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Foreword

Internet Protocol (IP) telephony has progressed beyond a technological interest to a
stable and cost-effective mechanism to transit and receive voice communications.
Ease in performing moves, adds, and changes (MAC:), infrastructure consolidation of
otherwise redundant data and voice networks, reduced international long distance
charges, and staft efficiencies are all valid economic reasons to adopt IP telephony.
Perhaps more important, however, are the many ways that IP telephony can increase
end-user productivity. The IP phone is a potent multimedia-computing platform sup-
porting instantly available Extensible Markup Language (XML) capabilities as well as
a traditional acoustical telephone interface. In particular, IP telephony is well posi-
tioned to truly converge voice and data, with the prominent example being unified
messaging.

IP telephony now approximates traditional telephony in terms of voice quality and
reliability, but the inherent complexities of melding voice and data disciplines into a
convergenced infrastructure require attention to detail. A thorough understanding of
traditional and IP telephony transport and signaling protocols as well as the ability to
tune packet networks for simultaneous multiplexing of voice and data are required to
successfully implement IP telephony. Configuring, testing, and troubleshooting are also
critical project requirements. Most important, however, is experience in implementing
IP telephony, with which the various case studies can help you.
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About This Book

In addition to providing a general understanding of voice over IP (VoIP) networking,
this book offers detailed and practical information on how to use Cisco’s suite of
VoIP products. Callisma’s contributing authors are industry experts with real-world
implementation experience who can help you understand the intricacies of packet
voice. In reading this book, you will obtain a firm understanding of the complexities

of converging your voice and data networks.

—Ralph Troupe,
President and CEQO, Callisma
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Introduction

Configuring Cisco Voice Over IR Second Edition, follows some two years after the suc-
cessful release of its predecessor. On its release, the first edition was at the very
leading edge of voice over IP (VoIP) technology and was one of the first texts to be
published on this subject. In the short time since the first edition, many aspects of
this exciting and expanding technology have changed, and many new protocols and
techniques have emerged. This second edition has been fully expanded to include
information relating to all these new technologies, with coverage of topics such as
Session Initiation Protocol (SIP) and Media Gateway Control Protocol (MGCP).
Whether you are a relative newecomer to VoIP networking or currently maintain
large-scale VoIP networks, this book will prove to be an invaluable addition to your
current VoIP information library.

Since the time that the first edition of this book was released, VoIP support has
increased exponentially and is now more widely deployed in many enterprises
around the world. This second edition 1s intended to serve as a guide to VoIP tech-
nology, protocols, and theory. This book is not only a theoretical text, however; it also
covers all areas of configuring VoIP with Cisco devices and addresses some of the
nontechnical issues relating to VoIP. These include tasks such as preparing business
justifications for deploying VoIP networks and preparing a return on investment
(ROI) calculation to support your justification. The ability to perform an ROI calcu-
lation 1s a necessary skill in cost justifying a VoIP network.

In the early chapters of this book, we look at traditional or legacy voice networks
and then analyze in detail the protocols and components that are used in these tradi-
tional models. Understanding traditional voice technology is an important and very
pertinent aspect to cover, but it is most often overlooked in VoIP texts. Without a
solid understanding of the basics of traditional voice networking, it is arguably almost
impossible to understand VoIP. Even if VoIP is understood without this base-level

knowledge of traditional voice networking, it is quite likely that certain fundamental
XXiX
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aspects of your VoIP deployment will be less than optimal. Many VoIP networks are
required to interconnect in some manner with a traditional voice network, such as to
the public switched telephone network. An understanding of traditional voice-net-
working technology is also invaluable because the historic aspects of voice net-
working provide an insight into why certain VoIP protocols are designed and operate
the way they do. After all, there would be no VoIP without traditional voice!

After presenting this solid foundation of traditional voice-networking theory, the
book introduces an in-depth discussion of VoIP theory. Particular attention is paid to
the various protocols that are the cornerstones of any VoIP implementation. The VoIP
protocol suites are one of the most complicated aspects of truly understanding VoIP
networking. Many network administrators admit that they have only a very basic
knowledge of the ways the varying VoIP protocols operate, and often their under-
standing of such protocols is flawed in some manner. This book intends to dispel
some of the myths and mysteries behind VoIP protocols and provide the theory and
concepts that underlie these protocols in a clear and concise manner. Naturally, once
you develop a sound understanding of VoIP principles, the logical next question is,
“What equipment will I require to deploy a VoIP network?” This question is
answered in depth in Chapter 4.

