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| ntroduction

This book is for anyone who wants to know about Computer Telephony (CT),
specifically anyonewho is:

* Interested in opportunities to develop or deploy CT solutions or products; or
* Interested in putting CT to work in a home or business.

This book does not assume that you have any prior knowledge of telephony. All the
telephony concepts and terminology you need in order to master CT are explained
and illustrated.

This book shows you how to put time and resources to better use if you:

» Manage or work in atelecommunications or information systems (1S)
department

» Manage or work in acall center or help desk environment

» Develop or deploy new services for a telecommunications company, including
long distance and local exchange carriers, CLECs, ISPs, and ASPs.

» Develop application, utility, or system software



As CT continues to emerge as a mainstream technology, you'll find this book
Indispensable as both an introductory text and a reference guide if you work for a

 Telephone company

» Cable company

* PBX company

» Consumer electronics company
« Computer or electronics store

» System integrator

If you do have a telephony background, you will find this book's review of telephony
from a universal perspective to be invaluable. In the world of telephony technology,
every company uses a dightly different vocabulary, and this complicates CT product
and solution development. To address the requirement for a unifying model, this
book presents a common set of concepts and terminology which reflect industry
standards. These are explained in a fashion that makes them easy to relate to the
models with which you are familiar.

The Timefor CT Is Now!

The field of CT technology has been developing slowly but steadily for more than a
decade. Early pioneers and visionaries have championed and struggled to bring about
the ubiquitous integration of computers with telephony functionality.

Unfortunately, CT is unavoidably a complicated topic. The results of more than 100
years of frenetic innovation in the telephony world, and an even faster and more
innovative explosion of technology in the computer world, meant that considerable
effort was needed to build aframework for no-compromise CT solutions. The bulk of
this framework has now been completed and this book represents the result.



Despite the challenges involved, the emergence of CT as an essential element of
everyone's technology environment isinevitable. Many incremental developmentsin
the telephony, telecommunications, and computer industries have now brought CT
to the point where it has emerged as a mainstream technology.

Three key factors mark the maturity of CT technology:

* Interoperability, through standard CT Plug and Play protocols
» Power, through easy-to-use software tools
* Access, through low-cost multimedia communications hardware

This book provides a thorough introduction to telephony and CT technology based
on the latest industry standards. These standards represent a universal abstraction, or
unification, of the historically divergent telephony world. The framework presented
by this book will help you understand the capabilities, limitations, and potential of
existing products and equipment, and to anticipate the next generation (and future
generations) of new telephony and CT products.

With the help of this book you will be able to make the right CT planning and
Implementation decisions now. With knowledge of the core CT framework you will
be able to in anticipate future CT developments and you won't get trapped at a
technological dead end.

Organization of This Book

To be a passenger on an airplane you really don't need to know anything about the
physics of flying, the training and licensing of pilots, the safety record of different
airlines, or even how to buy aticket. Whether you are an airplane designer, a new
pilot, an investor in airline stocks, or just a passenger, however, alittle bit of insight
Into each of these areas can greatly enhance your enjoyment of the experience and
the likelihood of your success.



With thisin mind, the goal of this book isto provide you with a complete insight
into CT and its underpinnings, regardless of what your final objective might be. In
fact, the more you learn about the endless possibilities for taking advantage of CT,
the more you'll want to put it into practice!

This book covers al four disciplines of computer telephony: switching fabrics, CTI,
media services, and administration. While many readers will be interested in how
these areas relate to one another, this book has been constructed so that readers
interested in just one or more of these areas can skip the sections that are not of
Interest. Chapter 3 serves as a common foundation for all four areas. Chapters 4, 5,
and 6 apply to CTI. Chapter 7 applies to those interested in media services. Chapter 8
applies to readers interested in switching fabric implementation and Chapter 9
provides an introduction to CT administration technology.

Chapter 1 What Is Computer Telephony?

Chapter 1 describes exactly what Computer Telephony is and what it is not. It
provides context for the discussion of CT and specifically relates CT technology to
the broader category of CT solutions. This chapter presents the fundamental insights
into why CT is now maturing, and why it is likely to become as ubiquitous as the
graphical user interface (GUI) and other mainstream personal computing technologies.

Chapter 2 CT Solutions and Benefits

Chapter 2 presents a collection of eight complete CT solution scenarios in which
people from different walks of life have applied CT technology to improve their
working and living environments. This chapter explains the CT value chain, which
reflects all of the different services and components that must be integrated to build
functional CT solutions. The CT value chain provides the hierarchy around which
the rest of the book is structured.



