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1 Introduction

1.1 Domain and System Overview

Many efforts have been made to reduce costs in making long-distance and international telephony calls. It has spawned entirely new fields like Voice over IP (VoIP) and Internet telephony. Besides saving on telephone-bills by sharing the same resources for Internet as well as telephone connection, Internet telephony allows you to access a variety of new services more easily. With the increasing use of World Wide Web for virtually anything, from email access to e-commerce, it becomes important to devise some mechanism to access the Internet telephony services from the web. What makes web access to Internet telephony services more important is the ease of use from anywhere by anyone using the standard browsers like Netscape or Microsoft’s Internet Explorer. Moreover, use of the existing technology for Internet telephony, in particular Session Initiation Protocol (SIP) for signaling and Real-time Transport Protocol (RTP) for media transport, makes it interoperable with the available tools and applications. 

1.2 Identify Customer

The proposed system will typically be used by different web hosting and application service providers to provide yet another service. Initially the system will be deployed and used in the Internet Real-Time (IRT) Lab, Computer Science Department of Columbia University. The end users of the proposed system would include anybody who has web access and wants to make Internet telephony calls, or access some Internet telephone service using the standard browser.

1.3 References

Protocols:

· http://www.cs.columbia.edu/sip  – SIP web page at Columbia University.

· http://www.cs.columbia.edu/~hgs/rtp - RTP web page at Columbia University.

Other documents:

· Hello2web: Project Proposal Sketch.

Existing products and softwares:

· http://www.cs.columbia.edu/~kns10/software/siplib  - SIP protocol stack

· http://www.cs.columbia.edu/~kns10/software/sipconf - SIP audio conference server

· http://www.dialpad.com - Dialpad: Another web to telephone service

· http://www.mediatrix.com/telecpro/apaiii-1.html - Mediatrix SIP-PSTN gateway

· http://www.cs.columbia.edu/~hgs/sipd - A SIP server

· http://www.cs.columbia.edu/~hgs/sipc - A SIP user agent or client

2 Domain Description

The Domain Description (which focuses on the current system and organization) establishes the context for the system to be developed and determine what is or is not relevant to the project. It consists of several views, which describe the domain of the project (i.e., the context in which the project will be developed and deployed, including the organization, stakeholders, etc.) at various levels of generality from the customer's and domain expert's perspective.
2.1 Background

Our project is being designed to provide a web-based interface to Internet telephony services. Traditional telephone system (also called as PSTN, Public Switched Telephone Network) has been widely used for years, all over the world, for interactive voice communication. Some of the limitations (or differences with Internet based communication) of this system are

· You have to pay for the entire duration of the call, whether you are talking or not. 

· Most organizations already have Internet connections, which are always active. It cuts down the telephone bills a lot if they can route the voice traffic over the Internet.

· Because of the network centric architecture of the telephone network, most of the advanced services are provided by the network or the telephone switch for which you have to pay. Examples of these advanced services are caller id, conferencing facility, and so on. On the other hand Internet switches or routers are relatively dumb devices. Web (which provides another layer over Internet) is more of a hybrid environment, in which the services can be provided either by some central application service provider like yahoo, or by the end-systems like Microsoft’s NetMeeting. 

· Different countries have different numbering convention. For example US has fixed 10 digit numbers including 3 digits area code. India has variable number length, with shorter area code for more populated cities. Moreover, the commonly used numbers (e.g., emergency 911) are different in different countries. This causes some problem in interoperability among different systems.

Internet telephony provides a chance to re-architect the telephone system and improve on all these (and many other) limitations. Secondly, Internet telephony is easier to integrate with other services like voice and video mail, instant messaging, online multimedia chat, conferencing, electronic mail and web.

There are a few web based telephony services, such as Dialpad and Net2phone, which have gained popularity recently. 

2.2 Goals

The goals of the existing Internet telephony systems in relation to our project are:

1. Cheap telephone calls: Allow a user to make a telephone call over the Internet either free of charge or cheaper than the regular telephone cost.

M: The cost of making a phone call is less than that using the regular telephone.

