirm who is ready to receive a call and do not have to care the IP address of called user.  However, because the database is managed by the individual manufacturer and not shared with others, the directory service is available only for the communication between the customers of the products of the same manufacturer.

There are several possible approaches to the implementations of the directory service.  One of the manufacturers (Wincroft Inc., 1998) sends the users the latest list of active users’ IP addresses via e-mail, as a reply to the IP address sent by the user.  Another manufacturer (VocalTec Communications Inc., 1998) encourages the users to access the directory database each time they make a call.  The access to the directory database is automatically done by the user’s application or manually done by browsing the web site.  

The directory services provided by the software manufacturers imply that the software manufacturers play the same role of the ITSP in PC-to-PC (Class 3) connection.  Therefore, I would like to consider in the thesis that “ITSP” may include the software manufacturer that provides the products of the application program for IP Telephony service in PC-to-PC (Class 3) connection and prepare the directory database of its registered users for the service.

Although the services of Phone-to-Phone (Class 1) connection, PC-to-Phone (Class 2-2) connection and PC-to-PC (Class 3) connection are provided now, the service of Phone-to-PC (Class 2-1) connection is not yet available.
3.4
Problems to be solved on the addressing system for IP Telephony

Considering the classification and the present available services of IP Telephony, I extract the following problems on the addressing system for IP Telephony.
3.4.1
User address in IP Telephony
At a call setup as general, a calling user has to specify a called user by providing the address of called user.  In IP Telephony service, because the interoperation between SCN and the Internet might be required, it should be considered how a calling user could specify a called user.

When a calling user and a called user are in the same network, they have the common addressing system in the network.  A calling user can specify a called user in accordance with the common addressing system.

In Phone-to-Phone (Class 1) connection, because a calling user and a called user are in SCN, a calling user can specify a called user by dialing the E.164 number assigned to a called user.  As mentioned in Section 3.3, E.164 number is actually used to specify a called user in the present available service of Phone-to-Phone (Class 1) connection.

In PC-to-PC (Class 3) connection, because a calling user and a called user are in the Internet, a calling user can specify a called user by using IP address or other form of address information, such as domain name, e-mail address and so on.  As mentioned in Section 3.3, in the present available service of PC-to-PC (Class 3) connection, a calling user specifies a called user by directly inputting IP address or using the address information through the directory service.

On the other hand, when a calling user and a called user are separate in the different networks with the different addressing systems, the additional arrangement is required so that a calling user could specify a called user at a call setup.

In Phone-to-PC (Class 2-1) connection, a calling user is in SCN and a called user is in the Internet.  The address information of called user in the Internet, such as IP address, domain name, e-mail address and so on, does not work out in the addressing system of SCN.  As mentioned in Section3.3, the practical solution to Phone-to-PC (Class 2-1) connection is not yet available.

In PC-to-Phone (Class 2-2) connection, a calling user is in the Internet and a called user is in SCN.  As mentioned in Section 2.4, in the present available service of PC-to-Phone (Class 2-2) connection, the ITSP prepares the database for mapping between E.164 numbers and IP addresses so that a calling user in the Internet could specify a called user in SCN by inputting the E.164 number.

Thus, the different classes of connection in IP Telephony have the different approaches to the user address.  It should be considered what is appropriate for the user address in IP Telephony service, especially for Phone-to-PC (Class 2-1) connection, and whether the user addresses used in the present available services are appropriate.  Chapter Four discusses this issue, concluding that E.164 number should be assigned to the user of Internet Telephony in the Internet.

3.4.2
Routing from a calling user to the ITSP

When IP Telephony service is used, a calling user has to access the ITSP.  

In PC-to-Phone (Class 2-2) connection and PC-to-PC (Class 3) connection, a calling user in the Internet does not need to care how to access the ITSP because the application program of IP Telephony can automatically access the ITSP through the Internet.
On the other hand, in Phone-to-Phone (Class 1) connection and Phone-to-PC (Class 2-1) connection, a calling user is in SCN.  The routing system in SCN should find out the appropriate gateway between the network of calling user in SCN and the Internet to access the ITSP, in accordance with the dialing by the calling user.
It should be examined how to route from a calling user to the ITSP, and especially how the routing system in SCN works to specify the gateway.  Chapter Five discusses this issue, concluding that the assignment of global E.164 number would set the shortest path to the gateway of IP Telephony.

3.4.3
Mapping mechanism for the routing of IP Telephony 

In Phone-to-Phone (Class 1) connection and PC-to-Phone (Class 2-2) connection, a called user is in SCN.  In either connection, the ITSP should select the appropriate gateway between the Internet and the network of called user in SCN to set the path, in accordance with the E.164 number assigned to a called user.  To select the appropriate gateway, the ITSP should prepare the mapping mechanism between E.164 numbers of potential called users and IP addresses of available gateways.  

Furthermore, the ITSP also needs the mapping mechanism in Phone-to-PC (Class 2-1) connection and PC-to-PC (Class 3) connection to identify the IP address of a called user in the Internet.  In either connection, a calling user may not directly input the IP address assigned to a called user and may use the other form of address information of a called user, such as domain name, e-mail address and so on, to designate a called user.  When the other form of address information is used, the ITSP needs the mapping mechanism between the other form of address information and IP address to identify the IP address assigned to a called user.

It should be considered how the ITSP prepares the mapping mechanism to select the gateway in the Internet.  Chapter Six discusses this issue, concluding that the open system approach would avoid the cases in which the path can not be set from a calling user to a called user and the complicated arrangement for number portability.
3.4.4
Management and employment of the mapping mechanism for IP Telephony

As mentioned so far, the path in IP Telephony service is set in accordance with E.164 number in SCN and IP address in the Internet.  Besides, the mapping mechanism between E.164 number and IP address is required to set the path.

E.164 numbers are defined by the ITU-T Recommendation and administered by the governmental body in each country, while IP addresses are administered by ICANN
, the private organization related to the Internet.  Because the different bodies administer these two kinds of addresses in the different ways, the changes in the assignments of these addresses are managed individually.  Furthermore, it should be noted that the change in the assignment of these addresses might be in a large scale, frequent and independent from IP Telephony service.
It is necessary for IP Telephony service to catch up the changes in the assignments of these addresses and keep the consistency of the mapping mechanism in good time and effectively.  It should be considered how and by whom to update and maintain the mapping mechanism as well as how to implement the mapping mechanism so that the path could be appropriately set regardless of the changes in the assignments of addresses.  Chapter Seven discusses this issue, concluding that the database for the mapping mechanism may be independent from the assigning authority of address information.
3.5
Summary


Table 3-1 summarizes the classes of the connection of IP Telephony services and the problems to be solved in each class of connection of IP Telephony service.

Table 3-1
Classes of connection of IP Telephony service and problems to be
solved

Class of connection
Calling user in 
Called user in
Gateways on the path
Problems to be solved

Class 1

(Phone-to-Phone via the Internet)
See

Fig.3-2
SCN
SCN
-Gateway of Calling user
-Gateway of Called user

(via two gateways)
- The appropriate form of user address for a called user
- How to find the appropriate gateway in SCN

- How to find the appropriate gateway of called user in the Internet (Mapping mechanism to translate E.164 number of called user into IP address of gateway)

Class 2-1

(Phone-to-PC) 
See

Fig.3-3
SCN
the Internet
1 gateway between SCN and the Internet
- Whether E.164 number is appropriate for the user address for a called user 
- How to find the appropriate gateway in SCN

- How to find the IP address of called user (Mapping mechanism for the address information of called user)

Class 2-2

(PC-to-Phone) 
See

Fig.3-4
the Internet
SCN
1 gateway between SCN and the Internet
- How to find the appropriate gateway in the Internet (Mapping mechanism to translate E.164 number of called user into IP address of gateway)

Class 3

(PC-to-PC)
See

Fig.3-5
the Internet
the Internet
(N/A)
- How to find the IP address of called user (Mapping mechanism for the address information of called user)

Chapter Four
General form of the user address


 in Internet Telephony


In this chapter, I discuss the appropriate form of the user address in IP Telephony service that would work even when a calling user and a called user are separate in SCN and the Internet.  First, I review the recent studies in IETF and ETSI.  I also examine the general approaches to provide the communication between users separate in SCN and the Internet.  Then, I discuss the assignment of E.164 number to the user on computer terminal in the Internet, as the general form of the user address in IP Telephony.
4.1
Discussion in IETF 


In IETF, the study on the addressing system for IP Telephony is based on the assumption that E.164 number is assigned to each user who can access the Internet through any connected terminal.  Lee and Orsic (1998) mention the two advantages of assigning E.164 number to user on computer terminal in the Internet.  Assigning E.164 makes it easier for the user on telephone terminal to call the user on computer terminal.  Besides, the existing function in the Internet can be applied to provide IP Telephony service.

When the routing in the Internet is conducted in accordance with the E.164 number assigned to a called user, the E.164 number should be converted into the corresponding IP address.  For that conversion, the Internet should have the database for the mapping between E.164 and IP address and the function to access it.  Such a database might be distributed and implemented in the gateway of ITSP, the server of IP Telephony or other machines special to this purpose that is analogous to DNS servers.  There are some proposals to use the hierarchical tree structure for the database for the mapping between E.164 numbers and IP addresses.
4.1.1
Use of Domain Name System for IP Telephony

Faltstrom (1998) discusses the use of Domain Name System (DNS) for IP Telephony service.  DNS provides the mapping between domain names and IP addresses.  When the E.164 numbers are recorded in the form of domain names, DNS can provide the mapping between E.164 numbers and IP addresses for IP Telephony service.  Faltstrom proposes to create the e164.int subdomain and record the E.164 number in the form of domain name in the e164.int name space.  In E.164 number, Country Code (CC) comes first as a top level factor followed by National Destination Code (NDC) and Subscriber Number (SN).  On the other hand, the lower level domain comes first and the top level domain comes last in domain name.  Thus, the domain name of E.164 number is syntactically the opposite of E.164 number and in backward order.  For example, the E.164 number of “+1 555 123 4567” is recorded as the domain name of “7.6.5.4.3.2.1.5.5.5.1.e164.int”.
4.1.2
Use of the tpc.int subdomain for IP Telephony

The tpc.int subdomain has been prepared since 1993 for sharing the facsimile server.  It was first prepared for an experimental project to send facsimile messages by using e-mail so that most of the path could be set within the Internet and only the final local access line from computer to fax machine could be set in SCN.  The experiment had been conducted using the facsimile servers voluntarily joining the tpc.int sub domain.  Although the experiment was over in 1994, the tpc.int subdomain was recreated as the tpc.int fax server project by one of the participants in the experiment and has been maintained voluntarily.

For the facsimile service using the tpc.int subdomain, each facsimile server registers with the tpc.int fax server project its domain name and the coverage of E.164 numbers to which it can send the facsimile message.  The data of E.164 number has been recorded in the form of domain name in the tpc.int name space.  For example, the E.164 number of “+1 555 123 4567” is recorded as the domain name of “7.6.5.4.3.2.1.5.5.5.1.tpc.int” or “15551234567.iddd.tpc.int”.  Like the e164.int subdomain proposed mentioned in Section 4.1.1, the former domain name is syntactically the opposite of E.164 number and in backward order.  The facsimile message is sent via e-mail through the Internet to the server corresponding to the E.164 number recorded in the domain name.  The address format of the facsimile service using the tpc.int subdomain is as follows.

remote-printer.recipient_name@fax_number.iddd.tpc.int

In the above address, “recipient_name” is the name of the recipient a user wants to have on the coversheet and “fax_number” is the E.164 number assigned to the facsimile of the recipient that begins with Country Code.  For example, suppose that a user wants to send a facsimile message to Mr. Smith whose facsimile number is “+1 555 123 4567” using the tpc.int subdomain.  The user sends his or her message via e-mail to the following address. 

remote-printer.Smith@15551234567.iddd.tpc.int

Otherwise, the user may sends his or her message to the following address.

remote-printer.Smith@7.6.5.4.3.2.1.5.5.5.1.tpc.int

In either case, the e-mail is sent to the facsimile server corresponding to the E.164 number of “+1 555 123 4567”.  When the server receives the message, the server sends it to the facsimile in SCN in accordance with the E.164 number recorded in the domain name.  The facsimile service by using tpc.int subdomain is free of charge.  However, because the service coverage of E.164 numbers completely depends on the facsimile servers joining the tpc.int subdomain, the message can not be sent if the E.164 number of called user does not correspond to any servers. (TPC, 1999)

The tpc.int subdomain is considered to be applicable to other services that require the interconnection between SCN and the Internet.  Rose (1994) proposes the application of the tpc.int subdomain to the radio pager service for a calling user in the Internet.  Recognizing the possible solutions by using the tpc.int subdomain for IP Telephony service, Brown (1998) makes a proposal to construct the database of E.164 numbers for the mapping in the shape of the hierarchical tree.  In the hierarchical tree structure of the database, each digit of an E.164 number is treated as a node, like each digit marked off by comma in the tpc.int subdomain of “7.6.5.4.3.2.1.5.5.5.1.tpc.int”.  He considers that it is advantageous for the future services including number portability to treat each digit of an E.164 number as a node in the hierarchical tree structure of the database.  He also shows how to prepare the mapping information of E.164 numbers in the database so that the database can be accessed through the existing directory service, such as DNS, DAP, LDAP and X.500.

4.2
Discussion in ETSI 


ETSI has been studying the IP Telephony application in its project named TIPHON, Telecommunication and Internet Protocol Harmonization Over Networks.  


First, ETSI has discussed PC-to-Phone (Class 2-2) connection in TIPHON project.  As a result of the discussion so far, ETSI has recognized the following requirements.

· A called user on telephone terminal already has E.164 number assigned in SCN.

· A calling user on computer terminal in the Internet can input E.164 number to identify a called user.  This shall be independent of whether the E.164 number has been ported, and whether the E.164 number refers to a terminal or a user.

· If the mapping between E.164 and IP address is prepared, E.164 number can be used to identify a called user and to set the path in PC-to-Phone (Class 2-2) connection.

Thus, ETSI (1998c) has decided that E.164 number shall be assigned to a user in SCN and the format of address information passed between SCN and the Internet shall be E.164 number.
Besides, ETSI (1998e) requires IP Telephony to preserve the existing service in SCN.  To provide the caller identification service, the malicious call tracing service and the emergency call service, SCN requires that a calling user should have the E.164 number assigned because only E.164 number can be transported and recognized within SCN.  Thus, to support these services in PC-to-Phone (Class 2-2) connection, ETSI has decided that a calling user on computer terminal in the Internet should have the E.164 number assigned.  ETSI proposed this requirement to ITU-T SG2. (Telekom Austria, 1998a)

On the other hand, ETSI also recognizes that other addressing scheme than E.164 number may be used in PC-to-PC (Class 3) connection because PC-to-PC (Class 3) connection is completely based on the Internet technology. (Telekom Austria, 1998b)  If the other addressing scheme is introduced for PC-to-PC (Class 3) connection in addition to E.164 number, it adds some complexity but avoids the unnecessary retro fit to E.164 number.

Furthermore, ETSI has examined in detail what type/structure of E.164 number should be used for IP Telephony.  ETSI has proposed the three options, national geographic number, national non-geographic number and global number, as the candidates of the E.164 number assigned to IP Telephony user.  ETSI have mentioned that these options are not mutually exclusive and should be available in parallel.  As for the option of using the global number, ETSI is now proposing in ITU-T to assign a particular country code to IP Telephony service.  (Telekom Austria, 1998a)
4.3
General approaches to the routing between users separate in SCN and the Internet


When a calling user and a called user are split in SCN and the Internet, the calling user should provide the address information of called user so that the routing systems in SCN and the Internet could work in accordance with it respectively.  There seems to be three different approaches to the routing of IP Telephony between users separate in SCN and the Internet.

The first approach is adding the new function to SCN to deal with the address information used in the Internet, such as IP address, domain name, e-mail address and so on.  In the first approach, IP address and the other form of address information used in the Internet should be assigned to any users of IP Telephony.  A calling user would specify a called user by providing such address information assigned to the called user.  However, if the form like a domain name that can include characters is adopted as the address information for IP Telephony, a calling user in SCN has to input characters using the combination of the figures of 0-9 and the symbols of star (*) and square (#) in telephone terminal.  Then, the standard mechanism of how to input the characters from telephone terminal should be additionally required.  Furthermore, this approach is not feasible because the huge modification is required for the routing system in SCN.  As I assume in Section 2.4, if the modification of SCN would be required for IP Telephony service, it should be limited only to deal with E.164 number for IP Telephony service.  Either the IP-based routing function or the function to deal with the address information used in the Internet should not be installed in SCN.

