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ABSTRACT 



Ever tried placing a voice call over the Internet. If you have, we are sure you haven't 

had a pleasant experience. You might have even promised yourself never to try it 

again. 

Stop right there! ! 

Take some time-off from your busy schedules and have a look at what we have to say. 

We guarantee that you will change your mind. 

In the near future, if you make a telephone call, it is more than likely that it would be 

over the Internet or some other packet network. But, what is it that would make this 

possible? It is a bunch of protocols and standards; and years of research done by 

organizations all over the world that would bring about this revolution. 

They call it 'VOICE OVER IP', 'INTERNET TELEPHONY' & a host of other 

names. 

We like to refer to it as 'A Dawn Of a New Era in Telecommunications'. 

The next few chapters of this project report will discuss this phenomenon in detail. 

" " 
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INTRODUCTION

The incredible growth of two leading technologies, wireless LAN and voice over IP

(VOiP), has come together to provide an exiting new application, Voice over Wireless

LANs (VOWLANs). The most prevalent usage of VOWLAN today is in the retail,

warehousing, manufacturing, and healthcare, education, and hospitality industries.

Employees in these industries are more mobile than the average office worker and

have specific application needs that lend well to handheld devices. Adding VOWLAN

can increase productivity and responsiveness for mobile employees in the workplace.

The project consists of three chapters, Introduction To Voice Over IP Over WLAN,

Background, and Applications.

In the first chapter I will introduce voice over IP and it background.

In the second chapter I will discuss in details about the background and function of

different protocols.

In third chapter I will give an overview of Voice Over IP Applications and Softwares

and I will discuss in details about advantages and disadvantages of voice over IP

••
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CHAPTER ONE

INTRODUCTION TO VOICE OVER IP

1.1 Overview

Voice-over-Internet Protocol (Voice-over-IP, or VoIP) is being adopted by more and

more businesses around the world and is not only emerging, but flourishing. Moreover,

VoIP is not a new technology; it is an old technique that has been around for about a

decade. Simply, VoIP uses Internet Protocol to digitize voice calls into packets using

the existing company network connection. Calls placed by using Internet Protocol

bypass traditional phone networks that have toll-based charges, so calls are generally

less expensive.

Although many people are unfamiliar with VoIP, the technology has been around for

years. In the late 1970's, there were experiments with ARPANET (the predecessor to the

Internet) using IP to send packetized voice messages. In the mid 1990's, IP telephony

started being used to open a voice connection between two PCs over the Internet.

Initially, the quality of calls was of concern, so most people who used IP telephony

were hobbyists and experimenters. However, today with the extended extensive

research and development, the quality of VoIP has surpassed cellular service and is

equal to that of the traditional phone line. "VoIP will account for

In addition to the long history of IP telephony; many consumers and businesses have

most likely used VoIP without even knowing it."For voice services by 2007, most

traditional phone companies have been using it within their regional networks.

Consequently, consumers who use any cheap, long distance phone service today are

probably already using IP telephony technology without realizing it. In addition, most

phone companies are already using VoIP to carry international calls, resulting in 6% of

all international phone traffic now being internet-based. These phone companies have

been using VoIP technology for years and its adoption rates are on the rise among

businesses of all types and sizes.
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There is little doubt that VoIP technology will continue to be developed and

implemented over the next few years. One study estimated that corporate phone lines

that adopt VoIP will leap from 4% in 2004 to 44% in 2008 due to the reduced

equipment costs that will occur over the next few years Another study finds that VoIP

will account for approximately 75% of world voice services by 2007 In addition, in

2002, 75% of large US organizations planned to switch to IP systems for voice within

the next two years. Furthermore, 90% of enterprises with multiple locations will adopt

VoIP systems over the next 5 years. As a result, a technology that has been around for

years is now a proven telecommunications tool, being adopted by businesses

worldwide.

VoIP has helped the phone companies and now many other businesses save money, and

by implementing a VoIP phone system on your own computer networks, you could too.

Many of the benefits are immediate, such as the cost savings for external calls and

depending on the type of VoIP solution, free internal calls to all parts of your company

that share a computer network. Cost savings are not the only advantage to adopting

VoIP. The other benefits include enhanced features that help to streamline your business

operations and allow for greater business continuity. For any business, IP telephony is

the next wave of voice and data communications. For most businesses, it is not a matter

of if they will implement VoIP; it is a matter of when and how. If you are not

considering this technology today, you will be tomorrow

1.2. Background

1.2.1. VoIP, Internet Telephony, Voice-over-the-Internet:

The terms Voice-over-Internet Protocol ("VoIP"), IP telephony, Internet telephony,

and Voice-over-the-Internet ("VoN") are given, different meanings by different

.• commentators and in fact have no universally agreed-upon meaning. There are,

however, distinctions to be kept in mind, for IP can be used in various ways for the

transmission of voice. As used in this memo, -

VoIP is a generic term that refers to all types of voice communication using Internet

protocol (IP) technology instead of traditional circuit switched technology. This

2



includes use of packet technologies by telecommunications companies to carry voice at

the core of their networks in ways that are not controlled by and not apparent to end

users.