R: Currently most of the telephone networks charge a lot for international and long distance calls. Giving a free web based telephone is like a dream come true. Most of the users do not care even if the quality of audio is not as good as telephone quality over the Internet, primarily because it is free or much more cheaper than regular phone. This is evident from the wide popularity of Dialpad, mostly among students. There are other sources of making money for Dialpad, for instance, through advertisements.

2. Advanced services: Allow an user to take advantage of the advanced services like, multimedia call, Internet multimedia mail, instant messaging and presence, Fax, and integration of email, web and unified messaging.

M: Should interoperate with existing Internet telephony applications. 

R: It is almost impossible to include all the possible services in a single client or server. Web architecture allows you to subscribe to different services provided by different providers, for example, your Internet connection is provided by MCI, but you are using the email and voice-mail from Yahoo. Designing a system that uses the existing protocols helps in interoperability with existing and future multimedia communication applications.

3. Scalable: The system should be scalable to support large number of simultaneous conversations without much degradation in quality of audio.

M: Should be able to handle hundreds of simultaneous calls.

R: Once the system becomes popular many people will try to use it. If the quality degrades with more number of users then the popularity will reduce. This demands for a scalable system. (Use of a single server may not be a good solution)

4. Ease of use: The system should be easy to use without any knowledge of Internet telephony.

M: GUI is as simple and intuitive as possible.

R: If the system is easy to use more people with diverse backgrounds will use it and make it more popular.

2.3 Current Systems

This section describes some of the variants of the Web based Internet telephony or audio chat systems.

2.3.1 Dialpad

Dialpad allows you to make telephone calls within US free of charge from the Web. A user, using his PC, goes to Dialpad web page, signs-up for the service using his user name and password, and he is ready to make a call. He dials the telephone number (area code and local number) and can talk to the remote person using the microphone and speaker or headset attached to his PC. There are other service providers with similar mode of operation, for example Net2phone and Hotfoon.

2.3.2 Yahoo audio chat

Yahoo Messenger has an audio chat application along with the regular instant messaging. Every user is given a Yahoo login id when he signs-up for the service. There are different chat rooms and users can roam around and chat with others in the same room. This is a slight variation of traditional telephone based conferencing.

Both of these modes of operations fulfill only a specific need. For instance, Dialpad can be used to make calls from web to regular telephone. These applications are not generic enough to be used as a Internet telephony client. For example, you cannot connect to Dialpad user from your Microsoft’s NetMeeting client, or take part in Yahoo audio chat using Dialpad. 

Rest of the document concentrates on the Dialpad type of applications. Audio chat applications can be readily supported using the audio conference server discussed in the next subsection.

2.4 Existing Software Modules

This section briefly describes the existing software components available in the IRT Lab. The system consists of three different domains: Web, Session Initiation Protocol (for Internet telephony) and regular telephone network. Most of the current systems in IRT Lab are based on SIP and/or regular telephone network. 

Currently, IRT Lab has a SIP protocol stack implementation in progress for client side applications. This stack allows an application to make and receive a SIP call. It also allows the application to register its address and current location with the Columbia’s SIP server, so that any external entity can reach the application by querying its current location from the server. There is a test application that is used to test the protocol stack for various functionalities. This SIP stack is being used in a variety of applications, including a SIP audio conference server. The SIP audio conference server provides a centralized audio mixing and conferencing application to which different SIP clients can connect; and chat with each other.

IRT Lab also has a Mediatrix gateway which converts a SIP call to a regular telephone call and vice versa. The inter-operability between this gateway and the SIP stack is not yet tested, and may involve some modification in the SIP stack.

There are other SIP based systems, which can be used for testing and deploying the proposed system. In particular, sipc is a SIP user agent, and sipd is a SIP registration server. Sipc is a standalone application and acts as a software version of SIP based Internet telephone. Sipd is also a standalone application and acts as a SIP registration server. Typically all SIP based Internet telephones in Computer Science Department of Columbia University will register with the SIP registration server running on one of the machines in the Department; and all the external entities can query the server to find the location of a particular person. For instance, my SIP user agent will register with SIP server at “cs.columbia.edu” giving my unique address “kns10@cs.columbia.edu” and the host name of the machine I am using. Now somebody else can query the server at “cs.columbia.edu” to resolve the name “kns10” to my host name, and reach my SIP user agent.

