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2001 represented the twenty-fifth anniversary of voice over packet work for the
senior author. He was involved with work sponsored by the Advanced Research
Projects Agency (ARPA) in 1976 to develop packet-based low-bit-rate vocoded
voice for transport in integrated packet networks used by the U.S. government, and
he continued to work on such solutions through the 1980s.

Developments in this field continued throughout the 1980s and into the
1990s, particularly regarding the standardization of vocoding methods that
occurred in the mid-1990s and the major push by many router/switch vendors for
the introduction of IP/Internet telephony, which started around 1997 and contin-
ues to the present.

The first edition of this book was compiled in August 1997; the book appeared
in print in April 1998.

Voice over packet in general and voice over IP (VOIP) in particular have seen
tremendous trade press, consultant, vendor, and conference hype in the past five
years. Google.com identifies 285,000 hits when a search with the exact phrase
“voice over IP” is used (a search on Marilyn Monroe shows only 252,000 hits).
Considering the amount of air time given to the topic, the amount of actual
deployment to date is underwhelming. What has held back the deployment of the
technology includes the following:

• An underestimation of the importance, complexity, and purpose of signaling
and the need to interconnect with the 1.4 billion telephone sets already
deployed globally.

• The confusion brought about by the multiplicity of signaling protocols that
have been advanced.

• A lack of understanding of the economic value of the embedded base of
equipment in carrier networks that likely will continue to operate flawlessly
for what it was intended to do (make money with net bottom line of
around 20 percent) for a decade or more.

• A lack of understanding of where the true costs to deliver telephone ser-
vices are.

Preface
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• A lack of understanding of the commoditization of both switched voice and
high-speed bandwidth, obliterating the value from any savings related to
“bandwidth efficiency” of VOIP.

• A lack of understanding that any bandwidth savings in VOIP has nothing to
do with IP but everything to do with vocoding algorithms that can well be
supported without IP.

• The difficulty in securing Quality of Service (QoS) in public (and even pri-
vate) IP networks.

• The most critical failure of all: a misunderstanding of where the value of
VOIP has to be to make it successful. The bright spot for VOIP is that it
brings forth a panoply of new services not possible with circuit-switched
voice, not that it acts as a transport mechanism to replace existing trunks
and/or Class 5 switches.

Why would anyone scrap what has over the years been called the best tele-
phone system in the world just to replace it with something that does just the
same and nothing more? A VOIP network cannot be just a “me too” network: “me
too” carries voice.

Developers have to start focusing in earnest on bringing out new applications,
not the chronic litany of “bandwidth efficiency” advantages. There is a reported
glut of fiber. The DWDM can deliver terabits per second on fibers. The alleged
need to save bandwidth is suspect and anachronistic; it is a dead end for VOIP.

Telecom professionals have to follow the lead of the PC developers: For well
over a decade now, software developers have stopped trying to be highly parsimo-
nious in RAM/disk drive efficiency so that an entire suite of new services of conve-
nience on the desktop could be developed. Many new applications and capabilities
have been developed on the desktop, including program linkage (audio and video)
and easy-to-use browsers.

The story of VOIP has to be less on IP and the many new protocols that one can
invent overnight, and much more on new applications, possibilities, services, interac-
tions, voice capture, storage, manipulation, dissemination, interplay, and so on. That is
why the first edition of this book had a chapter that, at face value, did not seem to fit
in with the sophistication and intricacies of all those 300-page Internet protocols out
there; it was a chapter on applications, or more specifically, on self-serve customer
service Web-site applications. The message conveyed for VOIP to be successful: It is
the applications, not the protocols. The same is true with audiophiles: It is the musi-
cal composition/content coming off the speaker that makes all the difference, not
that one speaker rolls off at 44 Hz and the other at 43 Hz.

Voice over IP is not going to replace existing carrier networks in North America.
Also, with PSTN-based voice becoming so cheap, it may not be worth the trouble to
place voice on the intranet, except possibly for international applications. The future
of VOIP must reside with new applications that it can and should bring forth.

Preface
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For the second edition, we have updated Chapter 1, the introduction and
motivation. We have updated Chapter 2, on packet technology, by adding material
on Multiprotocol Label Switching (MPLS). Chapter 6, which looks at IP/Internet
telephony, has been updated. Chapter 7 has been changed; it now covers the issue
of signaling. Four new chapters have been added. Chapter 8 looks at (QoS) issues.
Chapter 9 looks at voice over MPLS (VOMPLS) services. Chapter 10 looks at
directory services, with one example of a service capability that must be sup-
ported; specifically, IEFT’s ENUM. Chapter 11 looks at carrier applications in addi-
tion to migration strategies; it addresses the question of where it makes sense to
use VOIP.