Cisco has been developing network equipment specifically for VoIP networks for
several years, and it will surprise many readers to learn that several of Cisco’s smaller
router offerings have been extended to support VoIP networks. Many believe that
VoIP requires specialized, expensive hardware and software; this is definitely not the
case, and Chapter 4 contains information relating to this misapprehension as well as a
detailed overview of current Cisco VoIP-capable devices. We then continue by
looking at how these various pieces of hardware can all be configured using the
Cisco 10S and the ways that each required configuration is the same, regardless of
the hardware platform deployed. Whether you are configuring an analog telephone
to connect to a 1700 series router or a 3600 series router, the required configuration
commands are the same. This consistent approach to configuring Cisco devices is
definitely one of the strengths of using Cisco devices to deploy VoIP.

Traditionally, voice network proponents tended to (and sometimes still do) view
VoIP technology with some disdain and skepticism; in fact, many believed that VoIP
would not be embraced at all. This attitude was mainly due to the fact that early
development and deployment of VoIP technology resulted in voice calls that were of
very poor quality and highly unreliable at the best of times. Several factors and devel-
opments have arisen that have altered this situation. These factors range from the fact
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that the fundamental VoIP protocols, such as H.323, have improved markedly, to
another important factor that has lead to the improved quality of VoIP networks:
quality of service (QoS) mechanisms that are now available. These mechanisms are
numerous and are all supported on Cisco devices.

QoS is an often misunderstood and complicated subject; several books have been
written on this subject alone. QoS is so crucial to VoIP networks that many networks
that have been deployed without any QoS configuration have subsequently been
removed and reverted to traditional voice network technology. This book not only
offers a review of the available QoS techniques, it also provides actual configurations
of ways to implement several techniques to maintain and improve voice quality.

In Chapter 6 we investigate what happens when a voice network fails.
Traditionally, VoIP itself was blamed for failed calls in early deployments.VoIP, how-
ever, was not generally the cause of poor or failed calls. Underlying network failures
tended to be one of the greatest issues regarding VoIP networks. We review some
common troubleshooting techniques and then look at a specific technique for trou-
bleshooting network topologies, with particular emphasis on how to troubleshoot
VolIP issues.

The final two chapters in this book culminate in introducing you to common
VoIP case studies. The information in these chapters will provide the answers and
configurations to most, if not all, your VoIP requirements. These case studies cover a
wide range of VoIP network configuration tasks, ranging from installing a simple
analog handset in a router and replacing legacy tie-line connections between PBXs
to designing and deploying complex dial plans and wide-scale VoIP solutions. These
case studies provide situations in which most of the common VoIP commands are
discussed and applied.

When you have completed reading this book, you will have a solid foundation of
knowledge regarding VoIP networking, with particular emphasis on using Cisco
devices. You will understand the protocols that are the essence of VoIP, and you will
have as a reference some less commonly documented information regarding financial
considerations and how to justify new VoIP deployments. This book provides, in a
single reference, all the information you will require to understand, design, deploy,
and maintain VoIP networks. This book will become an often-used tool in your col-
lection of network resources.

—Jason Sinclair, CCIE #9100
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Chapter 1 ¢ Introduction to Voice Over IP and Business Justifications

Introduction

One of the main driving factors for deploying Voice over IP (VoIP) networks is
the cost benefit associated with doing so. This chapter introduces the reader to
this concept and the Cisco IP Telephony solution. The chapter presents examples
of cost justification and some return on investment (ROI) scenarios.

In this chapter you will also be introduced to some exciting advanced VoIP
features such as Web integration, multimedia integration, and telephony applica-
tion programming interfaces (TAPI).

Introduction to Voice Over IP

Welcome to the new world of packetized voice! Although the idea of packetized
voice might not be new, we now have the integrated solutions to make it
happen. This text provides you with a thorough understanding of Cisco’s current
voice solutions, with an emphasis on current! The VoIP industry is a rapidly
evolving one, perhaps changing even faster than the Internet. Keep this guide as a
reference for voice integration possibilities, but always keep abreast of the latest
technologies. What is hot today will be commonplace tomorrow.

The objectives for this chapter are to:

m  Establish the basic difterences between circuit-switched and packet-
switched networks.

®m  Build a needs and cost justification for toll-bypass solutions.

m  Explore the opportunities for replacing the traditional private branch
exchange (PBX) with the Cisco IP Telephony system.

m  Review software integration possibilities such as TAPI integration.