Our proposed system is a Web based version of the SIP user agent.

2.5 Entity Model

The following is a list of entities from the existing Dialpad type of applications: 

1. Internet user

2. Web browser and client application/applet

3. Dialpad web server and server side application

4. Remote regular telephone user

Entity: E-01

Title: Internet user

Description: Users interested in making Internet telephony calls from web.

Properties: 
1. Has a unique identifier of the form “user@domain”, for example “kns10@cs.columbia.edu”. 

2. Wants to talk to remote regular telephone user from his computer

3. Has a web browser installed in his computer

Activities: 

1. Interacts with an application on the web server while viewing the web page containing the Internet telephony client to make an Internet telephony call. 

2. Once the connection is established with the remote regular telephone user, talks to the remote user using his speaker and microphone attached to his machine.

Connections:

1. Uses his web browser as a user agent

2. Connects to the web server using the web browser to download any client application/applet.

3. Talks to the remote regular telephone user

Constraints:

1. May not have any knowledge of Internet telephony or SIP.

2. May have limited technical computer experience but is reasonably good at web browsing

3. Needs to know how to configure and use the audio devices (speaker and microphone interfaces) on his machine

4. He must know the identifier of the remote party he wants of reach. This is either a telephone number, or is of the form “user@domain”, for example “7063@mygateway.com” .

Entity: E-02

Title: Web browser and the client application/applet

Description: User agent application to browse the web and any subsequent application/applet downloaded from the web to make Internet telephony calls. Latest versions of Microsoft Internet Explorer and Netscape are examples of web browsers needed for this kind of applications.

Properties: 

1. Has a display window where the graphical user interface (GUI) for the Internet telephony client is displayed

Activities: 

1. Retrieves various documents and applications from the web server and displays them to the user. Processing any in-line JavaScript in the HTML document, if needed.

2. Runs the Java Applets downloaded from web in secure environment

3. Invokes the plug-ins to process the specified pre-configured content-type

Connections:

1. Takes input from user in terms of mouse click and keyboard inputs

2. Interacts with the web server to retrieve documents and any other application/applet

3. Provides a visual display of the retrieved document and any dynamic content to the user.

4. The client application/applet allows the user to interact with the remote regular telephone user using audio device.

Constraints:

1. Under-stands Java Scripts, Java Applets, Plug-ins, apart from HTML, and is capable of interpreting the certificates to allow download of trusted applet. 

Entity: E-03

Title: web server and server side application

Description: Provides an interface between a web browser and a regular telephone (user).

Properties: 

1. It has a unique HTTP URL at which it can be reached

2. Is reachable from a web browser

3. Can convert a call request from a web browser to a regular telephone

Activities: 

1. Receives signaling and media from the browser (or other user application started by the browser)

2. Forwards the call to the regular telephone number specified by the user. It uses some intermediate PSTN gateway.

Connections:

1. Gets signaling information from the web browser (or client application/applet)

2. Connects the audio path between the web browser (or client application/applet) and the regular telephone (user).

Constraints:

1. Should be scalable and should be able to handle many simultaneous calls

2. The server side application is typically tied to one web server

Entity: E-04

Title: Remote regular telephone user

Description: Can receive calls from a Internet user on his regular telephone.

Properties: 

1. Has a unique telephone number at which he can be reached

Activities: 

1. Picks up the phone when the phone rings and starts talking.

2. Hangs-up the phone when finished talking

Connections:

1. The server side application contacts the regular telephone of the remote user.

2.6 Activity Model

I. The Internet user learns about this new web based Internet telephony service.

II. He starts his web browser and goes to the URL for this service.

III. He signs-up there for the service

IV. He installs any application/applet needed for the service

V. He enters the phone number (or other identifier) of the remote regular telephone user.

VI. If the remote telephone user picks up the phone, the two are connected and can talk. The Internet user uses his speaker and microphone while the remote regular telephone user uses his telephone handset to talk.