The second approach is adding the new function to the Internet to deal with E.164 number.  In the second approach, E.164 number should be assigned to any users of IP Telephony.  A calling user would specify a called user by providing the E.164 number assigned to the called user.  As mentioned in Section 2.4, the new function implemented to the Internet should include the mapping mechanism between E.164 numbers and IP addresses.  Using the subdomain for E.164 number in the Internet, as mentioned in Sections 4.1.1 and 4.1.2, might be considered as one of the solutions along this approach.  Even though the new function is added to the Internet to deal with E.164 number for IP Telephony service, the routing in the Internet should be conducted in accordance with IP address.  If the similar form of E.164 number is adopted as the address information of IP Telephony, a calling user in SCN can dial the address information of called user in the same way as in a usual telephone service.  It is considered the advantage of assigning E.164 number to a user on computer terminal in the Internet.  On the other hand, because IP Telephony service shares finite E.164 numbers with other services in SCN, the capacity for the users of IP Telephony service might be limited.


The third approach is creating the new addressing system other than IP address or E.164 number and adding the new function to both SCN and the Internet to deal with it.  In the third approach, the newly created address should be assigned to any users of IP Telephony.  A calling user would specify a called user by providing the newly created address assigned to the called user.  The third approach needs the modification of both SCN and the Internet to add the function to deal with the newly created addressing system.  Like the first approach, the third approach is not feasible because the huge modification is required for the routing system in SCN, which is contrary to the assumption on the modification of SCN mentioned in Section 2.4.


According to the discussion above, only the second approach is feasible for the routing of IP Telephony between users separate in SCN and the Internet.  Therefore, I would like to assume that at least E.164 number is assigned to a user on computer terminal as the address information for IP Telephony and a calling user can specify a called user through E.164 number.
4.4
Questions regarding the addressing scheme for PC-to-PC (Class 3) connection


As ETSI mentions, the other addressing scheme than E.164 number may be used in PC-to-PC (Class 3) connection because PC-to-PC (Class 3) connection is completely based on the Internet technology.  Assigning E.164 numbers to the users on computer terminals in the Internet would bring some interesting issues on PC-to-PC (Class 3) connection, such as whether any other addressing scheme is suitable for PC-to-PC (Class 3) connection.  

However, assigning E.164 numbers to the users on computer terminals in the Internet is considered as one of the minimum requirements to secure the communication between the users of IP Telephony.  The potential called user should require the assignment of E.164 number to receive a call even though E.164 number is not used in PC-to-PC (Class 3) connection.  Thus, I would like to concentrate on the assumption of the assignment of E.164 number to the user of IP Telephony services in the thesis.  I would like to say that the issues on other addressing scheme for PC-to-PC (Class 3) connection would be for further study and beyond the scope of the thesis.  
4.5
Consideration on the possible options for the assignment of E.164 numbers - Review of ETSI’s proposals
On the assumption that E.164 number is assigned to a user on computer terminal in the Internet, I would like to review in detail the three options of assigning E.164 number presented by ETSI.  The type of E.164 number assigned to the user in the Internet affects the capacity of numbering space, the application of number portability and the routing in SCN for Phone-to-PC (Class 2-1) connection.  The capacity of numbering space generally depends on how many digits are available for SN or GSN and how the numbering space is shared with other users.  The application of number portability depends on the service characteristics of the counterpart.  Regarding the routing of IP Telephony in SCN, not only the type of E.164 number assigned to the user in the Internet but also the dialing procedure and the interface for the interconnection between the network of calling user in SCN and the Internet affect the possible options for it.  Thus, I would like to discuss it later in the thesis.
4.5.1
Option 1: assigning national geographic number

In this option, E.164 number composed of CC, NDC and SN is assigned to a user on computer terminal in the Internet.  The E.164 number assigned to the user in the Internet has the same form of the number assigned to the usual telephone terminal in SCN.  The NDC in the E.164 number assigned to the computer terminal is so called a “area code” and indicates a particular numbering area of SCN within a country.  The usual telephone service and IP Telephony service share the NDC in each numbering area.  The E.164 number assigned to the user does not tell that the user is in the Internet.


The capacity for IP Telephony is considered relatively small in this option.  Suppose that this option is applied in the US.  Because the E.164 number in the US has 7digits for SN, the maximum capacity is 107 numbers per NDC, or per each numbering area.
  Because IP Telephony should share NDC in each numbering area with the usual telephone service, IP Telephony should also share the capacity per NDC.  Thus, the E.164 numbers available for IP Telephony are in some portion of the entire capacity.

Furthermore, the demand for E.164 number is rapidly increasing and the available numbers are almost running out in many numbering areas to accommodate the users of the usual telephone service.  In such areas, the room for IP Telephony is very limited.  The additional assignment of E.164 numbers to IP Telephony service would cause the additional assignment of NDC to the area.
  It is considered undesirable by users.

4.5.2
Option 2: assigning national non-geographic number

In this option, E.164 number composed of NDC and SN is domestically assigned to a user on computer terminal in the Internet.  Although the E.164 number assigned to the user in the Internet has the same form of the number assigned to a usual telephone in SCN, a particular combination of digits in the NDC indicates that this number is used for IP Telephony service in the national numbering plan.  However, the NDC used for IP Telephony might not be recognized in an international call.  It is in the same manner in which the area codes of 800, 888 and 877 in the US are specially used for tool-free telephone service.


Because a particular NDC is exclusively used for IP Telephony, the capacity of numbering space depends on the maximum capacity per NDC.  If this option is applied in the US, the maximum capacity is 107 numbers per NDC.  It should be carefully considered whether the capacity is large enough in comparison with the estimated number of users in a country.  It is desirable that a single NDC should uniquely indicate the service of IP Telephony.  However, IP Telephony may require several NDCs to accommodate all users in a country in the similar way as the tool-free telephone service does.  In the US, the area codes of 800 has been assigned to that service since the late 60’s.  As the number of users increases, the area codes of 888 and 877 have been additionally assigned to the tool-free telephone service.
4.5.3
Option 3: assigning global number

In this option, IP Telephony is recognized as a global service and a particular CC of E.164 number is internationally assigned to IP Telephony service.  E.164 number composed of CC and GSN is assigned to a user on computer terminal in the Internet.  It is in the same manner in which particular CCs have been assigned to Universal Personal Telecommunication, Global Mobile Satellite System and Universal International Freephone Service, respectively.


Because a particular CC is exclusively used for IP Telephony, the capacity of numbering space depends on the maximum capacity per CC.  According to ITU-T Recommendation E.164, the CC for global service has three digits and the maximum number of the digit in GSN is 12.  Therefore, the maximum capacity of numbering space for IP Telephony is 1012 numbers per CC.  Although it is not assured that the capacity is enough to accommodate users all over the world, it is relatively much larger than the capacity in either Option 1 or Option 2. 
4.5.4
Considerations on number portability

The difference between the types of E.164 numbers used for IP Telephony service affects the introduction of number portability to IP Telephony because the different types of E.164 numbers stand for the different scheme for the routing in SCN.  Considering the difference between the types of E.164 numbers, I would like to examine the effect of number portability in each option.
Number portability between IP Telephony service and a usual telephone service


The number portability between IP Telephony service and a usual telephone service is categorized as the service portability.  However, the number portability between each option and a usual telephone service may differ as to the users’ recognition.

Option 1 has the identical form of E.164 number as a usual fixed service.  Thus, the users may recognize that Option 1 is almost same or broader service than the usual fixed telephone and the number portability between Option 1 and the usual fixed telephone service is almost same as the service provider portability.  It may be relatively easy to introduce the number portability between Option 1 and a usual fixed service if IP Telephony really has the same or broader service characteristics than the usual fixed telephone.

On the other hand, the number portability between Option 2 or Option 3 and the usual telephone service may be clearly recognized as the service portability because of the difference in the form of E.164 number between them.  Besides, because a particular CC of E.164 number is internationally assigned to IP Telephony service in Option 3, the number portability between Option 3 and the usual telephone service is conducted between the numbers with the different country codes.  It requires the more complex mechanism for routing in SCN than the number portability within the same country code.  The international gateway switch in SCN should be involved in the number portability in Option 3.
Number portability among ITSPs 

As mentioned in the discussion in ETSI, the options 1-3 are available in parallel like E.164 numbers used in SCN.  Suppose that Options 1-3 coexist.

The number portability between ITSPs that follow the same option might be relatively easy to introduce because the ported number is in identical form to the number originally used in the ITSP and the ITSPs might easily deal with the ported number.  

On the other hand, the number portability between ITSPs that follow the different options might be a little bit complicated because the ITSP might prepare to deal with the ported number in different form.  Furthermore, if the structure of E.164 number contains the indicator of ITSP
 in Option 2 or Option 3, the number portability might need the more complicated arrangement.
4.6
Summary


To make the communication between users split in SCN and the Internet, it is required for IP Telephony to assign E.164 numbers to the user on computer terminal in the Internet.  The possible options of assigning E.164 number to the user on computer terminal in the Internet are shown in Table 4-1.  Although ETSI recognizes that the different forms of E.164 numbers assigned to IP Telephony may co-exist, it causes the more complicated arrangement for number portability.  Besides, although global number seems to be most advantageous in terms of the capacity of numbering space, it should be further considered later in the thesis how the form of E.164 number assigned to IP Telephony affects the routing of IP Telephony.

Table4-1:
Options of the assignment of E.164 number

to user on computer terminal in the Internet

Option:

Form of E.164 number assigned to the user of IP Telephony in the Internet
Example of option 
Capacity of numbering space
Can user or network tell just from looking at the number whether the call uses IP Telephony?

1) national geographic number

The usual telephone service and IP Telephony service share the area code in each numbering area.
In Boston,

+1-617-Nxx-xxxx
very small
No

2) national non-geographic number

Special NDC is assigned to IP Telephony, like the NDC of “800” for toll-free telephone service
Suppose that the NDC of “777” is assigned to IP Telephony service in the US, 

+1-777-xxx-xxxx
small
Yes, in domestic call

No, in international call

3) global number

Special CC is assigned to IP Telephony in global level, like the CC of “800” for Universal International Freephone Service
Suppose that the CC of “777” is assigned to IP Telephony service, 

+777-xxxxxx...

(up to 15 digits in total)
relatively large
Yes

Chapter Five
Routing from a calling user to the ITSP

When IP Telephony service is used, a calling user has to access the ITSP.  When a calling user is in the Internet, he or she can directly access the ITSP.  On the other hand, when a calling user is in SCN, the routing system in SCN should find out the appropriate gateway between the network of calling user in SCN and the Internet to set the path, in accordance with what the calling user dials.  In this chapter, I would like to discuss how to route a calling user to the ITSP, especially how the routing system in SCN works to specify the gateway in Phone-to-Phone (Class 1) connection and Phone-to-PC (Class 2-1) connection.

First, I discuss the two types of IP Telephony service and the access line to the ITSP.  I also review how a calling user dials in IP Telephony service.  Then, I consider how the path is set from a calling user to the gateway in SCN. 

5.1
Two types of IP Telephony service - Review of the discussion in ETSI -


Considering that IP Telephony provides the communication from a calling user to a called user, ETSI has recognized the two types of IP Telephony service provided by the ITSP as follows. (Telekom Austria, 1999a)

5.1.1
Termination service provided for the user on computer terminal in the Internet

To receive the call of IP Telephony, a user on computer terminal in the Internet must have the E.164 number assigned as the address for IP Telephony service and inform the ITSP to which the user on computer terminal in the Internet subscribes of its E.164 number.  From the viewpoints of the ITSP, the ITSP accommodates the user on computer terminal in the Internet as its subscriber and provides the connection of IP Telephony to its subscriber when the other user of IP Telephony calls its subscriber.  I would like to term that service of connection provided by the ITSP for a called user the termination service.

The user on computer terminal in the Internet can not omit the subscription to the ITSP to use the termination service of IP Telephony.  The termination service is in the similar manner in which a local exchange carrier connects its customer with the other user when the other user calls its customer.  When the ITSP provides the termination service for the user, the ITSP should store the address information of the user in the server for IP Telephony.
5.1.2
Transit service provided for calling user

To call the other user using IP Telephony, a calling user must first access the ITSP and input the E.164 number assigned to that user he or she wants to call.  From the viewpoints of the ITSP, the ITSP makes a transit of communication between the calling user and the called user that the calling user designates.  I would like to term that service of the transit of the communication provided by the ITSP for a calling user the transit service.
  The ITSP providing the transit service requires the mapping mechanism between E.164 numbers and IP addresses to find the IP address of the gateway or the called user.
  The path for the transit service in the Internet may be set by a single ITSP or through the interconnection among ITSPs/ISPs
.  Once audio signals and control signals of CCSS are converted into IP datagrams by the gateway of ITSP, the ISP can convey such IP datagrams in the Internet.

A calling user may select the ITSP that would provide the transit service for him or her in the same manner as he or she selects the carrier or service provider for a long distance call in a usual telephone service.
  When a calling user selects the ITSP to use the transit service, the ITSP should access the server of IP Telephony to authenticate the calling user, to identify the address of the called user, and to bill the calling user for the transit service.

On the other hand, the transit service should be provided in Phone-to-PC (Class 2-1) connection even if a calling user would not intend to use it.  It should be noted that a calling user might not know a called user being on computer terminal in the Internet.  A calling user should not be expected to indicate that a calling user is in the Internet.  Thus, a calling user might dial only the E.164 number assigned to the called user.  Even in such a case, the routing system in SCN has to identify the called user being in the Internet and set the path to the gateway.
5.1.3
Termination service and transit service in each class of connection


Both the termination service and the transit service are not involved in every class of the connection of IP Telephony. 


In Phone-to-Phone (Class 1) connection, because both a calling user and a called user are in SCN, the termination service is not involved.  Thus, as shown in Fig.5-1, only the transit service is involved.  In Phone-to-Phone (Class 1) connection, a calling user has to indicate that he or she intends to use the transit service of IP Telephony.  Unless a calling user indicates it, the routing system in SCN sets the path from a calling user to a called user within SCN in the same manner as the usual telephone service.
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In Phone-to-PC (Class 2-1) connection, a calling user in SCN uses the transit service.  Furthermore, a called user is on computer in the Internet and needs the termination service.  Thus, as shown in Fig.5-2, both the transit service and the termination service are involved.  As mentioned in Section 5.1.2, a calling user in SCN may or may not intend to use the transit service.  The transit service should be provided in Phone-to-PC (Class 2-1) connection even if a calling user would not intend to use it.
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In PC-to-Phone (Class 2-2) connection, because a calling user is on computer terminal in the Internet, it needs the termination service.  Furthermore, a calling user uses the transit service to reach a called user in SCN.  A calling user has to access the ITSP that would provide the transit service for him or her.  Thus, as shown in Fig.5-3, both the transit service and the termination service are involved. 
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In PC-to-PC (Class 3) connection, because both a calling user and a called user are on computer terminal in the Internet, both need the termination service.  Furthermore, a calling user uses the transit service.  A calling user has to access the ITSP that would provide the transit service for him or her.  Thus, as shown in Fig.5-4, both the transit service and the termination service are involved.
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When both the transit service and the termination service are involved, the ITSP providing the transit service may be different from the ITSP providing the termination service.
5.2
Shorter access line to ITSP in SCN

It is pointed out that using the Internet for telephony service might cost less than using SCN.  Otherwise, the use of the Internet for telephony service does not incur the long distance or international tariffs at least now.  It is recognized as one of the advantages of IP Telephony service. (Clark, 1997 and ETSI, 1998a)

Although it is controversial whether this advantage of IP Telephony comes from the nature of IP Telephony service or is temporary because of the present regulation on the tariffs, I would like to assume that the shorter access line in SCN is preferred in IP Telephony service if possible.  There are two types of the access line in SCN for IP Telephony service, the access line connected to a calling user and the access line connected to a called user.  The shorter line is preferred in either type.  On the other hand, the length of the access line in the Internet may not matter in IP Telephony service.