Acknowledgment
The authors wish to thank Mr. Peter Johnson for contributing Chapter 11 to this
book, which describes VOIP opportunities in the wireless space.
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1.1 Introduction
Data networks have progressed to the point that it is now possible to support voice
and multimedia applications right over the corporate enterprise network and the
intranet, for both on-net and off-net applications. Many companies have already
deployed IP-based backbones that provide both broadband capabilities and Qual-
ity of Service (QoS)–enabled communications. Some companies have deployed
Asynchronous Transfer Mode (ATM) networks. Switching technology, particularly
in terms of the switched local area network (LAN), has gone a long way in the past
five years, providing higher-capacity, lower-contention services across the enter-
prise campus network. High-speed wide area technology, such as Packet over Syn-
chronous (POS) Optical Network and metro optical services as metro gigabit
Ethernet, provide increased bandwidth across the enterprise regional, nationwide,
and international networks.

The Internet Engineering Task Force (IETF) Multiprotocol Label Switching
(MPLS) specification also directly or indirectly provides improved support of IP
services. In addition, QoS-supporting protocols, such as IPv6, Resource, Integrated
Services Architecture (intserv), differentiated services (diffserv) in IPv4, and Real-
time Transport Protocol (RTP), are now entering the corporate enterprise network
(Reference [1] provides a treatment of the trends listed here). A lot of industry
effort has gone into supporting IP over ATM using a number of technologies, such
as Classical IP over ATM (CIOA). All of this opens the door for the possibility of
carrying voice over the enterprise network. Interest exists in the carrier arena as to

CHAPTER 1

Introduction and 
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the possibility of modernizing the existing public-switched telephone network
(PSTN) with an IP-based infrastructure that would support multiple services,
including Voice over IP (VOIP) (see Figure 1.1).

At the same time, commercialized Internet use has increased significantly in the
past few years, as companies ventured into Web-based commerce [2]. During the

Chapter One
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Figure 1.1
The VoIP environment.
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late 1990s, the Internet was reportedly growing 100 percent per quarter. More
recently, people have quoted 80 percent growth (or perhaps slightly less) per year.
That large collection of backbones, access subnetworks, server farms, and hypertext
information that is known as the Internet is acquiring ever-increasing importance,
not only for the business community but also for the population at large. Access to
information is proving increasingly valuable for education, collaborative work, scien-
tific research, commerce, and entertainment. The advent of HTML-formatted,
URL-addressable, and HTTP-obtainable information over the Internet—what is
often called the World Wide Web (WWW or W3)—has generated a lot of attention
in the past 10 years. Now there is a movement afoot to make the transition to fully
multimedia enabled sites that allow voice, video, data, and graphics to be accessed
anywhere in the world. The issue so far, however, has been that voice and video, by
and large, have been of the stored kind—namely, a one-way download of sound files
that are played out in non–real time at the user’s PC.

Given this extensive deployment of data networking resources, the question
naturally presents itself, is it possible to use the investment already made to carry
real-time voice in addition to the data? The desire to build one integrated network
goes back to the 1970s, if not even earlier. The Advanced Research Projects Agency,
with project DACH-15-75-C0135 (and many other projects with many other
researchers), funded the senior author’s work in 1975 to look at the feasibility of
integrated voice and data packet networks. And Integrated Services Digital Network
(ISDN) research started in Japan in the early 1970s (before the idea started to get
some real attention in the late 1970s and early 1980s) with the explicit goal of
developing and deploying integrated networks. However, a lot of the mainstream
work has been in supporting voice and data over circuit-switched time-division mul-
tiplexed (TDM) networks. Only some early packet over data work, and then some
Fiber Distributed Data Interface II (FDDI II) and Integrated Voice/Data LAN
(IEEE 802.9) work, looked at voice support in a non-circuit-mode network. Even
for ATM, the emphasis has been, until the past few years, on data services.

The idea of carrying voice over data networks has received considerable com-
mercial attention in the past five years. The ATM Forum, the Frame Relay Forum,
and the MPLS Forum have published specifications, and a whole range of voice
over data network has appeared and/or is appearing. The work of the ATM Forum
and the Frame Relay Forum has focused on connection-oriented networks. How-
ever, connectionless IP-based networks are ubiquitous, and so there is a desire to
carry business-quality voice over them. The major challenge in this regard is that IP
networks do not yet support QoS features. Nonetheless, a plethora of IP phones
and IP-to-public-network gateways has entered the market.