®m  Understand the link layer VoIP technologies such as voice over Frame
Relay (VoFR) and voice over asynchronous transfer mode (VoATM).

Scattered throughout this chapter are several diagrams of network design con-
cepts. Later in this book we delve into much greater detail regarding specific
equipment and configuration issues. This first chapter focuses on the opportuni-
ties that arise from moving to a packetized voice architecture. Along with man-
agement and maintenance enhancements, we look at the all-important dollar.

Most companies have spent exorbitant amounts of money to install and
maintain their PBXs. Packetizing voice allows for tremendous cost savings now
and in the future. As more standards are ratified, the cost of setting up a VoIP
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network continues to drop. This is quite a different model from the traditional
PBX cost trends of the last few decades. This chapter explores how to go about
building an ROI proposal that in most cases will justify a conversion to packe-
tized voice. We specifically discuss Cisco’s VOIP solution, known as Cisco IP
Telephony (CIPT). We explore link layer VoIP technologies such as VoFR and
VoATM. These are just the tip of the iceberg. As VoIP becomes more widespread
and ubiquitous, we will begin to see applications that we can’t even imagine yet.
Moving voice from a closed proprietary system to an open standards-based archi-
tecture will revolutionize the phone industry and the world as much as the
Internet has in terms of communication and the way business is transacted.

General Overview of Voice Technologies

There is a difference between implementing something piecemeal and actually
installing a complete, integrated solution. The difterence is in the functionality,
the support required, and the life-cycle costs. The marketplace contains many
VoIP offerings. Each caters to different needs, including toll bypass, IP transport
of voice, public switched telephone network (PSTN) backup, click-to-dial tech-
nology, and yellow pages phone number lookup. Implemented separately, these
various technologies conform to different standards, each requiring its own spe-
cial brand of support.

We start by looking at the traditional PSTN and common VoIP implementa-
tions. Then we examine IP telephony solutions that offer integrated functionality,
standardized support policies, lower life-cycle costs, and software expandability.

Today’s VoIP Possibilities

Imagine a sunny day somewhere in corporate America. In the break room, you
pour yourself a cup of coftee and stroll back into your office. While you sit there
sipping your coffee, you see that the Messages icon on your Internet terminal is
blinking, so you reach over and tap it. Up pops a list of all of your e-mails, voice-
mails, and daily news information.

You see at the top of the list a voice-mail from your mom, who happens to
live on the other side of the world. It looks as though the message came in
around 1:00 A.M. your time.You tap on her message and hear her carry on for
several minutes about the weather as you silently curse the day “long distance”
calls became a thing of the past. But that’s okay, because you want to talk to her
about visiting anyway. So you tap Reply and you immediately hear a ringing
tone from your terminal. Mom picks up on the other end and gives you a hard
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time about interrupting dinner. You talk to her while her dinner gets cold. You're
not concerned, though, because there’s no extra charge on your network bill, no
matter how long you talk. Mom keeps talking but now all your business calls are
being forwarded to you instead of going into your voice-mail. You hear a chime
and see that your boss is calling, so you need to answer him.You tell mom to
hang on a second and pick up your boss’s call. He just wanted to remind you of
the 9:00 A.M. meeting. While your Mom is on hold, she hears soothing music.
You wrap up with mom. At 9:00 A.M., you host an ad hoc conference call by
looking up the participants on your PC and calling them using a simple opera-
tion with your mouse. For the rest of the day, as you move about, your mobile
phone and your PC phone trade roles as you deflect your calls from one to the
other.

This is just the tip of the iceberg when it comes to the possibilities that VoIP
presents, combined with other transport and service options. As wireless tech-
nology becomes cheaper, these ideas are becoming mainstream. By studying VoIP
now and understanding the concepts, you place yourself in an ideal position to
benefit from the next huge shift of the information age.VoIP might not appear as
exciting as the Internet is to the public, but it will be the driving force behind
more technology jobs than even the Internet has provided. This might seem like
a bold statement, but think about how many people are on the Internet com-
pared to how many people have phones. Virtually everyone has a phone!

The PBX Reality

Hopefully you’re excited about these new possibilities, but let’s take a step back
and look at what makes this better than the current voice network and why it is
easy to implement these new ideas. We start by looking at how the current cir-
cuit-switched voice network operates.