On the assumption, the ITSP that resides in a certain country can provide the transit service for the users in the other countries.  If the ITSP prepares the gateway in the countries where the users reside so that the users could reach the Internet with the shorter access line in SCN, the physical location of ITSP does not matter for IP Telephony service.  For example, suppose that the ITSP that resides in Tokyo prepares its gateways in New York and London so that the users in these cities could access the Internet with the shorter access lines in SCN.  Then, that ITSP in Tokyo can provide the transit service between the users in New York and London.
5.3
Access to the ITSP providing the transit service


When a calling user uses IP Telephony service, he or she must first access the ITSP that would provide the transit service for him or her.  As mentioned in Section 5.1.2, a calling user may not intend to use IP Telephony service in Phone-to-PC (Class 2-1) connection.  However, even in such a case, a calling user should access the ITSP that would provide the transit service for him or her although he or she does not recognize it.  Then, the ITSP accessed by the calling user is responsible for the routing of IP Telephony service within the Internet in accordance with the direction given by the calling user.  


In PC-to-Phone (Class 2-2) connection and PC-to-PC (Class 3) connection, a calling user is in the Internet and can directly access the ITSP through the Internet.  Like the present available service mentioned in Section 3.3, a calling user in the Internet might automatically access the ITSP by the user’s application software program or manually access the ITSP by browsing the web site.  To set the path to the called user, the ITSP selected by the calling user must have the interconnection with the ITSP providing the termination service for the called user.

On the other hand, in Phone-to-Phone (Class 1) connection and Phone-to-PC (Class 2-1) connection, a calling user is in SCN.  The path from a calling user to the gateway of the ITSP that would provide the transit service for him or her is set in accordance with what the calling user dials.  The path set from a calling user to the gateway of the ITSP depends on the dialing procedure that a calling user in SCN follows and the form of E.164 number assigned to a called user.
5.4
Possible options for the routing to the gateway of ITSP in SCN in Phone-to-Phone (Class 1) connection

In this section, I discuss the possible options to set the path from a calling user to the gateway of the ITSP in SCN in Phone-to-Phone (Class 1) connection.  As mentioned in Section 5.1.3, a calling user in Phone-to-Phone (Class 1) connection must intend to use the transit service of IP Telephony.
5.4.1
Option for the dialing-up access to the ITSP

When a calling user in SCN follows the two-stage dialing procedure to reach the called user, he or she first accesses a particular ITSP that would provide the transit service for him or her by dialing up the E.164 number assigned to one of its access points in SCN.  In this case, setting the path from a calling user to the ITSP is independent from the form of E.164 number assigned to the called user.  After accessing the ITSP, the calling user should dial the E.164 number assigned to the called user. 

This option works in the same manner for a calling user to select an ISP that provides the dial-up access service to the Internet.  In this option, either the Network- Network Interface (NNI) or the User-Network Interface (UNI) is used for the interconnection between the network of calling user in SCN and the gateway of calling user.  When the NNI is used, the telephone number dialed by the calling user is specially designed for the dialing-up access to the ITSP.
  On the other hand, when the UNI is used, the telephone number is assigned to one of the gateways of calling user.  SCN deals with the gateway as one of its subscribers and sets up the channel from the calling user to the gateway as the usual telephone service.
5.4.2
Options for the one-stage dialing

If the ITSP providing the transit service has the Carrier Access Code (CAC) assigned in SCN or the pre-subscription to the ITSP providing the transit service is available, a calling user follows the one-stage dialing procedure to make a call of IP Telephony.  If the ITSP providing the transit service has the CAC, the calling user can directly select the ITSP by dialing the CAC on top of the E.164 number of called user.  Furthermore, if the pre-subscription to the ITSP providing the transit service is available, the calling user with the pre-subscription can automatically select the ITSP although he or she may omit dialing the CAC and dial only the E.164 number of called user.

In such cases, the calling user can select the ITSP in the same manner to select a long distance carrier in the usual telephone service.  These options require the modification of SCN to add the CAC or the pre-subscription function for the ITSP.
  To fulfill the one-stage dialing, the NNI should be used for the interconnection between the network of calling user in SCN and the gateway of calling user.  The routing system of the network of calling user sets the path from the calling user to the gateway of calling user in accordance with the dialed CAC or the pre-subscription of the calling user.  The routing system in SCN would select the appropriate gateway so that the access line in SCN could be as short as possible in the given condition.  Setting the path from the calling user to the gateway is independent from the form of E.164 numbers assigned to the called user.
5.5
Possible options for the routing to the gateway of ITSP in SCN in Phone-to-PC (Class 2-1) connection

In this section, I discuss the possible options to set the path from a calling user to the gateway of the ITSP in SCN in Phone-to-PC (Class 2-1) connection.  As mentioned in Section 5.1.2, a calling user in Phone-to-PC (Class 2-1) connection might not know a called user being on computer terminal in the Internet.  A calling user should not be expected to indicate that a called user is in the Internet.  A calling user may dial only the E.164 number assigned to the called user.  The routing system of IP Telephony service should deal with the case where a calling user in SCN dials only the E.164 number assigned to a called user in the Internet, regardless of the dialing procedure that the ITSP providing the transit service would ask a calling user to follow.  It further implies that the routing system in SCN should detect the E.164 number assigned to a user in the Internet and access the gateway of ITSP.
5.5.1
Option for the dialing-up access to the ITSP

Suppose that a calling user is willing to use the transit service and follows the two-stage dialing procedure to reach the called user.  The calling user first accesses a particular ITSP that would provide the transit service for him or her by dialing up the E.164 number assigned to one of its access points in SCN.  Setting the path from a calling user to the ITSP is independent from the form of E.164 numbers assigned to the called user.  After accessing the ITSP, the calling user should dial the E.164 number assigned to the called user.  

This option works in the same manner for a calling user to select an ISP that provides the dial-up access service to the Internet or to make a telephone call using a calling card.  The ITSP selected by the calling user may be different from the ITSP providing the termination service for the called user.  However, to set the path to the called user, the ITSP selected by the calling user must have the interconnection with the ITSP providing the termination service for the called user.
  

In this option, either the NNI or the UNI is used for the interconnection between the network of calling user in SCN and the gateway of calling and called users.  When the NNI is used, the telephone number dialed by the calling user is specially designed for the dialing-up access to the ITSP.
  On the other hand, when the UNI is used, the telephone number is assigned to one of the gateways of the ITSP.  SCN deals with the gateway as one of the subscribers and sets up the channel from the calling user to the gateway as the usual telephone service.

Besides, because the calling user accesses the ITSP in the first dialing stage, the particular part in the E.164 number of the called user that indicates IP Telephony service is not required for the routing in this option.
5.5.2
Options for the one-stage dialing when a calling user selects the ITSP 

Suppose that a calling user is willing to use the transit service.  If the ITSP providing the transit service has the CAC assigned in SCN or the pre-subscription to the ITSP providing the transit service is available, a calling user follows the one-stage dialing procedure to make a call of IP Telephony.  If the ITSP providing the transit service has the CAC, the calling user can directly select the ITSP by dialing the CAC on top of the E.164 number of called user.  Furthermore, if the pre-subscription to the ITSP providing the transit service
 is available, the calling user with the pre-subscription can automatically select the ITSP although he or she may omit dialing the CAC and dial only the E.164 number of called user.

In such cases, the calling user can select the ITSP in the same manner to select a long distance carrier in the usual telephone service.  The ITSP selected by the calling user may be different from the ITSP providing the termination service for the called user.  However, to set the path to the called user, the ITSP selected by the calling user must have the interconnection with the ITSP providing the termination service for the called user.  

To fulfill the one-stage dialing, the NNI should be used for the interconnection between the network of calling user in SCN and the gateway of calling and called users.  The routing system of the network of calling user in SCN sets the path from the calling user to the gateway of the ITSP in accordance with the dialed CAC or the pre-subscription of the calling user.  The routing system in SCN would select the appropriate gateway so that the access line in SCN could be as short as possible in the given condition.  Setting the path from the calling user to the gateway is independent from the form of E.164 numbers assigned to the called user.  

Besides, because the calling user accesses the ITSP in the first dialing stage, the particular part in the E.164 number of the called user that indicates IP Telephony service is not required for the routing in this option.
5.5.3
Options for the one-stage dialing when a calling user does not select the ITSP 


In Sections 5.5.1 and 5.5.2, I discuss the routing in Phone-to-PC (Class 2-1) connection when a calling user intends to select the ITSP for the transit service.  However, it is possible that a calling user does not select the ITSP and follows the usual dialing procedure for telephone service in SCN.  Suppose such a case.  

If the calling user selects a particular carrier/service provider that provides the usual telephone service in SCN by dialing the CAC or with the pre-subscription, that carrier/service provider sets the path to the network of called user.  To set the path to the called user, the carrier/service provider selected by the calling user must have the interconnection with the ITSP providing the termination service for the called user.  

On the other hand, if the calling user does not dial the CAC or does not have the pre-subscription, the routing to the called user in SCN completely depends on the E.164 number assigned to the called user.  The routing systems in SCN intend to set the path through SCN until they find out that the dialed number is for a call to the user in the Internet.  When the routing systems in SCN recognize that the dialed number is for a call to the user in the Internet, they access the gateway.  Then, the path is set to the called user in the Internet using the transit service and the termination service of IP Telephony although the calling user does not intend to select the ITSP for the transit service.  The E.164 number assigned to the user in the Internet may explicitly indicate that the call goes to the Internet.  How to select the ITSP providing the transit service in this case might depend on the arrangement for the interconnection between SCN and the ITSP providing the termination service for the called user.  Given that the ITSP providing the transit service is selected so that the path can be set to the called user in the Internet, the possible options for the routing depends on which of the possible forms of E.164 number mentioned in Chapter 4 is used for IP Telephony service.
Option 1: Called user of IP Telephony with national geographic number

In this option, the E.164 number assigned to the user on computer terminal in the Internet is identical to that assigned to the usual telephone terminal in SCN.  The NDC in the E.164 number assigned to the user in the Internet indicates a particular numbering area.  Therefore, as mentioned in Section 4.5.1, neither a user nor the switch in SCN can tell just from looking at the number that the call uses IP Telephony.  The routing system in SCN sets the path to the numbering area indicated by the NDC of the dialed number.  When the path reaches the numbering area, the switching system in the numbering area, either Trunk Switch (TS) or Local Switch (LS), reads out the SN in the dialed number and finds out that the dialed number is for a call of IP Telephony service in Phone-to-PC (Class 2-1) connection.  To deal with the call of IP Telephony, the switch in that numbering area should have the query function to check whether the number is used for IP Telephony service and to retrieve the address to set the path.
  Through the query, it eventually recognizes that the dialed number is assigned to a computer terminal in the Internet and accesses the gateway to reach a called user in the Internet.  It implies that the interconnection point between SCN and the Internet depends on the NDC in the E.164 number assigned to the called user.

Therefore, as shown in Fig.5-5, the most part of the path from a calling user to a called user may be set through SCN to the geographical area that the NDC indicates.  The path set in SCN might be long.  Furthermore, if a called user accesses the Internet outside the numbering area the NDC indicates, the path set in the Internet also may be long.  Thus, the path may not be the shortest one in this option.
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As shown in Fig.5-6, if the LS in the network of calling user would have the function to detect a call to the user in the Internet through the dialed number, it could access the nearest gateway and avoid the long path set in SCN.  However, if the LS has such a function, all originated calls should be checked in the LS at a call setup.  It is a huge change of the routing procedure in SCN and not feasible because such a function should be implemented into all LSs in SCN.  Actually, although the same scheme is considered as one of the options for the implementation of number portability, it is not recognized as a practical solution because of the same reason.
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Option 2: assigning national non-geographic number

In this option, the NDC in the E.164 number assigned to the user on computer terminal in the Internet explicitly indicates that the call goes to the Internet.  In general, the routing system in SCN, such as the LS in the network of calling user, already has the function to detect and deal with a particular NDC.
  Therefore, it may require the relatively small modification of switches in SCN to add a new NDC indicating a particular service.  Besides, such a particular NDC is usually notified among users within a country.  Thus, within a country, a calling user as well as the routing system in the network of calling user can recognize that the dialed number is used for IP Telephony service.

When a particular NDC used for IP Telephony is included in the dialed number for domestic call, the switching systems in the calling network detect it.  If the NDC includes a service provider indicator, the switching system accesses the corresponding provider’s gateway.  If the NDC does not include a service provider indicator, the switching system accesses the appropriate gateway nearby.
  Then, the path is set from that gateway through the Internet.  Thus, as shown in Fig.5-7, the access line in SCN may be relatively short and the most part of the path to a called user may be set through the Internet.
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Although the most part of the path for a domestic call may be set through the Internet, this option may have the longer access line in SCN for an international call.  Because a particular NDC is used for a particular service in accordance with the national numbering plan of each country, it may not mean the same service outside the country.
  The routing systems in SCN in other countries may simply consider that such a particular NDC is one of the usual area code in that country.

Suppose that a calling user in one country dials the E.164 number including a particular NDC that is used for IP Telephony service in another country.  In this case, the routing system in SCN in the country where the calling user resides may not recognize that the NDC included in the dialed number is used for IP Telephony service in another country.  The routing system may consider that the dialed number is used for the usual telephone service in another country.  Thus, the routing system intends to set the path to the country through SCN in the same way as a usual international telephone call.  When the path reaches the country, the switch in the country, such as an international gateway switch in SCN
, which has the function to detect and deal with a particular NDC, finds out that the dialed number is used for IP Telephony service.  Then, it accesses the gateway in order to connect to a called user in the Internet.

Therefore, as shown in Fig.5-8, for an international call, the path is set in SCN from a calling user to the international gateway switch in the country that the CC in the E.164 number assigned to the called user indicates.  On the other hand, the path in the Internet is set from the international gateway switch to the called user.  It may cause the long path set in SCN.  Furthermore, if a called user accesses the Internet outside the country that the CC indicates, the path set in the Internet also may be long.  Thus, the path for an international call may not be the shortest one in this option.
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Option 3: assigning global number

In this option, the CC in the E.164 number assigned to the user on computer terminal in the Internet explicitly indicates that the call goes to the Internet.  Dialing the international prefix, CC and GSN is always required to connect to a user on computer terminal even if a called user is in the domestic area.  In general, the routing system in SCN, such as an international gateway switch in the network of calling user, already has the function to detect and deal with a particular CC assigned to a global service.
  Therefore, it may require the relatively small modification of the routing system in SCN to add a new CC indicating a particular global service.  Besides, such a particular CC is usually notified among users all over the world.  Thus, either within or outside a country, a calling user as well as the routing system in the network of calling user can recognize that the dialed number is used for IP Telephony service.

Because the dialing procedure for IP Telephony service is similar to that for international call, the LS in the network of calling user may not recognize a particular CC indicating IP Telephony service.  In such a case, although the dialed number includes the CC for IP Telephony service, the LS in the calling network may consider that the dialed number is for an international call in accordance with the international prefix in the dialed number.  Then, it may intend to set the path to an international gateway switch in the country in which the calling user resides, in the same way as a usual international call.  When the path reaches the international gateway switch, which has the function to detect and deal with a particular CC, that switch finds out that the dialed number is used for IP Telephony.  If the IC indicating a particular service provider follows the CC assigned to IP Telephony, the switching system accesses the corresponding provider’s gateway.  If the IC does not follow the CC, the routing system accesses the appropriate gateway nearby.
  Because the switch in SCN detects the CC and IC in the dialed number but does not have to read out all digits in the dialed number, the interface between the switch and the gateway should be the NNI.  Then, the path is set up from that gateway through the Internet.  Thus, as shown in Fig.5-9, the access line in SCN may be relatively short and the most part of the path to a called user may be set through the Internet.  It also implies that the path might be always the shortest one in this option, no matter where a called user accesses the Internet.
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5.6
Summary

The routing from a calling user to the ITSP providing the transit service depends on how to access the ITSP and the form of the E.164 number assigned to the called user.  Furthermore, how to select and access the ITSP depends on the network of calling user, the network of called user and the dialing procedure that the calling user follows.  The possible options for the routing from a calling user to the ITSP are shown in Fig.5-10.
In PC-to-PC (Class 3) connection and PC-to-Phone (Class 2-2) connection, a calling user is in the Internet and can access the ITSP directly through the Internet by using the application software program or browsing the web site.  Because the path from the calling user to the ITSP is set in the Internet, the form of E.164 assigned to the called user does not affect how to set the path from the calling user to the ITSP.