This book is one of two related Wiley books published by the authors. This
book focuses on the IP telephony technology itself. Figure 1.2 depicts the various
voice over data network technologies now evolving, including VOIP. Also note that
IP can utilize a number of data link layer services, such as ATM, MPLS, and frame
relay. Figure 1.3 depicts a possible scenario of VOIP, as is addressed in this book.

Introduction and Motivation
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After this introduction in Chapter 1, a basic review of IP technologies is pro-
vided in Chapter 2, which covers IP, IPv6, RSVP, RTP, and MPLS. Chapter 3 dis-
cusses voice characteristics that can be utilized in packet networks. Chapter 4
discusses adaptive differential pulse code modulation (ADPCM) as applied to
packet network environments. Chapter 5 provides an overview of vocoder-based
compression methods used in IP. Chapter 6 covers various proposals for delivery of
voice in IP environments. Chapter 7 covers the important topic of signaling. Chap-
ter 8 provides a major review of QoS technologies. Chapter 9 covers voice over
MPLS. Chapter 10 addresses directory services. Chapter 11 looks at opportunities
for traditional carriers. Finally, Chapter 12 briefly looks at wireless opportunities.

1.2 Drivers for Voice over IP
This section discusses a number of drivers for voice over IP.

The Positive Drivers
Besides the potential for savings on long-distance phone charges to communicate
with friends or relatives, Internet phones already have a place in the business world.
For example, one can leave Internet phones turned on and ready for calls through-
out the day; the technology is useful for communicating with coworkers in other
parts of the building and at other locations by simply dialing them up on the Inter-
net videophone. If they are at their desks, they can answer immediately. It can be a
fine way to ask work-related questions without taking one’s hands off the keyboard
[3]. The technology is good for telecommuters, who can dial in to the office and see
and speak to coworkers while getting a glimpse of the office from home [3, 4]. Sim-
ilarly, it can be good for distance learning applications [5]. There are both market
and business drivers for the introduction of voice telephony over IP at this time.

There have been four main stages of VOIP evolution in the past few years [6]:

1. PC-to-PC (since 1994)

⇒ Connects multimedia PC users, simultaneously online

⇒ Cheap, good for chat, but inconvenient and low quality

2. PC-to-phone (since 1996)

⇒ PC users make domestic and international calls via gateway

⇒ Increasingly services are “free” (e.g., Dialpad.com)

3. Phone-to-phone (since 1997)

⇒ Accounting rate bypass

⇒ Low-cost market entry (e.g., using calling cards)

Chapter One
6
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4. Voice/Web integration (since 1998)

⇒ Calls to Web site/call centers and freephone numbers

⇒ Enhanced voice services (e.g., integrated messaging)

Deregulation in the United States and elsewhere could mean that both incum-
bent carriers and new carriers can enter the market with new services. At various
times in the past twenty years, a variety of carriers in the United States were pre-
cluded from entering certain telecommunication service sectors. One of the goals of
the Telecommunications Act of 1996 was to change that. However, there has
recently been a major slowdown in the competitive carrier landscape. This slow-
down will be a major drag on the introduction of VOIP, since the new carriers were
the principal beneficiaries of a less expensive technology that could be deployed in
greenfield environments.

The technology to carry voice over data networks is evolving, as noted in the
introduction. There are economic advantages to end users in utilizing an integrated
network, not only in terms of direct transmission costs, but also in reducing the
network management costs of running separate and technologically different net-
works. That is the ultimate goal. In the meantime, many companies are, and will be
for some time in the future, supporting the infrastructure and cost of multiple net-
works, including PSTN, private enterprise networks, wireless networks, intranets,
business video networks, Internet access networks, and Internet-based Virtual Pri-
vate Networks. Hence, the need to optimize the usage of all media components on
all networks simultaneously, and to take advantage of pricing alternatives between
networks, will become even more important as these networks proliferate in the
corporate environment, and as the service providers offer increasingly competitive
prices [7].