When you place a call, the circuit-switched network essentially dedicates a
64Kbps circuit for the duration of your call. This means that if you are calling
from New York to Los Angeles, a dedicated circuit is set up from one end of the
line to the other (see Figure 1.1). When you talk, 64Kbps of bandwidth is uti-
lized, and when you are silent, you still consume 64Kbps. No matter what you
do, you are tying up 64Kbps as long as youre on the line. If a switch goes down
or someone cuts a fiber, your call ends.

The phone companies have gone a long way toward providing services such
as call waiting, callback, and voicemail systems. But if you ask how to integrate
those services into your home or business network, you can’t. Those services are
stuck on the phone companies’ switches.
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Figure 1.1 A Simple Circuit-Switched Call
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Here’s where VoIP comes in.VoIP provides open standards. If you wanted to,
you could write your own application for handling voice calls in a particular way.
This would not be possible on your home phone or on a PBX at work. The tra-
ditional phone systems are closed systems that do not allow easy programming of
third-party applications.

Open standards reduce costs. Ask any CFO what his or her company spends
on its PBX and be prepared to hear groaning. PBXs are the gifts that keep taking
with high-maintenance fees, lack of interoperability, expensive adds and moves,
and closed application programming interfaces (APIs). Do you have a great idea
for an application that you would like to see in a call center? With VoIP, it is
easier and cheaper. You have access to documentation on open standards, so you
can write code safely. On a PBX, you're looking at steep fees for becoming an
application partner as well as having to code to their proprietary APIs. (In other
words, there’s no portability for your application—you'’re stuck with that PBX.)
Do you want to move the accounting department to a new floor? How about a
new building? A new city? With VoIP, you simply move the phones and watch as
they join the network and register with the call management server. All the
voice-mail services as well as phone templates stay in a central location, resulting
in moves requiring zero effort. The same activities with a PBX would result in a
substantial amount of time removing users and then adding users to the new
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location. Voice-mail service would also have to be migrated. Once again, with
VoIP, moves are completely transparent.

The VoIP Bandwagon

You're probably thinking, “This is incredible! Where do I buy this?” The CIPT solu-
tion makes it possible to replace your PBX right now. In fact, Cisco has switched
almost all of its locations to multiservice networks utilizing CIPT components, such
as Cisco Call Manager and IP phones. Right now;, a sizable number of CIPT com-
ponents are installed in a corporate environment. The pace at which that this tech-
nology is moving rivals the Internet industry! You can implement it right now.

This chapter discusses how toll bypass initially motivated companies to adopt
VoIP. Later in this chapter we look at the basic toll-bypass setup and discuss how it
can be an eftective introduction to VoIP and how attractive it is from an ROI
standpoint. Unfortunately, toll bypass solutions are not globally legal; therefore
readers outside of the U.S. should verify the legality of toll bypass solutions in their
country. Ultimately, though, toll bypass is a foot in the door. The real excitement is
in replacing the PBX. We will see how CIPT can enable this replacement and how
the Cisco Unity unified messaging system can enhance a voice-mail system.

Common VolIP Implementation Services

Today’s PSTN is based on the transmission of analog signals over switched circuits.
In contrast, VoIP networks send digitized voice over a packet-based network. As
we shall see, VoIP networks can offer telephony services at compelling prices.

Toll Bypass

Relative to the Internet, the PSTN offers voice services with expensive charges,
or ftolls. Toll bypass is the avoidance of PSTN charges by using data networks, such
as the Internet, to carry voice conversations. Figure 1.2 shows a simple example
of toll bypass using gateways that are capable of providing an interface between
an IP network and a traditional PBX.

VoFR

Voice over frame relay (VoFR) is the use of a Frame Relay network to carry IP
packets containing digitized voice packets. IP phones and voice-capable switches
or routers may be hooked up to this Frame Relay network to digitize voice sig-
nals and place them into IP packets. The IP packets are carried to their destina-
tions via the Frame Relay network.
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Figure 1.2 Toll Bypass with Gateway Routers
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Building a private IP network to carry voice and data might not be financially
teasible for many companies. A company can choose to lease Frame Relay services
instead of building its own private network. A service provider offering this service
will provide leased lines to a company’s office locations. The lines are linked to
Frame Relay switches to provide relatively inexpensive network services.

VoATM

Voice over asynchronous transfer mode (VoATM) is the use of an ATM network to
carry digitized voice packets. Instead of carrying variable-length frames, an ATM
network carries small fixed-length frames called cells. Each cell is 53 bytes long
and contains a 5-byte header and a 48-byte payload. In an ATM network, the
VoIP packet is segmented and placed inside these cells. The small fixed ATM cell
size offers many advantages. Its small size means that the latency or delay as the
cell passes through an ATM switch is very short. In contrast, the store-and-for-
ward delay of an IP packet through a router is much longer because the last bit of
the packet must be received before the first bit can be transmitted.