In Phone-to-Phone (Class 1) connection and Phone-to-PC (Class 2-1) connection, a calling user is in SCN and how to access the ITSP depends on the dialing procedure that he or she follows.  When a calling user in SCN intends to use the transit service of IP Telephony, he or she should select and access the ITSP providing the transit service and provide the E.164 number of a called user.  The calling user selects and accesses the ITSP by following the two-stage dialing, dialing the CAC of the ITSP or using the pre-subscription to the ITSP.  In either case, the form of E.164 assigned to the called user does not affect how to set the path in SCN from the calling user to the gateway of ITSP.
On the other hand, in Phone-to-PC (Class 2-1) connection, a calling user in SCN may not select the ITSP because he or she may not recognize that a called user is in the Internet.  Even in such a case, the path should be set from a calling user in SCN to the gateway of ITSP.  To set the path in this case, the routing system in SCN should be able to find the gateway and access the ITSP providing the transit service in accordance with the E.164 number assigned to the called user.  How to set the path in SCN from the calling user to the gateway of ITSP depends on the form of E.164 assigned to the called user.  The assignment of national geographic E.164 number to a called user makes the path in SCN longer.  The assignment of national non-geographic E.164 number to a called user makes the path in SCN for domestic call shorter and that for international call longer.  The assignment of global E.164 number to a called user makes the path in SCN shorter.
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Chapter Six
Mapping mechanism between E.164 numbers and IP addresses

In IP Telephony service, ITSP requires the mapping mechanism between E.164 numbers and IP addresses in the Internet.  As mentioned in Section 2.6.3, the mapping mechanism is required to find the appropriate gateway of called user in Phone-to-Phone (Class 1) connection and the appropriate gateway of calling and called users in PC-to-Phone (Class 2-2) connection.  Besides, because E.164 number should be assigned to the user on computer terminal in the Internet as mentioned in Chapter 4, the mapping mechanism is also required to find the IP addresses of called users in Phone-to-PC (Class 2-1) connection and PC-to-PC (Class 3) connection.  Because the mapping mechanism is based on the database of the E.164 numbers assigned to the potential called users, the content of the database for the mapping mechanism that the ITSP could access restricts the service that ITSP would provide.  So far, the general mechanism of the mapping for IP Telephony is not established.

In this chapter, I would like to discuss how the mapping mechanism that the ITSP could use affects the service that ITSP would provide.  First, I review the discussion on the mapping mechanism for IP Telephony in IETF and ETSI.  Then, I discuss the potential solutions for the mapping mechanism and how the potential solutions affects the IP Telephony service provided by ITSPs.
6.1
Discussion on the mapping mechanism


IETF and ETSI have been studying respectively the general function of the mapping mechanism between E.164 numbers and IP addresses.
6.1.1
Discussion in IETF

In IETF, several Internet drafts discuss the mapping mechanism between E.164 numbers and IP addresses and propose the general solutions including the practical protocols.

Rosenberg and Schulzrinne (1998) show the framework for the mapping mechanism in Phone-to-Phone (Class 1) connection and PC-to-Phone (Class 2-2) connection.  They identify the fundamental attributes of the gateway for IP Telephony and propose the introduction of Location Server.  Each gateway is characterized with the three attributes, the range of E.164 number to which it would provide the service, the volume of service
 that it can provide and the type of service
 that it can provide.  These attributes would be used as the criteria for the selection of the most suited gateway to set the path for a call.  The Location Server has the database of available gateways that contains these attributes of each gateway.
  The Location Server is used to select the most suited gateway in accordance with the E.164 number of called user and the requirements of the call.  Rosenberg and Schulzrinne assume that a number of Location Servers coexist in the Internet and the information on the gateways should be shared among them, using some standard protocol to be invented.


Agapi and others (1998)
 also considers the mapping mechanism in PC-to-Phone (Class 2-2) connection and PC-to-PC (Class 3) connection and identify the possible three business models of the interactions of Location Servers as follows.

· ITSP builds and maintains all necessary gateways and Location Server by itself.  The Location Server of ITSP have the function to map the E.164 number of the potential called user into the IP address of one of its own gateways, which is most suited to set the path to the called user.

· Several ITSPs form the coalition and share their gateways and the address information on their gateways among them.  The Location Servers of ITSPs exchange their information within the coalition.  The Location Servers have the function to map the E.164 number of the potential called user into the IP address of one of the gateways shared in the coalition, which is most suited to set the path to the called user.

· Every ITSP can share gateways and the address information of gateways in public.  All Location servers exchange their information with each other and share the same information on the mapping mechanism between the E.164 numbers of the potential called users and the IP addresses of gateways.  The Location Servers have the function to map the E.164 number of the potential called user into the IP address of one of the shared gateways, which is most suited to set the path to the called user.

They mention that the implementation of the mapping mechanism depends on the business model the ITSP follows.


In addition, Lee and Orsic (1998) consider the framework for the mapping mechanism in Phone-to-PC (Class 2-1) connection and PC-to-PC (Class 3) connection.  In Phone-to-PC (Class 2-1) connection and PC-to-PC (Class 3) connection, the called user is on computer terminal in the Internet.  Assuming that E.164 number would be assigned to the user on computer terminal in the Internet, they show the framework to identify the IP address of the called user on computer terminal in the Internet when the E.164 number assigned to the called user is given.  The basic idea of the framework they show is similar to that of the framework shown by Rosenberg and Schulzrinne to identify the IP address of gateway in Phone-to-Phone (Class 1) connection and PC-to-Phone (Class 2-2) connection.
6.1.2
Discussion in ETSI


As mentioned in Section 4.2, ETSI is considering the assignment of the global E.164 number to IP Telephony service.  Thus, the discussion in ETSI on the mapping mechanism between E.164 numbers and IP addresses is based on the general idea of the global database so far.  ETSI recognizes that the databases for the mapping mechanism are centralized but distributed and are shared among the ITSP on global basis.  Besides, as mentioned in Section 5.1.2, the ITSP providing the transit service requires the mapping mechanism.
  Although ETSI has studied the structure of the functions of database, ETSI has not mentioned the detail of the protocols for the exchange of information between the databases.
6.2
Consideration on the possible models of the interaction on the mapping mechanism

According to the discussion above, the studies in both IETF and ETSI are based on the idea of shared database for the mapping between E.164 numbers and IP addresses.  However, as Agapi and others mention, the implementation of the mapping mechanism depends on the business model the ITSP follows.  I would like to review how the routing of IP Telephony works in the different business models and how the business model affects the routing in each class of IP Telephony connection.
6.2.1
General business models applicable to all classes of connection


Although Agapi and others focus their discussion on the mapping mechanism in PC-to-Phone (Class 2-2) connection and PC-to-PC (Class 3) connection, the three business models they identify can be expanded into the more general forms that can be applicable to all classes of IP Telephony connection.  I would like to re-define the three business models as follows.
Model 1: Private network approach

ITSP builds and maintains all necessary gateways and the server of IP Telephony by itself.  ITSP stores the address information of its gateways in its own server.  If the ITSP provides the termination service of IP Telephony, the ITSP also stores the address information of its subscribers who use the termination service in its own server.

The ITSP provides the transit service using its own servers.  When the user on telephone terminal in SCN is called, the server of the ITSP maps the E.164 number of the called user into the IP address of the most suited gateway to set the path.  When the user on computer terminal in the Internet for whom the ITSP provides the termination service is called, the server maps the E.164 number of the called user into the IP address of the called user.
Model 2: Closed group approach

Several ITSPs form the coalition and share their gateways in the coalition.  Each ITSP in the coalition stores the address information of its gateways in its own server.  In addition, if the ITSP in the coalition provides the termination service of IP Telephony, the ITSP also stores the address information of its subscribers who use the termination service in its own server.  The servers of ITSPs exchange their information within the coalition.  Thus, the servers of ITSPs in the coalition share the address information.  The common format for the data of address information in the database is required within the coalition.

The ITSP in the coalition provides the transit service in accordance with the address information shared in the coalition.  When the user on telephone terminal in SCN is called, the server of the ITSP maps the E.164 number of the called user into the IP address of the most suited gateway shared in the coalition.  When the user on computer terminal in the Internet for whom the ITSP in the coalition provides the termination service is called, the server maps the E.164 number of the called user into the IP address of the called user.
Model 3: Open system approach

Every ITSP can share gateways.  Each ITSP stores the address information of its gateways in its own server.  In addition, if the ITSP provides the termination service of IP Telephony, the ITSP also stores the address information of its subscribers who use the termination service in its own server.  All servers can exchange their information with each other and share the same address information.  The open standard format for data in the database is required for sharing the address information.

The ITSP provides the transit service in accordance with the shared address information.  When the user on telephone terminal in SCN is called, the server of the ITSP maps the E.164 number of the called users into the IP address of the most suited gateway.  When the user on computer terminal in the Internet is called, the servers map the E.164 number of the called user into the IP address of the called user.
The different ITSP may choose the different model in accordance with its business plan.  However, each ITSP should choose only one of the three models and can not choose two or more models at the same time.  I assume that the exchange of the address information among the ITSPs should be reciprocal.  The ITSP following the private network approach can not use both the gateways and the address information of any other ITSPs.  The ITSP following the close group approach can share the gateways and the address information only within the coalition.  The ITSP following the open system approach can share the gateways and the address information with other ITSPs that also follow the open system approach.  If the ITSP can use the address information of other ITSP unilaterally, the former ITSP has a clear advantage over the latter ITSP to provide the services.

In the private network approach, because the whole system required for the mapping is operated by the ITSP itself, the ITSP may use the proprietary protocols for the mapping mechanism.  However, the private network approach may restrict the service that the ITSP provides because of the limited location of the gateways.  Besides, the ITSP can not provide the transit service when the called user is on computer terminal in the Internet and subscribes to other ITSP for the termination service.

In the closed group approach, the ITSP in the coalition should use the common protocols for the mapping mechanism.  The protocol for the mapping mechanism may be proprietary to the coalition.  Because the gateways are shared with other ITSPs in the coalition, the closed group approach may less restrict the service that the ITSP provides, in comparison with the private network approach.  However, like the private network approach, the ITSP can not provide the transit service when the called user is on computer terminal in the Internet and subscribes to the ITSP in the other coalition for the termination service.


On the other hand, in the open system approach, the location of gateways may not restrict the service that the ITSP provides at all.  However, the ITSP should use the standard protocols for the mapping mechanism.
6.2.2
Routing in Phone-to-Phone (Class 1) connection


In Phone-to-Phone (Class 1) connection, a calling user selects the ITSP that would provide the transit service for him or her.  The ITSP selected by the calling user should select the appropriate gateway to set the path to the called user.  As shown in Fig.6-1, whichever business models the ITSP follows, the ITSP can select the gateway and set the path from a calling user to a called user.  However, the different model sets the different path.

If the ITSP follows the private network approach, it should select one of its own gateways.  On the other hand, if the ITSP shares the gateways and the mapping mechanism with other ITSPs, it has the broad choice for the appropriate gateway.  The larger the number of shared gateways is, the broader the available choice of gateways is.  Thus, it may be possible for the ITSP to make the access line in SCN shorter, or to have the broader area in which it provides the service, as the ITSP shares the more gateways and the more address information with others.  The open system approach may give the ITSP the broadest choice for the appropriate gateway and the shortest access line in SCN.
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6.2.3
Routing in Phone-to-PC (Class 2-1) connection


In Phone-to-PC (Class 2-1) connection, the ITSP provides the termination service for a called user.  As mentioned in Section 5.6, a calling user on telephone terminal in SCN may not know that the called user is on computer terminal in the Internet.  A calling user may or may not intend to use the transit service of IP Telephony.  When a calling does not intend to use the transit service, he or she dials only the E.164 number assigned to the called user.  Thus, the E.164 number of the called user should include a particular part so that the routing system in SCN could recognize the called user being on computer terminal in the Internet and access the gateway of ITSP even in such a case.  Identification Code (IC) or a few digits in National Destination Code (NDC) may be used as the particular part of E.164 number for the indication of IP Telephony.  It causes the more complexity in the routing system in SCN.

Several available options for the routing in Phone-to-PC (Class 2-1) connection have been identified in Section 5.6.  I would to discuss how business models affect the routing in these scenarios.
6.2.3.1
Possible scenarios when a calling user intends to use the transit service


A calling user may intend to use the transit service regardless of whether a called user is in SCN or in the Internet.
  When a calling user intends to use the transit service, he or she selects the ITSP that would provide the transit service by the dialing-up access, dialing CAC or the pre-subscription.  Besides, ITSP provides the termination service for a called user.  The ITSP selected by the calling user should find out the IP address of the called user through the E.164 number dialed by the calling user.  It should be noted that the ITSP selected by the calling user might be different from the ITSP providing the termination service for the called user.


If the ITSP selected by the calling user also provides the termination service for the called user, the ITSP can retrieve the IP address of the called user from its own database regardless of the business model the ITSP follows.  Thus, the ITSP can set the path from the calling user to the called user.


On the other hand, suppose that the ITSP selected by the calling user is different from the ITSP providing the termination service for the called user.

If either ITSP follows the private network approach, the ITSP that would provide the transit service for the calling user can not access the database in which the address information of the called user is stored.  Thus, the path can not be set.

If either ITSP follows the closed group approach and another ITSP is not in the same coalition, the ITSP can not access the database in which the address information of the called user is stored.  Thus, the path can not be set.

If both ITSPs follow the closed group approach in the same coalition or if the both ITSPs follow the open system approach, the ITSP can retrieve the IP address of the called user from the shared database.

As mentioned in Sections 5.6.1 and 5.6.2, although the E.164 number of the called user includes the particular part that indicates IP Telephony service, it is not used for the routing in these scenarios at all.
6.2.3.2
Possible scenarios when a calling user does not indicate the use of the transit service in the dialing procedure

When a calling user does not intend to use the transit service, he or she dials only the E.164 number assigned to the called user.  As mentioned in Section 5.5.3, the routing system in SCN should access the gateway of ITSP in accordance with the E.164 number of the called user.  The path is set to the called user in the Internet using the transit service and the termination service of IP Telephony, although the calling user does not intend to select the ITSP for the transit service.  How to select the ITSP providing the transit service in this case depends on the arrangement for the interconnection between SCN and the ITSP providing the termination service for the called user.  The ITSP providing the transit service should be selected by SCN so that the path could be set to the called user in the Internet.  To set the path to the called user in the Internet, the ITSP providing the transit service should provide the termination for the called user or have the interaction with the ITSP providing the termination for the called user.  It implies that the E.164 number assigned to the user in the Internet must indicate the information regarding the ITSP providing the termination service for the user.  What the E.164 number should indicate depends on the business model of the interaction on the mapping mechanism.

If the ITSP providing the termination service for the called user follows the private network approach, the address information of the called user is available only through the server of the ITSP.  Thus, the ITSP providing the termination service for the called user must provide the transit service for the calling user.  SCN should set the path to the gateway of the ITSP providing the termination service for the called user, in accordance with the E.164 number of the called user.  Therefore, the E.164 number of the called user should indicate the individual ITSP providing the termination service for the called user.

If the ITSP providing the termination service for the called user follows the closed group approach, the address information of the called user is available only within the coalition to which the ITSP providing the termination service for the called user belongs.  Thus, the ITSP providing the transit service for the calling user and the ITSP providing the termination service for the called user must belong to the same coalition.  SCN should set the path to one of the gateways shared in the coalition to which the ITSP providing the termination service for the called user belongs, in accordance with the E.164 number of the called user.  Therefore, the E.164 number of called user should indicate the individual coalition to which the ITSP providing the termination service for the called user belongs.
If the ITSP providing the termination service for the called user follows the open system approach, the address information of the called user is shared among the ITSPs following the open system approach.  Thus, any ITSP following the open system approach can provide the transit service for the calling user.  SCN should set the path to one of the gateways that ITSP following the open system approach prepares.  Therefore, the E.164 number of called user should indicate that the call goes to the Internet; it does not need to indicate a particular ITSP or coalition.

The indication of the individual ITSP or the individual coalition requires the more digits in E.164 number than the indication of the call going to the Internet.  If the E.164 number assigned to the user on computer terminal in the Internet needs the indication part of the individual ITSP or the individual coalition, it causes more complexity in the routing system in SCN.  The open system approach will be the simplest solution of the three business models of the interaction on the mapping mechanism.