VII. If the remote telephone user does not pick up the phone or the phone is busy then the Internet user gets appropriate indication. He may try sometime later.

VIII. When they are done talking, both of them hang-up the call. The Internet user clicks on the hang-up button on the GUI while the regular phone user puts down the handset.

2.7 Current System Shortfalls

There are various shortfalls for the current system similar to Dialpad.

1. Proprietary protocols 

Most of these systems have some proprietary protocols and can not interoperate with other systems. For example, you can not join a Yahoo audio chat using Dialpad. There are two most popular Internet telephony (or multimedia communication) protocols: SIP and H.323. There are translators available to convert between these two protocols. If every Internet telephony application (or multimedia communication application) uses one of these protocols then the inter-operation of various tools and applications becomes very easy. One tool will be able to access the services provided by another application very easily.

2. Lack of personal mobility

Almost all of these systems require a user to sign-up and use (only) there service. For example my user id “kundan@yahoo.com” will not be accepted by Dialpad. This is against the idea of personal mobility whereby I can use my user id from any Internet connected device. The infrastructure should be able to efficiently locate which service I am using and should be able to contact me. This way, others do not have to remember my Dialpad account as well as my yahoo account, apart from my Columbia email address. SIP allows you to use a unique email like address as your identifier and SIP servers provide the infrastructure to locate and contact a user by his user id (or URI, Uniform Resource Identifier).

3. Centralized control

As mentioned earlier, most of these systems have the server side application tied to one web server. That application is responsible for handling all the requests. This imposes scalability issues. Various solutions include, farm of web servers instead of single server or use of HTTP redirect to use a different web server for different requests. A more elegant solution is to allow deployment of these server side applications to multiple web servers. This reduces the load on a single web-server/server side application by deployment of multiple server side applications on different web servers. Some kind of server-to-server communication is needed to do this. This is readily supported by SIP.

3 Proposed System

3.1 Project Goals and Constraints

The main goals of the project are:

Project Goal: PG-01


Title
Simple web based user interface


Description
Provide access to the Internet telephony service from the web. This allows the user to use his browser without explicitly downloading a client application. Secondly, it makes the system portable across different platforms.


M
Accessible using either Microsoft Internet Explorer or Netscape. Minimum controls on the GUI.


R
Ease of use (and easy deployment)


S
The GUI of the client application/applet, the downloadable portion (if any), audio interface, and the program manual (if any)



Project Goal: PG-02


Title
Robustness


Description
The system should be robust against failures in other part of the system. It should be able to handle gracefully the failure scenarios.  Because of the inherent distributed nature of the system, it is possible that one part of the system is not functioning well. This should not cause abnormal termination to the other parts of the system.


M
System should not crash in regular operation or in failure conditions.


R
Scalable (If a system is not robust, it is difficult to make it scale to hundreds of users)


S
All known failure cases should be handled. Reliability of the other parts of the system should not be assumed. This affects all parts of the system.



Project Goal: PG-03


Title
Scalability


Description
The architecture should be scalable to support hundreds of simultaneous users. Once the system becomes popular many people will try to use it. If it is not scalable then the popularity will reduce.


M
The system should either support hundreds of simultaneous users or should show that the architecture allows support of hundreds of simultaneous users.


R
Scalable


S
The architecture should allow multiple server side applications distributed across many web servers.



Project Goal: PG-04


Title
Interoperability


Description
The system should interoperate with other SIP based applications. Interoperability is very important in a distributed environment with different applications developed by different vendors.


M
Should implement all required features of SIP.


R
To provide advanced services outside this domain


S
Inter-working with software and hardware SIP components in IRT labs: e*phone, Cisco SIP phone, sipd, Mediatrix and sipc. This affects mostly the server side application.



Project Goal: PG-05


Title
Voice quality


Description
The voice quality should be reasonable.


M
Should be as good as what Dialpad gives atleast in the same Local Area Network.


R
If the quality of the audio is poor no-body would prefer to use it.


S
Audio quality should be as good as what Dialpad gives atleast in the same Local Area Network. Achieving telephone quality requires support from underlying network infrastructure, which is not feasible in the best-effort Internet.