ATM switches are extremely fast, and the quality of service oftered by ATM
networks can be very high. In addition, ATM ofters various class of service (CoS)
options such as constant bit rate (CBR) that was designed specifically for trans-
porting voice and other real-time protocols. CBR provides a better quality of
service by minimizing time variations in the transmission of voice cells, a phe-
nomenon known as jitter.

www.syngress.com



Chapter 1 ¢ Introduction to Voice Over IP and Business Justifications

Point-to-Point Links

The use of point-to-point links to interconnect a company’s offices allows a
company to build and administer its own private network. Using VoIP over
point-to-point links allows a common IP staft to operate both voice and data
transmission services. Common link layer protocols used on point-to-point links
are High-Level Data Link Control (HDLC) and Point-to-Point Protocol (PPP).

Cisco IP Telephony

The VoIP portion of the evolving Cisco Architecture for Voice, Video, and
Integrated Data (AVVID) is Cisco IP Telephony, or CIPT. CIPT is the corner-
stone of Cisco’s VoIP solution and is fast replacing traditional PBXs. Let’s discuss
CIPT’s major components (Figure 1.3).

Figure 1.3 Cisco IP Telephony
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Cisco IP Telephony Clients

Telephones capable of digitizing voice signals are known as IP telephony clients or
simply IP phones. They contain digital signal processors (DSPs) to perform this
function. Cisco offers a variety of such IP telephony clients. In particular, the
Cisco IP Phone 7960 and IP Phone 7940 are feature-rich and include small
liquid crystal display (LCD) displays, control buttons, and multiline capabilities.
The Cisco IP Conference Station 7935 is an IP conference phone.
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[P Softphones

The Cisco IP SoftPhone is a virtual telephone that runs in a Windows desktop
PC or laptop. IP softphones are personal computers that contain software to allow
them to operate as IP telephony clients. The PCs contain speakers and micro-
phones that can operate similarly to a telephone handset. In addition, the IP tele-
phony software digitizes the voice signals and sends the voice packets across the
IP network. Softphones provide a rich environment for development of TAPI
applications, such as Web click-to-talk.

Cisco Call Manager

The Cisco Call Manager (CCM) i1s a software call-processing application that
runs on a Cisco Media Convergence Server (MCS). The CCM takes the place of
a PBX and performs several key functions:

m  Registering IP telephony devices
m  Call processing
®  Administering dial plans and route plans

®  Managing resources

A group or pair of redundant call managers can support up to 2500 users. A
cluster of redundant call manager groups can support up to 10,000 telephony users.

In the Cisco IP telephony schema, call managers perform the functions tradi-
tionally performed by PBXs. As we shall see, being software-based, the CCM can
be continually enhanced to provide features beyond those traditionally provided
by PBXG.

Gateways

Cisco ofters gateways to provide an interface between the IP telephony network
and the PSTN. Gateways are needed to allow calls between the VoIP locations
and off-net or PSTN locations. Calls made from your oftice IP phone to a tradi-
tional analog phone and vice versa pass through a gateway.

Gateways also provide redundancy. When the VoIP network is congested or
when the wide area network (WAN) carrying VoIP traffic is down, the gateway
diverts your outgoing call from the WAN to the PSTN. Gateways at each VoIP
office location allow the offices to communicate with each other through the
PSTN when the WAN is down or congested. The caller’s gateway converts the
digital voice packets into a traditional time-division multiplexed (TDM) voice
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stream and transmits the call through the PSTN. The destination gateway con-
verts the incoming TDM voice stream into digital packets for processing by the
destination IP phone.

Switches

Cisco ofters switches that provide a high-performance support environment for IP
phones. Switches have many advantages over traditional Ethernet hubs. First, the
switches allow Fast Ethernet transmission speeds. Second, transmissions from one
IP phone are not broadcast to other IP phones on the same switch. This eliminates
frame collisions between IP phones. Third, many of Cisco’s switches can supply
inline power to the IP phones via the Ethernet cable. This eliminates the need to
provide separate power to the IP phones.

Corporate Multimedia

Corporations today are demanding multimedia applications to deliver faxing and
videoconferencing to the desktop. Let’s discuss how that is possible.