As discussed in Chapter 4, there are three options for the E.164 number for IP Telephony service, national geographic number, national non-geographic number and global number.  If national geographic number is assigned to the user in the Internet, the indication part should be set in Subscribe Number (SN) because the fixed NDC is given to the numbering area.  If national non-geographic number is assigned to the user in the Internet, the indication part should be set in SN because the fixed NDC is given to the service of IP Telephony.  If global number is assigned to the user in the Internet, the indication part should be set in IC because CC is fixed to the service of IP Telephony.  When national geographic number is assigned to the user in the Internet, the routing system in SCN should read out the additional digits in SN as well as NDC to find out where to connect, regardless of the business approach the ITSP providing the termination service follows.  On the other hand, when national non-geographic number or global number is assigned, the additional modification of the routing system in SCN is required in the private network approach or the closed group network approach.

Suppose that national non-geographic number or global number is assigned to the user in the Internet.  If the ITSP providing the termination service follows the open system approach, no additional indication part is necessary because the NDC in national non-geographic number or the CC in global number indicates the IP Telephony service.  On the other hand, if the ITSP providing the termination service follows the private network approach or the closed group network approach, the additional digits is required for the indication part of the individual ITSP or the individual coalition.  It also implies that the routing system in SCN should read out more digits in the dialed number.  Namely, it causes the additional modification of the routing system in SCN for the indication part.
6.2.4
Routing in PC-to-Phone (Class 2-2) connection


In PC-to-Phone (Class 2-2) connection, a calling user selects the ITSP that would provide the transit service for him or her.  The ITSP providing the transit service for the calling user should select the appropriate gateway to set the path to the called user through it.  Like the routing in Phone-to-Phone (Class 1) connection, as shown in Fig.6-2, whichever business models the ITSP follows, the ITSP can select the gateway and set the path from a calling user to a called user.  However, the different model sets the different path.
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If the ITSP follows the private network approach, it should select one of its own gateways.  On the other hand, if the ITSP shares the gateways and the mapping mechanism with other ITSPs, it has the broad choice for the appropriate gateway.  The larger the number of shared gateways is, the broader the available choice of gateways is.  Thus, it may be possible for the ITSP to make the access line in SCN shorter, or to have the broader area in which it provides the service, as the ITSP shares the more gateways and the more address information.  The open system approach may give the ITSP the broadest choice for the appropriate gateway and the shortest access line in SCN.
6.2.5
Routing in PC-to-PC (Class 3) connection

In PC-to-PC (Class 3) connection, a calling user selects the ITSP that would provide the transit service for him or her.  Besides, ITSP provides the termination service for a called user.  The ITSP selected by the calling user should find out the IP address of the called user through the E.164 number dialed by the calling user.  It should be noted that the ITSP selected by the calling user might be different from the ITSP providing the termination service for the called user.  Thus, the possible scenarios for the routing in PC-to-PC (Class 3) connection is similar to those for the routing in Phone-to-PC (Class 2-1) connection when a calling user intends to use the transit service of IP Telephony.

If the ITSP selected by the calling user also provides the termination service for the called user, the ITSP can retrieve the IP address of the called user from its own database regardless of the business model the ITSP follows.  Thus, the ITSP can set the path from the calling user to the called user.

On the other hand, suppose that the ITSP selected by the calling user is different from the ITSP providing the termination service for the called user.

If either ITSP follows the private network approach, the ITSP that would provide the transit service for the calling user can not access the database in which the address information of the called user is stored and the path can not be set.  

If either ITSP follows the closed group approach and another ITSP is not in the same coalition, the ITSP can not access the database in which the address information of the called user is stored and the path can not be set.

If both ITSPs follow the closed group approach in the same coalition or if the both ITSPs follow the open system approach, the ITSP can retrieve the IP address of the called user from the shared database.

Like the scenarios for the routing in Phone-to-PC (Class 2-1) connection when a calling user intends to use the transit service of IP Telephony, the particular part in the E.164 number of the called user indicating IP Telephony service is not used for the routing in these scenarios at all.
6.2.6
Effects of number portability


When the subscriber changes the ITSP that provides the termination service for him or her using number portability, the entry of the user’s data should be transferred from the previous ITSP to the new one.  Although some of the subscriber’s data, such as data for authentication and billing, should be always transferred to the new ITSP, the transfer of the address information of subscriber depends on the combination of the business models that the previous and new ITSPs follow respectively.


If either the previous ITSP or the new ITSP follows the private network approach, the mapping mechanism of the previous ITSP is different from that of the new ITSP.  Therefore, it is necessary to transfer the entry of the address information of the subscriber.  Because the database of the former ITSP is not connected to that of the new ITSP on line, the transfer should be done in the off-line manner.


If either the previous ITSP or the new ITSP follows the closed group approach and another one is not in the same coalition, the mapping mechanism of the previous ITSP is different from that of the new ITSP.  Therefore, it is also necessary to transfer the entry of the address information of the subscriber.  The transfer should be also done in the off-line manner.

If both ITSPs follow the closed group approach in the same coalition, both ITSP use the same mapping mechanism.  In this case, it is not required to transfer the entry of the address information of the subscriber between the mapping systems.  However, the data regarding the ITSP providing the termination service for the subscriber should be amended.  The amendment could be done in the on-line manner.

If both ITSPs follow the open system approach, both ITSP use the same mapping mechanism.  The transfer of the entry of the address information of the subscriber is not required but the data regarding the ITSP of the subscriber should be amended.  The amendment could be done in the on-line manner.

6.3
Summary


The implementation of the mapping mechanism is divided into the three business models, the private network approach, the closed group approach and the open system approach.  As shown in Table 6-1, the routing of IP Telephony in each class of connection depends on the combination of the business models the ITSPs follow.

In Phone-to-Phone (Class 1) connection and PC-to-Phone (Class 2-2) connection, the path can be set regardless the business model the ITSP follows.  However, the open system approach may give the broadest choice for the appropriate gateway and the shortest access line in SCN.  

In Phone-to-PC (Class 2-1) connection, the E.164 number of called user should include the particular part to indicate the necessary information so that the routing system in SCN works in accordance with it.  Besides, the path can not be set with several combinations of the business models.

In PC-to-PC (Class 3) connection, the path can not be set with several combinations of the business models.


The business models also affect the number portability.  When the subscriber changes the ITSP using number portability, the transfer of the address information of subscriber depends on the combination of the business models that the previous and new ITSPs follow respectively, as shown in Table 6-2.

Table 6-1
Routing of IP Telephony in each class of connection with the combination of the business models
Class of connection
Business model followed by 
Setting the path
Particular part in E.164 number of called user


the ITSP providing the transit service for the calling user
the ITSP providing the termination service for the called user



Phone-to-Phone (Class 1)/

PC-to-Phone (Class 2-2)
Private network
N/A
With the ITSP’s own gateway
Not required for routing


Closed group
N/A
With the gateway shared in the coalition



Open system
N/A
With the shared gateway


Phone-to-PC (Class 2-1)/

if the calling user intends to use the transit service and the ITSP selected by the calling user also provides the termination service for the called user
Any
Any
With the gateway of the ITSP 
Not required for routing

Phone-to-PC (Class 2-1)/

if the calling user intends to use the transit service and the ITSP selected by the calling user does not provide the termination service for the called user,
Private network
Private network
Impossible




Closed group





Open system




Closed group
Private network




Open system





Closed group
Closed group

(in the same coalition as the ITSP providing the transit service)
Possible




Closed group

(in the different coalition from the ITSP providing the transit service)
Impossible




Open system




Open system
Closed group
Impossible




Open system
Possible


(Table 6-1
continued) 

Class of connection
Business model followed by 
Setting the path
Particular part in E.164 number of called user


the ITSP providing the transit service for the calling user
the ITSP providing the termination service for the called user



Phone-to-PC (Class 2-1)/

if the calling user does not indicate the use of the transit service in the dialing procedure

(SCN selects the ITSP providing the transit service, in accordance with the E.164 number of the called user.)
Private network
(The ITSP providing the termination service for the called user also provides the transit service for the calling user.)
Private network
With the gateway of the ITSP providing the termination service
Indicating the individual ITSP


Closed group

(in the same coalition as the ITSP providing termination service)
Closed group
With the gateway shared in the coalition.
Indicating the individual coalition


Open system
Open system
With the shared gateway
Indicating the called user being in the Internet

PC-to-PC (Class 3)/

if the calling user and the called user are in the same ITSP
Any
Any
Within the ITSP
Not required for routing

PC-to-PC (Class 3)/

if the calling user and the called user are in the different ITSPs
Private network
Private network
Impossible




Closed group





Open system




Closed group
Private network




Open system





Closed group
Closed group

(in the same coalition as the ITSP providing  the transit service)
Possible




Closed group

(in the different coalition from the ITSP providing the transit service)
Impossible




Open system




Open system
Closed group
Impossible




Open system
Possible


Table 6-2
Transfer of the entry of the address information of subscriber on number portability

Business model followed by
Necessary arrangements

the previous ITSP
The new ITSP


Private
Private
Transfer of entry between the mapping mechanism


Closed group



Open system


Closed group
Private


Open system



Closed group
Closed group

in the same coalition as the ITSP providing transit service
Amendment of the entry regarding the ITSP

(Transfer is not required.)


Closed group

in the different coalition from the ITSP providing transit service
Transfer of entry between the mapping mechanism


Open system


Open system
Open system
Amendment of the entry regarding the ITSP

(Transfer is not required.)

Chapter Seven

Management and employment of


 the database for the mapping mechanism

IP Telephony services use the two different kinds of addresses, E.164 numbers and IP addresses, and the mapping mechanism between them is required.  E.164 numbers are administered by the governmental body in each country in accordance with the ITU-T Recommendation, while IP addresses are administered by the International Corporation for Assigned Names and Numbers (ICANN)
, the private organization related to the Internet.  Because the changes in the assignments of these addresses might be in a large scale, frequent and independent from IP Telephony service, the consistency of the databases for the mapping mechanism should be maintained in a good time and effectively.  In this chapter, I would like to discuss how to maintain the consistency of the database for the mapping mechanism.

First, I review the discussion in IETF and ETSI.  I would like to also study the present schemes for the administration of addressing systems.  I identify the two different types of database for IP Telephony, administrative database for assigning and real-time use database for routing.  Then, I consider the characteristics of the management and employment of the database for the mapping mechanism.
7.1
Discussion in IETF


In IETF, some Internet drafts discuss the management and distribution of the mapping mechanism on the assumption that E.164 numbers are assigned under the ITU-T Recommendation and IP addresses are assigned by ICANN.

Brown (1998) introduces the concept of Internet Telephony Directory Service Provider (ITDSP).  ITDSP collects the address information of gateways and called users from ISPs, carriers etc. based on business agreements.  ITDSP creates the mapping database based on the address information it collects and provides the mapping service to ITSPs.  Brown assumes that a number of ITDSPs may coexist in the Internet and they should share the information so that any ITDSP could reply the same results on the query for the mapping.  ITDSP may be independent from the authorities assigning E.164 numbers or IP addresses.  Brown also mentions the independence of the database table from the geo-political boundary.  If the database table is divided on a geo-political basis, it may impede the new service of IP Telephony, such as global number portability.  He proposes that the database table should be logically shared among ITSPs and independent from the geo-political boundaries.


Lee and Orsic (1998) propose that the database for the mapping mechanism in Phone-to-PC (Class 2-1) connection and PC-to-PC (Class 3) connection be composed of the two parts, the Internet Telephony Home Server (ITHS) and the Dynamic Directory Server (DDS).  As mentioned in Chapter 5, the user on computer terminal in the Internet has to subscribe to the ITSP to use the termination service of IP Telephony.  The ITHS is used to store the static data of individual subscribers to the ITSP.  The data stored in the ITHS may include

· the subscriber identifier information,

· the identifier of ITSP to which the user subscribes,

· the E.164 number assigned to the user,

· the necessary information for billing and security 

· the IP address or a pointer to the DDS where the user is currently registered

and others.  On the other hand, the DDS stores the dynamic data for the subscriber to the ITSP.  The data stored in the DDS may include

· the subscriber identifier information,

· the identifier of ITSP to which the user subscribes,

· the IP address currently assigned to the user,

· the current status for receiving calls,

· the capability of equipment the subscriber currently uses,

· a pointer to the ITHS

and others.  The registration of the data of the subscriber may be initiated when the user on the computer terminal starts running the application of IP Telephony or when the incoming call arrives.  At the registration, first the ITSP authenticates the subscriber and assigns the temporary IP address to the terminal of the subscriber.  Then, the ITSP informs the DDS of the IP address assigned to the subscriber.  The DDS stores the IP address of the subscriber and sends the message to inform the ITHS of the DDS where the subscriber is currently registered.  Finally, the ITHS stores the identifier of the DDS.  When the gateway receives the call from SCN, the gateway sends the requests for the mapping service between the E.164 number and the IP address to the ITHS.  The ITHS retrieves the IP address and the other necessary information from the DDS and sends them to the gateway.


Although these two proposals seem to be based on the assumption that the ITSPs follows the open system approach to the interaction on the mapping function, they might also apply to the closed group approach.  If these proposals are applied to the closed group approach, it causes the restrictions on routing and number portability as discussed in Chapter 6.
7.2
Discussion in ETSI


As previously mentioned, ETSI has studied the assignment of the global E.164 number to the user on computer terminal in the Internet.  Therefore, the discussion in ETSI regarding the structure and functions of the database is based on the assumption that the global E.164 number is assigned to the user of IP Telephony service.  ETSI introduces the concept of the “Number for Life” for the assignment of the global E.164 number to the user of IP Telephony.  ETSI recognizes that the Number for Life is one of the main characteristics of IP Telephony service.  (Telekom Austria, 1998b)

7.2.1
The concept of “Number for Life”

ETSI has discussed the assignment of the global E.164 number to the user as the “Number for Life”.  The idea of the “Number for Life” implies that a user can retain the same number for telecommunication service for life regardless of the changes in the circumstances for the service, such as the type of service, the service provider and the location where he or she resides.  The Number for Life is considered as an advanced naming/numbering service.  Although its initial implementation may be limited to IP Telephony, the Number for Life may be used in the other future services using the Intelligent Network technology.

In IP Telephony service, the user on computer terminal in the Internet is assigned the Number for Life if he or she meet the required criteria.  Because the Number for Life assigned to the individual user is uniquely associated with the user and not related with any country or service provider, the user may subscribe to any ITSP that provides the service.  Thus, the service provider portability is available for the user with the Number for Life assigned in IP Telephony.  Furthermore, ETSI has considered that the Number for Life can be also used for the other services than voice call, such as e-mail service, when it becomes popular. (Telekom Austria, 1998b)

7.2.2
The Introduction of Global IP Telephony Database Service


To support the Number for Life, ETSI has studied the introduction of the global database service for IP Telephony.  ETSI recognizes that the databases for the mapping should be managed centrally but highly distributed and replicated.  ETSI also identifies the several functions of the database for the mapping between E.164 numbers and IP addresses.  The functions that ETSI identifies are divided into the following three types. (Telekom Austria, 1998b)

The databases for administrative use

These databases are used for assigning the Number for Life to the user, keeping the track of modification, authentication for the access and so on.  When the user requests the assignment of the number, the management body issuing the number retrieves the available number from these database and enter in return the required information of the user to these databases as the subscriber’s data.  The administrative database is static.
The databases for real time use by the routing system


These databases include the mapping database between E.164 numbers assigned to the users or the gateways and the IP addresses corresponding to the E.164 numbers.  The routing system of ITSP providing the transit service accesses these databases and retrieves the necessary mapping information to set the path.  Each gateway mat have the fixed IP address, while the dynamic assignment of IP address may be applied to the users.  Therefore, the data of each user may be updated in each session.
  Besides, the databases for real-time use should be highly distributed and replicated to serve a number of ITSPs.  The effective scheme to maintain the consistency among them is required.
The White and Yellow pages database


These databases are used for the user request on the information of other users.  The contents of these databases are based on what the users store.

Because the Number for Life is a global E.164 number, the internationally recognized bodies should administer it under the ITU-T Recommendation.  ETSI mentions that the administration schemes for IP addresses or toll-free telephone numbers can be applied to Number for Life.
7.3
Centralized administration schemes for addressing systems

Following the discussion in ETSI, I would like to review the centralized administration schemes for IP addresses and toll-free telephone numbers.
7.3.1
Administration of IP addresses


Internet Assigned Numbers Authority (IANA) has assigned IP addresses.  IANA allocates blocks of IP addresses to regional IP registries, American Registry for Internet Numbers (ARIN) in North America, Réseaux IP Européens (RIPE) in Europe, and Asia Pacific Network Information Center (APNIC) in the Asia/Pacific region.  In general, regional IP registries allocate blocks of IP addresses to large Internet Service Providers (ISPs) upon their applications.  Then, the recipients of those address blocks reassign addresses to smaller ISPs and end users.