Project Goal: PG-06


Title
Extensible design


Description
The design of the system should be extensible. In particular, it should be possible to easily integrate video telephony interface, address book, and call history.


M
N/A


R
Web based service will definitely need additional capabilities, sooner or later. The system must be prepared to handle easy extensibility.


S
N/A



Project Constraint: PC-01


Title
SIP protocol stack


Description
Use the library API of the SIP protocol stack.


M
Stick to the existing API


R
The system will use the SIP protocol stack being developed in the IRT lab. There could be various bugs and robustness issues because the stack is still under development. However, the server from which the stack is derived has been tested with various vendors’ SIP products.


S
Existing API, and features provided by the protocol stack. This affects mostly the server side application.



Project Constraint: PC-02


Title
Mediatrix SIP-PSTN gateway


Description
Use the Mediatrix gateway for SIP-PSTN conversion.


M
Stick to the Mediatrix interface (atleast for the short term) for transferring call to/from PSTN.


R
Mediatrix gateway is recently released and can have some bugs in terms of compliance to SIP. We have to live with it because of the unavailability of any other good gateway in the IRT Lab.


S
SIP messages, any proprietary messages between Mediatrix gateway and SIP server, numbering plan for telephone numbers and configuration of Mediatrix gateway.



3.2 Proposed Capabilities

The proposed system would be built to provide the following features:

Capability: CAP-01


Title
Web interface


Description
Simple, intuitive and minimum GUI controls on the web interface still powerful enough to make and receive Internet telephony calls.


Priority
Very high


Rationale
Most of the users are familiar with web-based controls, but not very much aware of detailed SIP functionalities. The purpose of the GUI is to provide a clear interface without having to worry about the underlying complexity.


Organization Activity
User makes an outgoing call; or registers his address to receive an incoming call.

Capability: CAP-02


Title
User registration


Description
The system allows a user to register his address so that others can reach him


Priority
Very high


Rationale
Having the system to allow registration of any valid SIP URI supports user mobility. I can have a SIP URI of the form “kns10@yahoo.com”  which I can use from anywhere, as long as the SIP server at “yahoo.com” recognizes my user id “kns10”.


Organization Activity
User registers his unique address to receive an incoming call.

Capability: CAP-03


Title
Making a call


Description
The system allows a user to make an outgoing call to another SIP URI.


Priority
Very high


Rationale
This is the most primitive capability for an Internet telephony client.


Organization Activity
User makes an outgoing call.

Capability: CAP-04


Title
Incoming call notification


Description
The system notifies the user when there is an incoming call for him


Priority
High


Rationale
This is important to receive an incoming call any-where and anytime. Although this is not mandatory for making call from web to regular telephone, it makes sense to have a single web based client for both incoming and outgoing calls. 


Organization Activity
User receives an incoming call indication. He either accepts or rejects the incoming call.

Capability: CAP-05


Title
Dialing a regular telephone number


Description
System should allow a user to dial a regular telephone number to reach a regular telephone.


Priority
High


Rationale
Since this capability is already provided by the existing systems, lack of it will make this product inferior.


Organization Activity
User makes an outgoing call to a regular telephone.

Capability: CAP-06


Title
Utilize other SIP services on the network


Description
The system should be able to make a SIP call to existing SIP based services in the network without any modification. This allows you to use the existing and future services like audio conferencing, voice mail.


Priority
High


Rationale
Improves flexibility and compatibility of this software with other existing softwares in the IRT Lab.


Organization Activity
User can dial a pre-configured conference address, for example, “whim-meeting@cs.columbia.edu”  and take part in the audio conference.

3.3 Proposed System Description

The proposed system will be implemented taking full advantage of the existing Internet telephony infrastructure, in particular the SIP servers and SIP URI addressing mechanism. Use of SIP allows it to inter-operate with other SIP based systems. 