VoN, also called Internet telephony, on the other hand is a service that end users decide

to use -- it is a specialized form of VoIP in which a regular voice telephone call is

transmitted via the public Internet, thus bypassing all or part of the public switched

telephone network (PSTN). Internet telephony can occur between computers (computer

to-computer), between a computer and a phone (computer-to-phone), and between

phones (phone-to-phone).

1.2.2. Transmission Of Voice Using IP Networks.

Here is how a VoIP transmission is completed:

Step 1: Because all transmissions must be digital, the caller's voice is digitized.

This can be done by the telephone company (which is how carriers use IP in their

networks), by an Internet service provider (ISP), or by a PC on your desk.

Step 2: Next using complex algorithms the digital voice is compressed and then

separated into packets; and using the Internet protocol, the packets are addressed and

sent

across the network to be reassembled in the proper order at the destination. Again, this

reassembly can be done by a carrier, and ISP, or by one's PC.

Step 3: During transmission on the Internet, packets may be lost or delayed, or

errors may damage the packets. Conventional error correction techniques would request

retransmission of unusable or lost packets, but if the transmission is a real-time voice~
communication that technique obviously would not work, so sophisticated error.,

"detection and correction systems are used to create sound to fill in the gaps. (This

process stores a

portion of the incoming speaker's voice, and uses a complex algorithm to "guess" the

contents of the missing packets and create new sound information to enhance the

communication.)

Step 4: After the packets are transmitted and arrive at the destination, the

transmission is assembled and decompressed to restore the data to an approximation of

3



the original form.

As this explanation suggests, technology that works fine for sending data may be less

than perfect for voice transmissions. The technology is improving, but still the quality

of a voice

transmission using packet technology is inferior to a circuit-switched connection, and

that

difference in quality would normally be obvious to any listener. As IP technology

improves, the

quality advantage for voice communication enjoyed by the circuit-switched will

decrease, but

most experts see parity in quality as still a distant prospect.

1.3. Types of VoIP Adoption

Depending on the type of results you are looking for in your VoIP solution, the number

of features and customizations you need, the education and efforts of your staff, and the

money you choose to invest, your company has a choice to make on what type of VoIP

solution will benefit and work most effectively in your

Dedicated - more customization, manage and deploy your own environment

Hosted - lower upfront costs, hosted and managed by a VoIP provider

There are two types of VoIP solutions that you can take advantage of: a

dedicated environment or a hosted offering.

.• 1.3.1 Dedicated VoIP

A dedicated solution is one in which your company hosts the VoIP server and your IT

staff has the ability to customize settings and manage and deploy your own

environment. Generally, this solution is best for large companies that need extensive

customization and have a skilled IT staff on networking and security issues to operate

and host their own VoIP solution. In addition, the dedicated VoIP solution has a larger

upfront cost since the company will maintain its own VoIP.server. Consequently, many

4



Fortune 500 companies (i.e. Ernst & Young, Hewlett Packard, Boeing) have already

begun to adopt VoIP using the dedicated environment and will continue to do so in the

near future.

1.3.2 Hosted VoIP

A hosted solution is one in which your company outsources your VoIP project and the

server is hosted and managed by a VoIP provider. Generally, this solution is best for

small to medium enterprises (SMEs) with multiple locations. With a hosted

environment, the company has less upfront costs and less to maintain with a reduced

overall cost of ownership. However, the small to medium sized company can take

advantage of the same features and cost savings as large companies by implementing a

hosted solution. By selecting the hosted VoIP solution, your company can choose only

the features that will most benefit your company, while leaving the setup and

maintenance to your VoIP provider's experts. In the past, many SMEs dismissed VoIP

services as too costly, but now with the hosted VoIP option SMEs are using their

existing investment in traditional data communications equipment to enable rich IP

features like voicemail, fax support, a one-number system and free inter-office calls.

Hosted and Dedicated VoIP both offer compelling benefits and it is now your

responsibility to research and investigate which option is best for you and your

business. Whether you have a· large company and desire extensive customization and

the freedom and ability to manage your own VoIP server, or a small company and

still want to take advantage of VoIP' s cost savings and enhanced features, nothing is

stopping you from becoming a part of the next generation of corporate

communications.

1.4. Outside Technicians Or IT Staff.

To your normal functioning by including many business continuity features. For

example, if an office phone becomes damaged or unusable for any reason, the calls

going to that phone can be forwarded to workers at home over broadband connections.

Thus, through universal IP addressing, if you lose a connection, it's much easier to

switch to another connection than your traditional phone service.
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hı addition, hosted VoIP solutions are hosted in multiple, fully redundant, clustered

environments that ensure that if one switch fails, the others can maintain uninterrupted

operation. This gives users the ability to access a backup system at an off-site location

in the event of a failure to the main system and can be a critical part of any overall

recovery plan given the volume of messages received on a daily basis.