According to the White Paper, Management of Internet Names and Addresses, ICANN was formed in 1998 as the new non-profit corporation to take over the responsibility of IANA.  (United States, 1998)
7.3.2
Administration of toll-free telephone numbers in the US


In the US, a toll-free telephone number consist of three parts, the area code of “800”, “888” or “877”
 that implies the toll-free telephone number, a three-digit central office code of “Nxx” and a four-digit line number of “xxxx”
.  Toll-free telephone service is called as 800 service after the area code designated to the service.  AT&T began to provide 800 service in 1967.

Prior to 1986, the structure of 800 number is hierarchical in two layers.  Nxx codes in 800 number, or specific blocks of 10000 numbers, were assigned to a particular interexchange carrier (IXC) providing the toll-free telephone service.  Each IXC assigned 800 numbers to the subscribers of the toll-free telephone service within the blocks assigned to it.  Thus, the subscribers to a particular IXC had the particular Nxx codes and the Nxx codes were used as the identifier of IXC in the routing of toll-free telephone service.  Thus, the subscribers to the toll-free telephone service could not change carriers without changing their 800 numbers.  The FCC found that the assignment of the Nxx codes to a particular carrier prevents the effective competition in the toll-free telephone service market.

In 1986, the FCC began a rulemaking proceeding to encourage the competition in the toll-free telephone service market.  At that time, the Regional Bell Operating Companies (RBOCs) had begun to develop the database system for 800 service.  The FCC decided to use the database system for 800 service planned by the RBOCs to encourage the competition.  The database system for 800 service is referred as SMS/800 database.  SMS/800 database consists of two parts, the centralized administrative database called as the Service Management System (SMS) and the regional databases called as service control points (SCPs) that are used for switching in the local exchange carriers (LECs).  The subscribers’ data of 800 service are entered and stored into the SMS.  Then, the SMS periodically loads this information into the SCPs in regional LECs.  The switching for 800 service is based on the data stored in SCPs.

The introduction of SMS/800 database reduces the network resource required to store the routing information, shorten the necessary time to add, delete or change the subscribers’ data, provides the efficient use of the 800 number resource and enables the service provider portability.  When the SMS/800 database is introduced, the structure of 800 numbers became flat.  800 numbers are considered to be assigned directly to the subscribers.  The subscriber can choose any carrier regardless of the Nxx code in its 800 number.
7.3.3
Administration of Universal International Freephone Numbers under ITU-T Recommendation


Under the ITU-T Recommendation E.164, several particular CCs have been assigned to the global services.  Global service is the international service provided on the public switched network between two or more countries in the integrated numbering plan.  Universal International Freephone service is one of the global services with a particular CC assigned.  The CC of 800 is used for Universal International Freephone Number (UIFN).  The assignment of UIFN is administered by the UIFN registrar in the ITU.  The registrar maintains a single pool of UIFN in a single database.

The structure of UIFN is flat.  The GSN
 portion of UIFN does not contain any identification of country or carriers.  UIFN is assigned to the subscriber although the carrier applies to the assignment of UIFN on behalf of its subscriber.  Once the UIFN is assigned, the UIFN is unique to a subscriber and portable.  The subscribers can retain the UIFNs assigned to them when they change their carriers. (International Telecommunications Union Telecommunication Standardization Sector, 1998a)

Although UIFN is used to identify the subscriber and the carrier providing the service for it, it is not used for routing.  The carriers providing the service should prepare the database for routing in which UIFN is translated into a routing number.  In this respect, UIFN is similar to the E.164 number assigned to the user on computer terminal in the Internet for IP Telephony service.  In IP Telephony service, the E.164 number assigned to the user on computer terminal in the Internet is used as the routing number in SCN.  However, in the Internet, it is mapped into the IP address of the user and the mapped IP address is used as the routing number in the Internet.
7.4
Characteristics of the database for the mapping mechanism
 - Summary of the discussion -


As mentioned above, the discussion in IETF and the discussion in ETSI contain some common issues in a sense and different issues in another sense.  Although both deal with the implementation of the database, the discussion in IETF mainly focuses on the implementation of the database for the mapping mechanism.  On the other hand, ETSI discusses the administration scheme for the assignment of the global E.164 numbers as well as the implementation of the database.  

According to the discussions, I extract the following characteristics to be considered in the implementation of the database for the mapping mechanism.
7.4.1
Separate assigning authorities for E.164 numbers and IP addresses


In either IETF or ETSI, the discussion is based on the assumption that E.164 number is assigned under the ITU-T Recommendation and ICANN is responsible for assigning IP address.  Although the administration of the assignment of E.164 numbers or IP addresses is transferred to the governmental bodies or the regional authorities, it is conducted under the single authority of ITU-T or ICANN.  When the assignment of E.164 number or IP address is required for IP Telephony service, ITU-T or ICANN assigns it respectively as ever.  It is not necessary and not appropriate to establish new assigning authorities for E.164 numbers or IP addresses on the ground that they are assigned for IP Telephony service.
7.4.2
Separation of administrative database and real-time use database


IP Telephony service needs two types of database, the administrative database and the real-time use database.

The administrative database is used for the management of the assignment of the address to users on computer terminal in the Internet.  The administrative database for E.164 numbers should be managed under ITU-T and the administrative database for IP addresses should be managed under ICANN.  The administrative database for E.164 numbers and that for IP addresses are independent from each other.  The administration of the assignment of E.164 numbers is transferred to the governmental body in each country and the administration of the assignment of IP addresses is transferred to the regional authorities.

The real-time use database should be prepared for routing of IP Telephony service.  Although both the routing system of SCN and that of the Internet need the real-time use database, the necessary function for SCN is different from that for the Internet.

The real-time use database in SCN should include the mapping data between E.164 numbers assigned to users on computer terminal in the Internet and the E.164 number of the gateway to set the path in SCN.  When a calling user does dials only the E.164 number assigned to a user on computer terminal in the Internet, the switch in SCN identifies that the call is for IP Telephony and accesses the real-time use database to find which gateway to connect.  

The real-time use database in the Internet should include the mapping data between E.164 numbers of potential called user and IP addresses for both the users on computer terminal in the Internet and the gateways.  The ITDSP mentioned in Section 7.1 or the ITSPs themselves should prepare the mapping data between the IP addresses of the gateways of ITSPs and the E.164 numbers of potential called users.  The potential called users includes users both in the Internet and SCN.

The data for the users should be collected from the appropriate administrative databases for E.164 numbers while the data for gateways should be collected from ITSPs.  The administrative database might be distributed because of the transfer of assigning authority.  Thus, the data for the users may be collected from several administrative databases.

Besides, because a number of switches in SCN and servers in the Internet need to access the real-time use database, it should be highly distributed and replicated.
7.4.3
Independence of the operation of the real-time use database from the assigning authority


Although the administrative database should be managed under the assigning authority, the management of the real-time use database may be independent from the assigning authority as mentioned in the discussion in IETF.  Because the mapping data for gateways depends on the ITSPs, it may be conducted on the basis of business agreements.  On the other hand, because the administrative databases are managed under the assigning authorities, the procedure to collect the data for users from the administrative databases should be determined for the management of the real-time use database.  Besides, the consistency among the real-time use databases should be maintained at least within the business model the ITSP follows.

Chapter Eight

Policy recommendations


In this section, as a conclusion of the thesis, I would like to make the policy recommendations regarding the addressing system for IP Telephony according to the discussion in the previous chapters.  First, I review the underlying conditions and assumptions to deal with the potential problems regarding the addressing system for IP Telephony service.  I also identify the potential players in the decision making on the addressing system for IP Telephony and the axes for the evaluation of the addressing system for IP Telephony.  Then, I analyze the possible scenarios left to the decision making.  I make the policy recommendations for the addressing system for IP Telephony as a conclusion of the thesis.
8.1
Underlying conditions and assumptions


In addition to the basic characteristics of SCN and the Internet mentioned in Chapter 3, I identify the following underlying conditions and assumptions on the addressing system for IP Telephony during the discussion.
Assignment of E.164 numbers to the users on computer terminal in the Internet 


As discussed in Chapter 4, E.164 number must be assigned to the users on computer terminal in the Internet to deal with the interoperation cases between SCN and the Internet.  Although the other addressing scheme than E.164 number may be used in PC-to-PC (Class 3) connection, I would like to follow the assumption of assigning E.164 numbers to a user on computer terminal in the Internet as a minimum requirement.  Because the assignment of E.164 numbers are limited within SCN so far, the new procedures to assign E.164 numbers to the users in the Internet is required for IP Telephony.

A calling user may not recognize the called user on computer terminal in the Internet. 
A calling user may not recognize that the E.164 number he or she dials is for a call to the user on computer terminal in the Internet.  IP Telephony service should be provided so that a calling user could communicate with a called user even though the calling user does not recognize that the called user is on computer terminal in the Internet.

Especially how a calling user in SCN accesses the ITSP in Phone-to-PC (Class 2-1) connection should be carefully considered.  As mentioned in Section 5.6.3, a calling user in SCN may not recognize that a called user is in the Internet.  A calling user in SCN may dial only the E.164 number assigned to the called user in the Internet in the same manner as he or she dials to the usual telephone in SCN.  The path should be set from SCN to the ITSP even when a calling user in SCN dials only the E.164 number assigned to the called user in the Internet.


On the other hand, when a calling user is on computer terminal in the Internet, it does not matter whether a called user is in the Internet.  Once a calling user accesses the ITSP providing the transit service and give the ITSP the E.164 number of called user, the ITSP can set the path to the called user in either PC-to-Phone (Class 2-2) connection or PC-to-PC (Class 3) connection.
Separate assigning authorities for the address information


As discussed in Chapter 7, the introduction of IP Telephony does not affect the assigning authorities of E.164 numbers and IP addresses.  E.164 numbers are assigned under the ITU-T Recommendation and IP addresses are assigned by Internet address administrative authority, currently ICANN, as ever regardless of the introduction of IP Telephony.  The user of IP Telephony should be assigned E.164 number under the ITU-T Recommendation and IP address by ICANN.
Separation of administrative database and real-time use database

As discussed in Chapter 7, IP Telephony service needs the administrative database for the management of the assignment of addresses and the real-time use database for the mapping mechanism between E.164 numbers and IP addresses.  

The assigning authority manages the administrative database.  The administrative database for the assignment of E.164 number is different from that for the assignment of IP addresses because the different assigning authorities manage E.164 numbers and IP addresses respectively.  The administrative database for the assignment of E.164 number should be managed under the ITU-T Recommendation and the administrative database for the assignment of IP addresses should be managed by IANA.  

On the other hand, the real-time database is based on the addresses assigned to the gateways and the customers of ITSPs.  The management of the real-time use database may be independent from the assigning authorities.  The real-time databases should be highly distributed and the consistency among the real-time use databases is required within the business model that ITSP follows.  The real-time database for SCN is different from that for the Internet because the routing system in SCN is different from that in the Internet.
Fig.8-1 summarizes the relation among the potential players in the decision making, the factors left for the decision making and the axes for evaluation.  I would like to explain it in the following sections.
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8.2
Potential players in the decision making


The following parties are considered as the potential players in the decision making on the addressing system for IP Telephony.
The ITSP providing the transit service


The ITSP providing the transit service should prepare the gateways for the users in SCN and requires the mapping mechanism to find the appropriate IP address to set the path in accordance with the E.164 numbers of a called user.  Using the mapping mechanism, the ITSP finds the IP address of the appropriate gateway in Phone-to-Phone (Class 1) connection and PC-to-Phone (Class 2-2) connection or that of the called user in the Internet in Phone-to-PC (Class 2-1) connection and PC-to-PC (Class 3) connection.  How the ITSP prepares the mapping mechanism depends on its business model for the interaction mentioned in Section 6.3.  Basically, the customers of the ITSP providing the transit service are calling users.  The ITSP can provide the transit service for calling users all over the world regardless its location
The ITSP providing the termination service

As mentioned in Section 5.2.1, users on computer terminal in the Internet must subscribe to the ITSP providing the termination service.  The ITSP providing the termination service should manage the subscription of the customers and grasp the IP addresses of its customers to set the path to them when they are called.  It should be noted that ITSP might provide both the transit service and the termination service.
The ITDSP providing the mapping mechanism between E.164 numbers and IP addresses


As discussed in Chapter 7, the mapping mechanism between E.164 numbers and IP addresses may be independent from the assigning authorities and prepared by the ITDSP discussed in ETSI.  According to the discussion in Section 5.2.2 and Section 7.1, the ITDSP provides the mapping mechanism for the ITSP providing the transit service.  Besides, how the ITDSP provides the mapping mechanism for the ITSP providing the transit service depends on which business model discussed in Section 6.3.1 the ITSP follows.  When the ITSP providing the transit service follows the private network approach, the ITSP should also play the role of ITDSP by itself.  When the ITSP providing the transit service follows the closed group approach, the ITSP and the ITDSP should be in the same coalition.  When the ITSP providing the transit service follows the open system approach, the ITDSP may be independent from the ITSP.
The carriers/service providers in SCN


The carriers/service providers in SCN should provide the interconnection with the ITSPs.  As mentioned in Section 3.5, the modification of SCN should be allowed to deal with the new E.164 numbers for IP Telephony service.  Furthermore, as discussed in Section 5.6.3, the form of E.164 number assigned to the user on computer in the Internet decides which switch in SCN should be modified.

On the other hand, the ITSPs would be the potential competitor against the carriers/service providers in SCN.  The transit service of IP Telephony, especially in Phone-to-Phone (Class 1) connection, is similar to the long distance/international call service for the usual telephone.  The termination service would also be the potential competitor against the local exchange carrier although the IP Telephony service is different from the usual telephone service.  Thus, it might imply that the carriers/service providers in SCN should provide the interconnection with their potential competitors.  The regulators should prepare the rule for 

If the interconnection between the ITSP and the carrier/service provider in SCN turns into a problem, the regulatory body should deal with it to secure the fair market competition.  It might be also considered whether the existing interconnection rule is applicable to the interconnection between the ITSP and the carrier/service provider in SCN.
The assigning authority of E.164 number or the governmental regulatory body


The user of IP Telephony on computer terminal in the Internet should be assigned IP addresses and E.164 numbers respectively.  IP address assignment for IP Telephony can work same as all other IP address assignment.  Thus, it seems to be less concerned with the assignment of IP address to the user of IP Telephony.

On the other hand, the assigning authorities of E.164 number are the governmental regulatory bodies.  They should prepare how to assign E.164 numbers to the users of IP Telephony in the Internet.  So far, the assignment of E.164 number is limited to the objects in SCN, such as carrier/service providers and users.  IP Telephony should be the first example in which E.164 number is assigned to the objectives in other than SCN.


The regulatory body is also involved in many regulatory issues related to IP Telephony other than the assignment of E.164 numbers, such as the interconnection between SCN and the ITSP and the introduction of number portability.  Weinberg (1998) identifies the regulatory issues related to IP Telephony, such as access charge and universal service, and discusses to what extent to impose the telephone regulation to IP Telephony.  The regulatory body should consider how to deal with these regulatory issues regarding IP Telephony. 

The user of IP Telephony


The users of IP Telephony can make the choice among the competitive ITSPs and switch to the substitute service.  A calling user is assumed to prefer the shorter access line in SCN because of the lower cost to access the ITSP.

Although several players are identified, the decision making on the addressing system for IP Telephony mainly depends on the initiatives of the ITSP providing the termination service and the ITSP providing the transit service.  Other players may be passive to the decision made by the ITSPs.  However, it should be emphasized that a calling user in SCN might not recognize a called user being in the Internet.  A calling user in SCN may dial only the E.164 number assigned to the called user in the same manner as he or she dials to the usual telephone in SCN.
8.3
Factors left for the decision making

According to the discussion in the previous chapters, the form of E.164 number assigned to the user of IP Telephony on computer terminal in the Internet, the dialing procedure for IP Telephony and the business model of the interaction of the mapping mechanism are left for the decision making.  There are several options available for the choice of the ITSP in each factor but there are also some restrictions on the combination of the selected options in each factor.
Form of E.164 number assigned to the user of IP Telephony on computer terminal in the Internet


The possible options for the form of E.164 numbers assigned to the user of IP Telephony on computer terminal in the Internet are national geographic number, national non-geographic number and global number.