SIP defines a very good user location mechanism. Every user has a unique identifier, say kns10@cs.columbia.edu. Whenever, the user starts his user agent, it registers the current location (host name or IP address of the machine where the user agent is running) with the server identified by the host portion of user@host  SIP URI. In this case the user agent will register with the SIP server at “cs.columbia.edu”.  Now, if somebody wants to reach kns10, he contacts the server at “cs.columbia.edu” to get the current location of the user.  The servers can operate in either redirect or proxy mode. In redirect mode the server returns the new user location and the client can re-connect to the new location. In proxy mode the server itself takes care of contacting the final destination and connecting the call from the originator to the final destination. This forms a very scalable and robust signaling architecture for Internet telephony. Since the proposed system is based on SIP, it has these features, including personal/user mobility.

The proposed system acts as another SIP based Internet telephony client. Since different users are bound to have different SIP URI and will be distributed across different domains depending on their affiliation, there are going to be different SIP servers running on these domains. Moreover, since both the client side as well as the server side application can be installed on multiple hosts, and can communicate using SIP, the architecture is more scalable and distributed.
It is the responsibility of the user to acquire his SIP URI off-line. The user should make sure that there is a SIP registration server which can accept his SIP URI.
3.3.1 Context Diagram


Figure 1 : Context Diagram
3.3.2 Proposed Scenarios

An Internet user can reach another Internet user both using the system from the same location (web server).

An Internet user can use the system as a Internet telephony client and can make a call to a regular telephone user though the Mediatrix gateway.

More than one Internet users can make a call to the some conference identifier hosted by the audio conference server and get connected in an audio conference.

Two different Internet users using the system from different locations (web servers) can reach each other.

A regular telephone user can reach an Internet user who has advertised his (some kind of numeric) identifier (which can be dialed on a regular telephone).

Advanced users can use the system to connect to (or be contacted by) another user who is using a different Internet telephony client (for instance, sipc).

3.4 Effects of Operation

3.4.1 Operational Stakeholders

The operational stakeholders include: 

1. 
Stakeholder
IRT Lab or other application service provider who want to give this service.


Activities Performed
Set up the server side application in the web server.


Usage Characteristics
Knowledge of basic software installation.

2. 
Stakeholder
Internet user who wants to use the system


Activities Performed
Make or receive Internet telephony calls.


User Characteristics
Knowledge of basic web browsing. Should also have his unique SIP address.

3.4.2 Organizational and Operational Impacts

Free telephone calls have always attracted attention. This project provides a standard simple to use interface for the Internet telephony services. Using a backend gateway, you can deploy cheap web to telephone service. Moreover, this allows any web user to make or receive calls in a more portable manner. 

4  Glossary

API – Application Programming Interface

Dialpad – A web to regular phone telephony service, which uses some variation of H.323

GUI – Graphical user interface, front end for an application.

H.323 - A multimedia communication protocol developed by International Telecommunication Union. This is one of the standards used for Internet telephony. The other is SIP.
HTML – Hypertext markup language used in web pages

HTTP  - Hypertext transfer protocol, between browsers and web servers for web page (resource) retrieval

Internet telephony – Providing telephony services over Internet. Does not necessarily mean conversion between IP and regular telephone signals. Internet telephones are different form regular telephones and some intermediate gateway is needed for conversion.

Internet user – A user with Internet connection, and a browser to access web.

IRT – Internet Real-Time Lab at Computer Science department, Columbia University

Mediatrix gateway – is a gateway, which converts between SIP calls and regular telephone calls.

PSTN – Public Switched Telephone Network, the existing telephone network

Regular telephone – Normal telephone hand-set

RTP – Real-time Transport Protocol, a protocol for transferring real-time media over Internet

SIP – Session Initiation Protocol, an Internet telephony signaling protocol developed by IETF
SIP user agent – A client application for Internet telephony based on SIP

SIP server – A server application for Internet telephony based on SIP. Typically performs user registration.

Sipd – is an example of SIP server developed at IRT Lab.

Sipc – is an example of SIP user agent developed at IRT Lab.

SIP URI – A unique identifier for a user, of the form “user@host”.

URI – Uniform resource identifier. A unique identifier for a resource, may be a human being.

URL – Uniform resource locator. Example include HTTP URL

VoIP – Voice over IP, transferring voice traffic over Internet Protocol
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