1.5. VoIP Components

The major components of a VoIP network are very similar in functionality to that of a

circuit-switched network. VoIP networks must perform all of the same tasks that the

PSTN does, in addition to performing a gateway function to the existing public network.

Although using different technology and approach, some of the same component

concepts that make up the PSTN also create VoIP networks. There are three major

pieces to a VoIP network.

O Media gateways

O Media gateway I signaling controllers

O IP network

1.5.1 Media Gateways

Media gateways are responsible for call origination, call detection, analog-to-digital

conversion of voice, and creation of voice packets (CODEC functions). In addition,

media gateways have optional features, such as voice (analog and/or digital)

compression, echo cancellation, silence suppression, and statistics gathering.

The media gateway forms the interface that the voice content uses so that it can be
,f

transported over the IP network. Media gateways are the sources of bearer traffic...
• Typically, each conversation (call) is a single IP "'session transported by a Real-time

Transport Protocol (RTP) that runs over UDP.

Media gateways exist in several forms. For example, media gateways could be a

dedicated telecommunication equipment chassis, or even a generic PC running VoIP

software. Their features and services can include some or all of the following.

Trunking gateways that interface between the telephone network and a VoIP

network. Such gateways typically manage a large number of digital circuits.
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Residential gateways that provide a traditional analog interface to a VoIP network.

Examples of residential gateways include cable modem/cable set-top boxes, xDSL

devices, and broadband wireless devices.

Access media gateways that provide a traditional analog or digital PBX interface to a

VoIP network. Examples include small-scale (enterprise) VoIP gateways.

Business media gateways that provide a traditional digital PBX interface or an

integrated soft PBX interface to a VoIP network.

Network access servers that can attach a modem to a telephone circuit and provide data

access to the Internet,

Discreet IP telephones units.

1.5.2 Media Gateway Controllers

Media gateway controllers house the signaling and control services that coordinate the

media gateway functions. Media gateway controllers could be considered similar to that

of H.323 gatekeepers. The media gateway controller has the responsibility for some or

all of the call signaling coordination, phone number translations, host lookup, resource

management, and signaling gateway services to the PSTN (SS7 gateway). The amount

of functionality is based on the particular VoIP enabling products used.

hı a scalable VoIP network, you can breakup the role of a controller into signaling

gateway controller and media gateway controller. For calls that originate and terminate

within the domain of the VoIP network, only a media gateway controller might be

needed to complete calls. However, a VoIP network is frequently connected to the

public network. You could use a signaling gateway controller to directly connect to the

SS7 network, while also interfacing to the VoIP network elements. This signaling

controller would be dedicated to the message translation and signaling needed to bridge

the PSTN to the VoIP network. ••
...
The services of these devices are defined by the protocols and software they are

running. There are several protocols and implementations that any number of vendors

could deploy. Knowing the details of how the devices use their suite of protocols is

important to designing the IP backbone that is to service the VoIP elements.
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1.5.3 IP Network

You can view the VoIP network as one logical switch. However, this logical switch
~

is a distributed system, rather than that of a single switch entity; the IP backbone

provides the connectivity among the distributed elements. Depending on the VoIP

protocols used, this system as a whole is sometimes referred to as a softswitch

architecture.

IP Teleı:t,:oi

.. Figure 1.1: Full Service VoIP Network

The IP infrastructure must ensure smooth delivery of the voice and signaling packets to

the VoIP elements. Due to their dissimilarities, the IP network must treat voice and

data traffic differently. If an IP network is to carry both voice and data traffic, it must

be able to prioritize the different traffic types.

There are several correlations to the VoIP and circuit-switching components, however
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are many differences. One is in the transport of the resulting voice traffic. Circuit

itching telecommunications can be best classified as a TDM network that dedicates

channels, reserving bandwidth as it is needed out of the trunk links interconnecting the

itches. For example, a phone conversation reserves a single DS-0 channel, and that

end-to-end connection is used only for the single conversation.

IP networks are quite different from the circuit-switch infrastructure in that it is a

packet-network, and it is based on the idea of statistical availability. Class of service

(CoS) ensures that packets of a specific application are given priority. This

prioritization is required for real-time VoIP applications to ensure that the voice service

is unaffected by other traffic flows.

...•
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1.6. Summary

VoIP is here and it is now. VoIP can offer your business substantial savings in capital

and operating costs as well as enhanced functionality by converging separate voice and

data networks into a single multi-service network. Whether your office consists of 25

employees, 500 employees, or thousands of employees across the globe you have a

choice in the type of VoIP solution you wish to implement. Both dedicated and hosted

options are available to SMEs and large multi-national corporations. The many

advantages and benefits of implementing VoIP outweigh the risks; hence, most

businesses are planning to implement some type of VoIP solution in the upcoming year.

In a competitive marketplace, businesses most always be sure to investigate any and all

opportunities for growth and efficiency. As a result, it is important that your business

investigate how VoIP can help you to achieve this goal. This flourishing

telecommunications tool cannot be stopped. Investigation of IP telephony, and how it

can better serve your employees, clients and vendors is vital in order to maintain an

efficient and productive business.

••
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