To deal with the case where a calling user in SCN dials only the E.164 number assigned to the called user in the Internet in Phone-to-PC (Class 2-1) connection
, the form of the E.164 numbers assigned to the user in the Internet should include a special indicator.  What that indicator indicates depends on the business model for the mapping mechanism, as summarized in Table 6-1 in Chapter 6.

It should be noted that the form of E.164 numbers assigned to the user of IP Telephony on computer terminal in the Internet affects the routing in SCN but does not affects the routing in the Internet.  The routing system in SCN reads out the components in E.164 number, such as CC, NDC and SN, from top to bottom one by one and identifies the switch to set the path successively.  On the other hand, the mapping mechanism in the Internet reads out all digits in E.164 number at a time and identifies the IP address corresponding to the E.164 number.

Dialing procedure for IP Telephony that a calling user in SCN should follow


As mentioned in Chapter 5, the possible options for the dialing procedure for IP Telephony that a calling user in SCN should follow are as follows.

· The two-stage dialing procedure for the dialing-up access to the ITSP providing the transit service, 

· The one-stage dialing procedure with Carrier Access Code (CAC) or the pre-subscription to a particular ITSP providing the transit service and

· The one-stage dialing procedure without CAC or the pre-subscription to a particular ITSP providing the transit service

The choice between the first option and the second option depends on the decision of the ITSP providing the transit service and the modification of switch in SCN.  In accordance with either option that the ITSP providing the transit service chooses, the carriers/service providers in SCN should modify the corresponding switch for the interconnection with the ITSP providing the transit service.

On the other hand, the third option completely depends on the behavior of a calling user in SCN.  Because a calling user in SCN may not recognize a called user being on computer terminal in the Internet, a calling user may follow the third option regardless of the option that the ITSP providing the transit service chooses.  Therefore, the carriers/service providers in SCN and the ITSP providing the termination service always have to prepare the third option for the interconnection.  It implies that the ITSP providing both the transit service and the termination service has to prepare the third option in addition to either the first option or the second option that it choose.
Business models of the interaction of the mapping mechanism

As mentioned in Chapter 6, the possible options for the business model of the interaction of the mapping mechanism are the private network approach, the closed group approach and the open system approach.

To deal with the case where a calling user in SCN dials only the E.164 number assigned to the called user in the Internet in Phone-to-PC (Class 2-1) connection, the form of the E.164 numbers assigned to the user in the Internet should include the special indicator.  In the private network approach, it indicates individual ITSP.  In the closed group approach, it indicates individual coalition.  In the open system approach, it indicates that a call is for IP Telephony service; it does not necessarily indicate either the individual ITSP or the individual coalition of ITSPs.
8.4
Axes for the evaluation of the addressing system for IP Telephony


According to the discussion in the previous chapters, I extract the following items as the axes for the evaluation of the addressing system for IP Telephony.
The capacity of E.164 numbering space for IP Telephony


As discussed in Chapter 4, the capacity of E.164 numbering space depends on the form of E.164 number assigned to the user on computer terminal in the Internet.  The form of national geographic number may have the very small capacity because the NDC should be shared with the usual telephone service in each numbering area.  The form of national non-geographic number may have the larger capacity than the form of national geographic number but still limited.  The form of global number may have the relatively large capacity.

The potential concerned parties with this issue are the ITSP providing the termination service, the carriers/service providers in SCN and the governmental regulatory body.  The ITSP providing the termination service requires sufficient capacity of E.164 numbering space to cover its customers.  On the other hand, the carriers/service providers in SCN may worry about the consumption of available numbering space by ITSPs.  Besides, the governmental regulatory body has to prepare sufficient numbering space to accommodate both new services in SCN, such as wireless communication services, and IP Telephony service.
The shorter access line in SCN from a calling user to the gateway of ITSP


As discussed in Chapter 5, the length of the access line in SCN from a calling user to the gateway of the ITSP depends on the dialing procedure that a calling user in SCN follows and the form of E.164 number assigned to the user in the Internet.  When a calling user in SCN follows the two-stage dialing procedure or the one-stage dialing procedure with the CAC or the pre-subscription to access the ITSP providing the transit service, the shorter access line can be set in SCN from the calling user to the ITSP.  In this case, the shorter access line is set regardless of the form of E.164 number assigned to the user on computer terminal in the Internet.  When a calling user in SCN follows the one-stage dialing procedure without either the CAC or the pre-subscription, the access line in SCN is set to the ITSP in accordance with the form of E.164 number assigned to the user in the Internet.

The potential concerned parties with this issue are the ITSP providing the transit service and the users.  Both the ITSP providing the transit service and the users may prefer the shorter access line in SCN to reduce the cost of connection.
The shorter access line in SCN from the gateway of ITSP to a called user


As discussed in Sections 6.2.2 and 6.2.4, the length of the access line in SCN from the ITSP providing the transit service to a called user depends on the business model on the interaction on the mapping mechanism that the ITSP follows.  As the ITSP shares the more gateways and address information with others, it may be possible to make the access line in SCN to a called user shorter.

Like the access line in SCN to the ITSP providing the transit service, the potential concerned parties with this issue are the ITSP providing the transit service and the users.  Both the ITSP providing the transit service and the users may prefer the shorter access line in SCN.
The coverage of the potential users


As discussed in Chapter 6, the coverage of the potential users depends on the business model on the interaction on the mapping function the ITSP follows.  As the ITSP shares more gateways and address information with others, the coverage of potential users becomes broader.

The potential concerned parties with this issue are the ITSP providing the transit service and the ITSP providing the connection.
Number portability


As mentioned in Chapter 6, it is desirable to apply number portability to the termination service of IP Telephony.  To secure the fair competition, number portability requires the enforcement on ITSPs and carrier/service providers in SCN.  The necessary arrangement for the service provider portability in the termination service of IP Telephony depends on the business model of the mapping mechanism that the ITSP providing the termination service follows.  If the ITSPs follow the open system approach, number portability between the ITSPs can be treated by amending the entry of subscriber’s data within the database shared among the ITSPs.  On the other hand, if the ITSPs follow the closed group approach in the different coalitions or the private network approach, number portability between the ITSPs requires the transfer of the entry of subscriber’s data between the separate databases that the different ITSPs manage individually.  Thus, the process of the change in subscriber’s data in the open system approach might be considered easier than the process in the closed group approach or the private system approach.  

Besides, as mentioned in Chapter 4, the service portability between the termination service and the usual telephone service in SCN depends on the form of E.164 number for IP Telephony and the service characteristics of IP Telephony.  If the national geographic number is assigned to the user of IP Telephony in the Internet and IP Telephony has the same or broader service characteristics than the usual telephone service, the user may easily accept the service portability.  In this case, the routing system in SCN should have the function to read out whether national geographic number is used for the usual telephone service or IP Telephony service in advance of the introduction of the service portability.  Because the routing system in SCN should have this function already, the additional arrangements for the service portability in SCN might be relatively small.  On the other hand, if the national non-geographic number or global number is assigned to the user of IP Telephony in the Internet, the user of IP Telephony service may be recognized from looking at his or her number.  In this case, the routing to the non-ported user is partly conducted in accordance with the form of E.164 number assigned to him or her.  However, because the service portability is conducted between the different forms of E.164 numbers, it might require adding the complex mechanism in SCN to route the ported user of IP Telephony.  A calling user may also be confused because of the inconsistency between the service provided for the called user and the E.164 number assigned to the called user.  For example, a calling user may assume that national geographic number assigned to the called user is for the usual telephone when the calling user does not know that the called user moves to IP Telephony service using number portability.  Then, the calling user may expect to reach the called user even if the “always-on” condition is not available for the called user.

The potential concerned parties with this issue is the ITSP providing the termination service, the carrier/service provider in SCN, the ITDSP, the governmental assigning authority and the users.

8.5
Balancing/trading off the priorities among the axes for the evaluation – Implication of the ITSP’s decision -

In addition to the factors left for the decision by the ITSP, there are some expected changes in the circumstances surrounding IP Telephony, such as the change in the regulation on tariff, the reduction of the cost for the connection in SCN and the diffusion of the “always-on” condition of computer terminal.  These changes are out of the scope of decision by the ITSP.  Because of these changes, the ITSP might change its priorities among the axes for the evaluation as time passes.
As mentioned in Section 5.2, at least at the moment, IP Telephony has the advantage in terms of the cost for connection.  Thus, the ITSP might expect the significant demand for the transit service in Phone-to-Phone (Class 1) connection and PC-to-Phone (Class 2-2) connection as the competitive substitute for long distance telephone service in the first stage of IP Telephony.  In order to reduce the cost for connection and to make the transit service competitive, the ITSP should make the access line in SCN as short as possible.  Besides, because the “any-to-any connection” is desirable for IP Telephony service, the competitive power of the transit service also depends on the coverage of the potential users.  While the “any-to-any connection” is desirable all the time, the distance of the access line in SCN may not matter in the near future because of the change in the regulation on the tariffs and the reduction of the cost for the connection in SCN
.  Therefore, the priority on the coverage of potential user might be constantly high from the first stage whereas the priority on the shorter access line in SCN might be high in the first stage and become lower as time passes.

On the other hand, the ITSP might not expect the demand for the termination service in the first stage of IP Telephony service.  In Phone-to-PC (Class 2-1) connection and PC-to-PC (Class 3) connection, the user on computer terminal in the Internet has to have his or her computer powered up, connected to the Internet and ready to receive a call.  It implies that the termination service of IP Telephony depends on such an “always on” condition.  At this time, the user who can get the “always on” condition might be limited.  The business users of IP Telephony may have the “always on” condition, while the residential users may not.  Thus, although the E.164 number would be assigned to the user on computer terminal in the Internet, a relatively large part of the users on computer terminal in the Internet might not expect to receive a call.  They would rather intend to use IP Telephony to make a call to telephone terminal in SCN as ever.  It seems to be similar to the user’s behavior of cellular phone service where the user is charged to receive a call on cellular phone terminal.  The user rarely gives out his or her cellular phone number to others.  The user might use the cellular phone service to make a call to others rather than to receive a call.  Thus, the termination service might not be the competitive substitute for local telephone service and its market would be very small until the “always on” condition becomes popular.  It might imply that the number portability might become more important when people usually uses IP Telephony to receive a call under the “always on” condition.  When the user on computer terminal in the Internet does not expect to receive a call using IP Telephony, number portability might be less important to the user.  Thus, the priority on number portability might be low in the first stage but become higher as the “always-on” condition becomes popular.  At this time, the business user of IP Telephony might give the high priority to number portability because they might have already the “always-on” condition.  However, other users who does not have the “always-on” condition, like the residential users, may not give the high priority to number portability.

Although the demand for the termination service of IP Telephony might be expected low in the first stage, the demand for the assignment of E.164 number might be high even in the first stage.  As discussed in Chapter 4, a calling user on computer terminal in the Internet in PC-to-Phone (Class 2-2) connection needs to be assigned the E.164 number to support the existing services in SCN, such as the caller identification service, the malicious call tracing service and the emergency call service.  It implies that the demand for the transit service in PC-to-Phone (Class 2-2) connection would create the demand for the assignment of E.164 number to the user in the Internet.  Because the demand for the transit service might be expected to be significant in the first stage, the demand for the assignment of E.164 number would be also very high even in the first stage.  Thus, the priority on the capacity of E.164 number might be constantly high from the first stage of IP Telephony.


According to the above discussion, in the first stage, the ITSP might give the high priorities on the shorter access line in SCN, the coverage of the potential users and the capacity of numbering space and give the lower priority on the number portability.  However, in the future, the priority on the number portability might become higher and the priority on the shorter access line in SCN might become lower.  The coverage of the potential user and the capacity of numbering space might be constantly given the high priorities.  Fig.8-2 shows the expected changes in the priorities among the axes for the evaluation.

[image: image26.wmf]
8.6
Recommendation for the addressing system for IP Telephony


Considering the expected changes discussed in Section 8.5, the ITSP has to make the decision on each factor when it starts the service.  It should be noted that each ITSP might individually choose the different solution in each factor left for the decision making.  Even if the different ITSPs choose the different solutions, it does not harm any one besides those who adopt them.  The combination of the solutions that each ITSP chooses will decide and may restrict the service that each ITSP provides for its customer.  The restriction on the service might be considered as a kind of the externality of networks that would be caused by adopting the different solutions.  Regardless of the combination of the solutions, the ITSP has to make the necessary arrangement for the interoperability with other carriers and providers.  The market will decide whether the decision by the ITSP is appropriate or not.  In this section, I would like to discuss the most appropriate solutions for the addressing system of IP Telephony.

8.6.1
The application of number portability should be highly considered.

 As discussed in Section 8.5, the priority on number portability might be low in the first stage of IP Telephony service.  However, the ITSP must highly consider the application of number portability to IP Telephony when it chooses the solutions even in the first stage.  Once the solutions are selected in the first stage of IP Telephony, it might be very difficult to change the solutions later.

As discussed in Section 8.4, the application of number portability depends on the business models for the mapping mechanism that the ITSP providing the transit service follows and the form of E.164 number for IP Telephony.  When the ITSP chooses the solutions in these two factors, it must pay attention to whether the choice it makes would cause the conflicts between the application of number portability and other axes for the evaluation.  If the conflicts would occur, the ITSP should choose the solution that would avoid the serious disadvantages to the diffusion of IP Telephony.

8.6.2
The open system approach is the best for the interaction for the mapping mechanism.


Following the open system approach to the interaction for the mapping mechanism would eliminate the cases in which the path can not be set from a calling user to a called user and secure the shortest access line in SCN from the gateway to a called user.  Besides, it would enable the number portability without transferring the data entry between the databases.  The open standards for the mapping database in the Internet and those for the routing system in SCN should be required for the open system approach.  IETF should prepare the standard format to describe the address information in the mapping database and the standard protocol to exchange the address information among the mapping databases of ITDSPs and the servers of ITSPs.  ITU-T should prepare the routing protocol to detect the E.164 number assigned to a user in the Internet and access the gateway nearby in SCN.

As discussed in Section 8.5, the coverage of the potential users is constantly given the high priority among the axes for the evaluation.  As shown in Fig.8-1, it depends on the business model for the mapping mechanism.  

As discussed in Chapter 6, the open system approach gives the broadest coverage of the potential users.  If the ITSPs follows the open system approach, the cases in which the path can not be set from a calling user to a called user are eliminated.  Because the open system approach would give the ITSP the broadest choice of the available gateways, the ITSP could select the most appropriate gateway and set the shortest access line in SCN from the gateway to a called user.  Because all gateways are shared in the open system approach, the routing system in SCN does not have to identify the individual gateway corresponding to the individual ITSP or the coalition of ITSPs.  When the routing system in SCN detects the E.164 number assigned to the user in the Internet, it may set the path to any one of the nearby gateways.  Thus, the E.164 number assigned to the user in the Internet does not have to include the additional indication part of the individual ITSP or the individual coalition of ITSPs.  Because all databases exchange the address information, it also enables the number portability by amending the address information in the database.  It is not required to manually transfer the data entry between the databases.
The open standards for the mapping database in the Internet and the routing system in SCN should be required for the open system approach.  However, it is not considered as a defect because the open standard is essential in any telecommunication service to provide the “any-to-any” connection.


Thus, the open system approach would bring the most desirable situations in terms of the access line in SCN, the coverage of the potential users and the application of number portability.  It is considered as the best option of the business model for the mapping mechanism for the ITSP.  However, the open system approach is not enforced on all ITSPs; the ITSP might follow other approach if it prefers.

8.6.3
The global E.164 number is most appropriate for IP Telephony service.

Assigning the global E.164 number to the user on computer terminal in the Internet would bring the relatively large numbering space to accommodate a number of users of IP Telephony service and secure the shortest path from a calling user to the gateway of the ITSP in SCN.  It should be conducted under the ITU-T Recommendation same as assigning E.164 number to the user in SCN.  The scheme for the management and assignment of global E.164 number should be required in a global scale.  ITU-T should assign a particular Country Code (CC) to IP Telephony service.  ITU-T should also prepare the open procedures and the administrative database for the assignment of E.164 number to the user in the Internet so that the assignment in global scale can be conducted in good time and effectively.
   The ITSP may request of ITU-T or the assigning authority under ITU-T Recommendation the assignment of E.164 number on behalf of its customer.  The carriers/service providers in SCN should implement the function to deal with the CC assigned to IP Telephony service in the routing system in SCN.