Fax

Faxing can experience the benefits of packet telephony in a number of diftferent
ways, such as integration with e-mail. The Cisco Unity unified messaging system
can provide a conduit for an incoming fax to be placed into an e-mailbox,
enabling the fax to be transported anywhere e-mail travels as a Tagged Image File
Format (TIFF) file. With this type of technology, there is no need to be at the fax
machine in order to receive a fax. Typical paper faxes also degrade in quality after
getting faxed multiple times. Once a fax is in e-mail, it can be forwarded to as
many people as you like as many times as is necessary, with no degradation.

The other faxing benefit is from store-and-forward faxing capabilities. This
feature can be enabled on the Cisco AS5300. It allows incoming faxes to be con-
verted to e-mail and sent to a Simple Mail Transfer Protocol (SMTP) server for
redistribution. It can also work in the opposite direction. An e-mail can be sent
directly to the AS5300 with a TIFF file attachment. This feature conforms to the
REFC 2305 standard established by the Internet Engineering Task Force (IETF).
In a simple configuration, this can be used for sending faxes to a remote site over
a private network.
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Video

Video and audio conferencing applications allow users to communicate in pairs
or in groups across the Internet or an intranet. Both Microsoft and Cisco offer
corporate video applications.

Microsoft NetMeeting, widely used for conferencing, includes built-in audio,
video, whiteboard, chat, file transfer, program-sharing, and collaboration func-
tions. NetMeeting runs on Windows-based personal computers. Its transmissions
are based on Transmission Control Protocol/Internet Protocol (TCP/IP) that
makes it compatible with VoIP network infrastructures because it uses the same
underlying protocol. In collaboration with Cisco, the NetMeeting application
suite operates over Cisco’s networking architecture.

Cisco IP/TV and IP/Videoconferencing (IP/VC) are components of the
Cisco Advanced Voice, Video, and Integrated Data (AVVID) suite. The Cisco
IP/TV product family streams high-quality video programs to PC users over IP
networks. The Cisco IP/VC product family provides an IP-based network video-
conferencing solution.

The Emerging Carrier and Intercarrier VolP

Carrier and intercarrier VoIP solutions are now emerging as the latest application
tor VoIP. Two important implementations of VoIP in the carrier space are whole-
sale dial and IP transport.

Wholesale Termination

Many service providers are offering wholesale termination services to interconnect
PBXs. The service provider IP network provides the transport for IP voice packets
between PBX locations. Wholesale dial is ideal for companies that want to retain
their existing PBX infrastructures. Figure 1.4 shows a wholesale termination net-
work comprising two types of PBXs. A traditional PBX 1s mated with a gateway
capable of interfacing with the PBX. Note that the IP-enabled PBX, or IPBX, in
Baltimore can interface directly with the IP network, without a gateway.

IP Transport

Does VoIP ofter anything to service providers? You bet it does! Unless forbidden
by foreign governments or by point of interconnection (POI) agreements
between carriers, [P transport of voice packets is generally permitted. The legal
obstacles faced by VoIP are in foreign countries where government-sanctioned
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monopolies control the telephony network. These monopolies see toll bypass
solutions associated with VoIP as a way of undercutting their toll charges.

Figure 1.4 Wholesale Termination
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Many service providers and interexchange carriers (IXCs) are replacing their
TDM circuit infrastructures with IP circuits (Figure 1.5). TDM allows a circuit to
be “time sliced” to support difterent conversations. The switches and equipment to

support TDM circuits are complex and expensive. In contrast, IP packet-switching
equipment is not dependent on TDM and is relatively cheap and simple.

Figure 1.5 IP Transport
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Service providers are replacing their traditional telephony switches with
switches capable of digitizing voice into VoIP packets. Instead of supporting these
[P-capable switches with a multitude of traditional TDM circuits, a few fast
optical fiber circuits are used. This technology significantly reduces the number of
circuits per switch and the related costs.

Basic Toll-Bypass Designs

One of the most attractive ways to get into a packetized voice solution is by low-
ering long distance phone costs. Let’s explore the various methods of doing this.

Tie-Line Replacement

Many multisite businesses have a PBX at each oftice. Quite often, these PBXs are
connected in order to allow people in both locations to use intercom dialing.
These tie lines require dedicated connections that must always be available. Even
though there might be no one speaking, the lines are still unavailable for any
other use. This situation presents an opportunity for packetizing voice, because
VoIP and data applications can share the same IP network at the same time.

Where the Money Is

Until now companies have had two choices for linking voice calls among offices.
The first option was to simply call long distance. Discounted call