Separate from technology considerations, business drivers must come into
play. Carriers need to make a positive bottom line (e.g., a 15 to 25 percent net
bottom line) and be sustainable and self-sufficient. There are new revenue oppor-
tunities for Internet service providers (ISPs) in bundling voice service with Inter-
net access. The interexchange carriers (IXCs) can avoid access charges. The local
exchange carriers (LECs) can undercut the long-distance prices and offer Inter-
LATA services without necessarily having to follow the traditional approach.
Cable TV operators can bundle packet voice with cable services and perhaps find
a better way to enter the telephony business without having to follow the classical
time-slot-interchange method. Wireless companies can make more efficient use of
the precious radio spectrum. Figures 1.4 to 1.9 depict typical carrier applications,
based on reference [6]. All of these stakeholders can benefit by adding value to the
network instead of just growing linearly to simply reach more physical points, and
they can benefit by optimizing the economics of both packet-switched and circuit-
switched networks. However, the major breakthrough has to come in the form of
new services. Simply replacing a circuit-based transport mode with a packet-based
transport mode will not justify the replacement of the old network with the new.

Introduction and Motivation
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• Needs similarly equipped Internet users (e.g., IP telephony
   software, multimedia PC etc), both logged-on simultaneously
• Main applications: avoidance of usage-based telephone
   charges, chat-rooms, company LANs
• Application providers include Firetalk, Phonefree
• Potential Market: <50 million users?

Phone Gateway
Computer

Phone Gateway
Computer

Internet

Figure 1.4
PC-to-PC, over IP.

• Internet users with multimedia PC able to call any phone or fax user
   (not, at present, vice versa)
• Main motivation: Reduced telephone charges, "free" calls to U.S.,
   Korea, Hongkong SAR etc.
• Service providers include Net2Phone, DialPad etc.
• Market potential: Sending > 250 million Web users, receiving >1.3
   billion telephone/mobile users

Desktop PC

Phone Gateway
Computer

Internet

Public Switch
Telephone

Fax

Figure 1.5
PC-to-phone (or
fax), over IP.

8

In particular, the past few years have seen the emergence of reduced bit-rate
voice compression algorithms that can increase the carrying capacity of a network
by nearly tenfold (that is, by an order of magnitude) without the investment of
additional resources in long-haul transmission facilities. The deployment, for exam-
ple, of a network supporting near-toll-quality voice at 5.3 kbps rather than the
twenty-five-year-old method of 64-kbps-per-call pulse code modulation (PCM) is
not likely to be feasible in the context of an existing public switched telephone
network because of the extensive embedded base of legacy equipment. Hence, if

9361_Minoli_3p_01_k.qxd 7/25/02 4:38 PM Page 8



• Any phone/fax/mobilephone user to any other
• Main motivation: Reduced call charges, accounting
   rate bypass, market entry for non-facilities-based
   carriers (e.g., via pre-paid cards)
• Service providers include speak4free, I-link etc.
• Market potential: >1.4 billion phone/fax/mobiles

Phone Gateway
Computer

Phone Gateway
Computer

Internet

Public Switch
TelephoneTelephone

FaxFax

Figure 1.6
Phone/mobile-to-phone/mobile (fax-to-fax), over IP.

9

Desktop PC Phone Gateway
Computer

Service Provider

Web Server

Internet

Public Switch
Telephone

• Internet users with multimedia PC browse Website and
   choose voice/video connection option
• Main motivation: Service provider can interact directly
   with potential clients, via voice or video, for instance
   for telemarketing, freephone access
• Service providers include NetCall, ITXC etc.
• Market potential: >300 million Internet users

Figure 1.7
PC-to-Website/call
center, over IP.
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there is a desire to use the new compression algorithms and achieve a tenfold effi-
ciency gain, then the IP route may be the way to go.

Voice over IP can be deployed in private enterprise networks, but some tech-
nology suppliers are concentrating on providing new solutions for carriers, consis-
tent with the approach just outlined. Applications of the evolving VOIP
technology include the following:

• Internet voice telephony

• Intranet and enterprise network voice telephony

• Internet fax service

• Internet videoconferencing

• Multimedia Internet collaboration

• Internet call centers

• PBX interconnection

It is worth noting that there has been considerable progress recently in 
developing standards (with supporting equipment to follow) in the area of
LAN/intranet-based multimedia (with compressed speech), as shown in Figure

• Phone or mobilephone users utilize enhance services
   (e.g., integrated messaging, voice response) available
   from IP service provider
• Main motivation: Integrated messaging, computer
   telephony integration, m-commerce
• Market potential: >1.4 billion phone/mobile users
• Service providers include Yac.com, T2mail etc.

Phone Gateway
Computer

Service Provider

Phone Gateway
Computer at

Local PoP

Web Server

Internet

Public Switch

Telephone Mobilephone

Figure 1.8
Phone/mobile-to-
Website/e-mail,
over IP.

Chapter One
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