As discussed in Section 8.5, the demand for the assignment of E.164 number might be constantly high.  As discussed in Chapter 4, the global E.164 number gives the largest capacity for IP Telephony.  As discussed in Chapter 5, the global E.164 number secures the shortest access line in SCN from a calling user to the gateway.  Besides, the assignment of global number would enable the service provider portability among the ITSPs in the global scale, like the concept of “Number for Life” mentioned in Section 7.2.1.  Thus, the global E.164 number is considered as the most appropriate form for IP Telephony.

In spite of the advantages of the assignment of global E.164 number, the ITSP might want to use other forms of E.164 number for IP Telephony to provide a particular service for its customer.  The ITSP may want to use the national geographic number to facilitate the number portability between local telephone service and IP Telephony service.  The ITSP may also want to use the national non-geographic number to provide a particular service in which the called user intends to receive a call from a domestic calling user.
  However, such a case in which the ITSP wants to use other form of E.164 number than global number might be unlikely at least in the first stage of IP Telephony service.  It should be noted that such services that the ITSP would provide using the other form of E.164 number are the services provided for a user who wants to receive a call from specific calling user.  Such services depend on the “always-on” condition and their market might be limited at this moment.  Most of the ITSPs might be more interested in the transit service provided for a calling user and the service provider portability among them.  

As mentioned in Chapter 4, the assignment of the global E.164 number to IP Telephony does not exclude the assignment of E.164 number in other form.  Even if the other form of E.164 number than global number coexists in IP Telephony service, it does not cause any technical difficulties to set the path.  Therefore, the assigning authority should allow the assignment of other form of E.164 number to the user of IP Telephony.  In such a case, the assigning authority must restrict the assignment of other form of E.164 number than global number so that it would not harm other telephone services using E.164 numbers.  To prevent the harm to other services, the assigning authority should prepare the criteria for the assignment of E.164 number in other form to IP Telephony.

8.6.4
It is required to support the one-stage dialing procedure without CAC or the pre-subscription. 


It should be noted that a calling user in SCN might not recognize a called user being in the Internet through the E.164 number assigned to the user in the Internet.  A calling user may dial only the E.164 number of the called user in the Internet.  When the ITSP accommodates the user in the Internet and provides the termination service for the user in Phone-to-PC (Class 2-1) connection or PC-to-PC (Class 3) connection
, the ITSP and carriers/service providers in SCN have to support the one-stage dialing procedure without CAC or the pre-subscription.  In addition to the support for the one-stage dialing procedure to provide the termination service for its customers in the Internet, the ITSP may choose the one-stage dialing procedure with CAC or the pre-subscription or the two-stage dialing procedure to provide the transit service.
If the ITSP provides only the service of Phone-to-Phone (Class 1) connection or PC-to-Phone (Class 2-2) connection, it does not provide the termination service to set the path to its subscriber on computer terminal in the Internet.  In this case, the ITSP does not have to support the one-stage dialing procedure without CAC or the pre-subscription.  The ITSP chooses the one-stage dialing procedure with CAC or the pre-subscription or the two-stage dialing procedure to provide the transit service.
8.7
Summary - General conclusion 


According to the above discussion, the most appropriate solution for the addressing system of IP Telephony consists of the following three factors.

· The assignment of global E.164 number to the user on computer terminal in the Internet,

· The open system approach to the mapping mechanism between E.164 numbers and IP addresses and 

· The requirement for the support for the one-stage dialing without CAC or the pre-subscription.  

The combination of these factors brings large capacity of numbering space for the user in the Internet, enable the simple arrangement for the application of number portability and avoids the case where the path can not be set.  

The regulatory body should decide how and to what extent IP Telephony should be regulated as telephony service. To realize the most appropriate solutions, the regulatory body requires the following policy implications.

· The scheme of assigning E.164 number should be change so that E.164 number can be also assigned to the user in the Internet, 

· The rules for the interconnection between ITSP and carriers/service providers in SCN should be required for IP Telephony and

· The application of number portability to IP Telephony may require the enforcement on ITSPs and carriers/service providers in SCN.  


The database for IP Telephony service is divided into the administrative database for the assignment of address information and the real-time use database for routing.  While the administrative database should be managed under the assigning authority of address information, the management of real-time use database may be independent from the assigning authority of address information.  However, the open standard protocol is required for the exchange of mapping data among the real-time use databases.


The assignment of E.164 number to the user in the Internet is considered as the minimum requirement for the interaction between SCN and the Internet.  As mentioned in Section 4.4, the other addressing scheme than E.164 number can be used in PC-to-PC (Class 3) connection.  The other suitable addressing scheme for PC-to-PC (Class 3) connection should be for further study. 
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Fig.2-1	 Gateway between SCN and the Internet
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Fig.3-1	  Structure of IP Telephony service 
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Fig.3-2	IP Telephony Class1 connection


	(Phone-to-Phone via the Internet)
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Fig.3-3	IP Telephony Class2-1 connection


	(Phone-to-PC in the Internet)
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Fig.3-4	IP Telephony Class2-2 connection


	(PC in the Internet-to-Phone)
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Fig.3-5	IP Telephony Class3 connection


	(PC-to-PC in the Internet)
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Fig.3-6	IP Telephony Class 4-1 connection


(PC in the Internet-to-PC in the separate IP-based network via SCN)
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Fig.3-7	A part of path in Class 4-1 connection is identical to


the path in PC-to-Phone (Class 2-2) connection
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Fig.3-8	IP Telephony Class 4-2 connection


(PC in the separate IP-based network-to-PC in the Internet via SCN)
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Fig.3-9	  IP Telephony Class 4-3 connection (PC-to-PC via SCN)
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Fig.5-1	Transit service in Phone-to-Phone (Class 1) connection
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  in Phone-to-PC (Class 2-1) connection
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Fig.5-3	  Transit service and termination service


  in PC-to-Phone (Class 2-2) connection
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Fig.5-4	   Transit service and termination service 


   in PC-to-PC (Class 3) connection
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Fig.5-5	  Path set in Option 1(Assigning national geographic number)
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Fig.5-6	  Path set using LS with call-detection function in Option 1


	  (Assigning national geographic number)
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Fig.5-7	  Path set in Option 2 (Assigning national non-geographic number)
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Fig.5-8	  Path set in Option 2 (Assigning national non-geographic number)


  for international call
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Fig.5-9	  Path set in Option 3 (Assigning global number)
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Fig. 5-10    Possible options for the routing from a calling user to the ITSP
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Fig.6-1	Paths in Phone-to-Phone (Class 1) connection with the different business models
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Fig.6-2	Paths in PC-to-Phone (Class 2-2) connection with the different business models
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Fig.8-1	The relation among the potential players, the factors left for the decision making and the axes for the evaluation
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Fig.8-2	  Expected changes in the priorities


  among the axes for the evaluation








� IP is the abbreviation for Internet Protocol.


� SCN is a telecommunication network that uses circuit switched technologies for the support of voice calls.  Audio signals and control signals of Common Channel Signaling System (CCSS) are conveyed through SCN.  SCN includes Public Switched Telephone Network (PSTN), Integrated Services Digital Network (ISDN) and so on. (European Telecommunications Standards Institute, 1998a)  Although SCN may be a private network, I would like to generally consider SCN as a public network in the discussion.


� Although the size of IP version 6 addresses is doubled (128 bits), the capacity of IP address is still finite.


� CAC may be omitted in the dialing procedure, as mentioned later.


� In some countries, such as France, national prefix is required even for a call terminated in the same numbering area. (France Telecom Japan Co., Ltd., 1997)


� “101XXXX” stands for the sequence of 7digits, in which the initial three digits of “101” are followed by any four digits.


� The several Internet-Drafts has discussed the problems regarding the addressing system of IP Telephony in some particular connections.


� Clark terms this connection Class 1 and ETSI terms it Scenario 3.


� ETSI terms this connection Scenario 3.  On the other hand, in Clark’s classification, the IP Telephony connection between the user on telephone terminal and the user on computer terminal is categorized as Class 2.  He does not distinguish between a calling user and a called user


� The computer terminal that has dial-in access to the Internet through SCN can directly send and receive IP datagrams using a modem.  A modem makes the necessary conversion between audio signals and IP datagrams. 


� ETSI terms this connection Scenario 1.  In Clark’s classification, this connection is in Class 2.


� Clark terms this connection PC-to-PC (Class 3) and ETSI terms it Scenario 0.  Scenario 0 is out of the scope of study in ETSI.


� In the classification of ETSI, the IP Telephony connection between IP-based networks via SCN is categorized as Scenario 4.  However, ETSI does not give the precise explanation of IP-based network.  In this thesis, I would like to subdivide the IP Telephony connection between IP-based networks via SCN into Class 4-1 connection (Internet-to-separate IP-based network via SCN), Class 4-2 connection (separate IP-based network-to-Internet via SCN) and Class 4-3 connection (between separate IP-based networks via SCN).


� If the network of called user has the direct connection with the Internet, it does not make sense to set the path between the users via SCN.


� The ITSP usually provides the application program for PC-to-Phone (Class 2-2) connection for its customer.  Besides, some ITSPs allow the customer to use the product of the application program provided by the software manufacturer.


� Because a calling user in Phone-to-Phone (Class 1) connection may prefer the shorter access line in SCN to the gateway of ITSP to reduce the cost to access the ITSP, the location of gateways may also cause the limitation of the potential range of calling users.  The solution to share gateways provided by ITXC does not ease the limitation of the potential range of calling users.


� The dynamic assignment of IP address through the Point-to-Point Protocol (PPP) is widely used for the dial-up terminal in the Internet.  Therefore, the terminal in the Internet may have a different IP address in each session.


� ICANN is a new organization to takes over the responsibility of IANA and many issues regarding the administration od IP address are still in flux.  However, this seems to be the best guess at how things will end up.  See the web site of ICANN. (International Corporation for Assigned Names and Numbers, 1999)


� Because of the restriction in the numbering plan and the dialing procedure, the actual capacity of available numbers is less than the simple calculation.


� For example, 25 new area codes were assigned in the US in the ten-year period between 1984 and 1994, while about 30 new area codes have been assigned in North America to meet demands anticipated into the first quarter of 1997.  The new area code is added to the same geographic area covered by the existing area code or to the new numbering area split from the existing one.  (Bell Atlantic, 1998)


� For example, although the NDC of 120 is used for toll-free telephone service, it might not be recognized outside Japan.


� The CC of 881 is shared for Global Mobile Satellite Systems.  The CC of 878 is reserved for Universal Personal Telecommunication.  The CC of 800 is assigned for Universal International Freephone service. (International Telecommunications Union Telecommunication Standardization Sector, 1997a)


� The cases where the indicator in E.164 number is required are discussed in Chapter 6.


� ETSI terms the termination service the Global User Service.


� ETSI terms the transit service the Global Transit Service.


� To find the corresponding IP address in accordance with E.164 number by using the mapping mechanism is included in the transit service.


� A user may not recognize the interconnection among ITSPs/ISPs.


� In this case, a calling user may not recognize that the path for the transit service in the Internet may be set through the interconnection between the ITSP that the calling user selects and other ITSPs/ISPs.


� I discuss the interconnection between the ITSPs later in Chapter 6.


� The telephone number may include the CAC of the ITSP or the escape code to access the designated network in which the ITSP has the gateway.


� It is similar to the modification to add the CAC or the pre-subscription function for a long distance carrier in the usual telephone service.  


� I discuss the interconnection between the ITSPs later in Chapter 6.


� The telephone number may include the CAC of the ITSP or the escape code to access the designated network in which the ITSP has the gateway.


� The pre-subscription to the ITSP providing the transit service might be additionally created or might replace the pre-subscription to a long distance carrier.


� This function, or the query system, should be added to SCN for IP Telephony service.  The similar modification is proposed as one of the feasible solutions for number portability.


� For example, the NDC of 800 is used for toll-free telephone service in the US.  It is detected in LS in the local network.


� How the routing system in SCN selects the gateway depends on how the ITSP prepares the mapping mechanism between E.164 numbers and IP addresses.  It is discussed in Chapter 6.


� For example, for the toll-free telephone service, the NDC of 120 is used in Japan, while the NDC of 800 is used in the US.


� An international gateway switch connects the SCN in one country with the SCN in another country.  It is different from a gateway between SCN and the Internet.


� For example, the CC of 881 is used for Global Mobile Satellite System, such as IRIDIUM, Globalstar and ICO-P. (ITU-T, 1997)


� How the routing system in SCN selects the gateway depends on how the ITSP prepares the mapping mechanism between E.164 numbers and IP addresses.  It is discussed in Chapter 6.


� It includes the number of ports and the access link speed.


� It includes the protocol support, the speech codec, the encryption algorithm and so on.


� The Location Server identified by Rosenberg and Schulzrinne is considered as one of the main functions that the server of IP Telephony should have.


� In this Internet draft, Agapi and others propose a gateway location service protocol, which is used to find the suitable gateway to set the path in PC-to-Phone (Class 2-2) connection and PC-to-PC (Class 3) connection.


� As mentioned in Section 5.1.2, to find the corresponding IP address in accordance with E.164 number by using the mapping mechanism is included in the transit service.


� When a calling user does not recognize that a called user is on computer terminal in the Internet and use the transit service, the calling user may suppose that he or she uses the transit service in Phone-to-Phone (Class 1) connection.


� It is analogous to the number portability of 800 number in the US.  The amendment can be done in the on-line manner using the SMS/800 database system.  (United States, 1998c)


� Although the Internet Assigned Numbers Authority (IANA) has administered IP address, this responsibility is currently in transition.  At the time of this writing, the top-level responsibility for IP address assignments is proposed to rest with the International Corporation for Assigned Names and Numbers.  See the web site of ICANN. (International Corporation for Assigned Names and Numbers, 1998)


� On the other hand, E.164 number is permanently assigned to the user of IP Telephony service.


� The NDCs of 888 and 877 were additionally assigned to meet the demands.  (United States, 1998a)


� For example, in the toll-free telephone number of “1-800-123-4567”, “1” is national prefix for long distance/international call, “800” implies the toll-free telephone service, the “Nxx” code is “123” and the “xxxx” number is “4567”.


� Global Subscriber Number.  See Section 2.2.1


� In this case, a calling user follows the one-stage dialing procedure without Carrier Access Code (CAC) or the pre-subscription.


� It might be thought that the advancement of technology, the market competition and the changes in regulation on tariff would reduce the cost for the connection in SCN.


� Because the ITSP should always secure the enough numbering capacity to accommodate its customers, it might give the high priority to the capacity of E.164 number constantly.


� For example, the procedures to assign Universal International Freephone Number (UIFN), which is one of the global E.164 numbers, are described in ITU-T Recommendation E.169.  It takes 33 days after the application to assign the UIFN number to the user.


� For example, the ITSP may want to use national non-geographic number to provide the toll-free service in the domestic area.  In telephone network, the toll-free service is usually limited to a calling user within the country, except International Freephone Service.


� It depends on how and to what extent the regulatory body treats IP Telephony as telephony service to be regulated.


� The user in the Internet is called and the path is connected to this user.





[image: image27.wmf][image: image28.wmf][image: image29.wmf][image: image30.wmf][image: image31.wmf][image: image32.wmf][image: image33.wmf][image: image34.wmf][image: image35.wmf][image: image36.wmf][image: image37.wmf][image: image38.wmf][image: image39.wmf][image: image40.wmf][image: image41.wmf][image: image42.wmf][image: image43.wmf][image: image44.wmf][image: image45.wmf][image: image46.wmf][image: image47.wmf][image: image48.wmf][image: image49.wmf][image: image50.wmf][image: image51.wmf][image: image52.wmf][image: image53.wmf][image: image54.wmf][image: image55.wmf][image: image56.wmf][image: image57.wmf][image: image58.wmf][image: image59.wmf][image: image60.wmf][image: image61.wmf][image: image62.wmf][image: image63.wmf][image: image64.wmf][image: image65.wmf][image: image66.wmf][image: image67.wmf][image: image68.wmf][image: image69.wmf][image: image70.wmf][image: image71.wmf][image: image72.wmf][image: image73.wmf][image: image74.wmf][image: image75.wmf][image: image76.wmf][image: image77.wmf][image: image78.wmf][image: image79.wmf][image: image80.wmf][image: image81.wmf][image: image82.wmf][image: image83.wmf][image: image84.wmf][image: image85.wmf][image: image86.wmf][image: image87.wmf][image: image88.wmf][image: image89.wmf][image: image90.wmf][image: image91.wmf][image: image92.wmf][image: image93.wmf]_980612527

_980178111

_980612339

_980178008

_980177044

_980175875