Chapter 3 Telephony Concepts

Chapter 3 presents a thorough introduction to the telephony concepts you need to
know in order to take full advantage of CT technology. This chapter presents the
universal abstraction of telephone system technology that is used in computer
telephony technology. This simple abstraction is used throughout the book as a
framework for easily describing any telephony product or capability.

Chapter 4 Telephony Device Concepts

Chapter 4 builds on the concepts presented in Chapter 3 and shows how the logical
and physical elements and components of telephone system devices are modeled and
identified to support the diversity of telephone system implementations.

Chapter 5 Call Processing Features and Services

Chapter 5 builds on the concepts presented in Chapters 3 and 4. It shows how the
elements within telephone systems of any size interact to provide the comprehensive
range of telephony features and services commonly available.

Chapter 6 CTI Concepts

Chapter 6 introduces the concepts of CTI as a means for observing and controlling
telephone systems of any size. This chapter discusses how telephony features and
services are accessed through a CTl interface, and presents those capabilities of a
telephone system that are specific to CTI interfaces.

Chapter 7 Media Services Concepts

Chapter 7 introduces the concepts of CT media services as a means for generating,
processing, and manipulating telephony media streams. This chapter presents the
model used to provide access to telephone system media processing resources
through media service interfaces.



Chapter 8 Switching Fabric Implementations

Chapter 8 describes the diversity of switching fabric implementations found in
telephone systems. This chapter explains the role of the switching functions within a
telephone network and the various transport options for implementing individual
media streams over various network technologies ranging from traditional analog
networks to digital telecommunications networks, wireless networks, and packet-
based networks.

Chapter 9 CT Administration

Chapter 9 deals with the most often overlooked aspect of telephone systems:
administration. While technologies for administering CT systems lag behind the
technologies for CTI, media services, and switching, this chapter introduces the key
concepts of CT administration and provides an indication of the innovations likely
to emerge.

Chapter 10 Telephony Equipment and Network Services

Chapter 10 relates all the telephony concepts presented to tangible telephony product
and service implementations. It describes the options that exist for assembling a
telephone system ranging in size from a single telephone to a private telephone
network.

Chapter 11 CT System Configurations

Chapter 11 presents the diversity of physical CT configurations that are now possible
and that will become easier and easier to assemble, given the maturation of CT
technology and availability of products based on standardized CT protocols.

Chapter 12 CT Software

Chapter 12 complements Chapter 11 by presenting the diversity of software
configurations that are available to support application development, CT system
integration, and user customization of CT solutions.



Chapter 13 CT Solution Examples

Chapter 13 revisitsthe CT solution scenarios presented in Chapter 2 and looks under the coversto
explain how each can be implemented using the technol ogies explored in the book.

To pull everything together, each chapter endsin areview of the key concepts covered. While the
book is intended to be read from beginning to end, it is designed to permit the use of individua
chapters. References to key concepts explained in other parts of the book will make it ssimple for
you to navigate.

Thisicon is used throughout the book to mark key definitions.

Thisiconisused to mark fundamental concepts of which to take special note.

Thisiconisused to mark pointsthat clarify sources of potential confusion.

[a

Thisicon is used to mark real-world examples and applications of computer telephony technology.

Y ou will find that this book is extensively illustrated, to help make the frequently complex and
abstract concepts surrounding telephony and CT easier to comprehend. Standardized graphical
notations are used wherever applicable. The symbols and icons used in these graphical notations are
summarized on the inside of the front and back covers for easy reference.

Sidebars and footnotes are used throughout the book to present material that is useful but
nonessential. Y ou can read these for diversion and further insight as you proceed through the book,
Or you can return to them later.

Exploring Further

Thisbook isintended for users of any type or brand of telephone system, computer, or operating
system. To avoid any biasin the illustrations used throughout the book, all diagrams use stylized



Icons to represent the various components of a system. References to particular products are made
only when the product in question represents a recognized, de facto standard.

Use this book as aresource to help you identify your CT opportunities; determine the way that you
want to approach CT; identify the type of solutions, products, or components you want to assemble
or build; and assess your needs and preferences. Armed with the insights you'll have, you can
identify the products and the strategies that best satisfy your needs.

If you wish to delve into greater technical depth, or wish to arm yourself with specific details from
the applicable published standards and specifications, you will find the included CDROM to be a
natural extension of this book. The CDROM is packed with specifications and information of use to
application developers, product designers, and those who must specify system requirements. If you
areinterested in developing CT products, you may also wish to consult the bibliography at the back
of thisbook for alist of other valuable development documentation.

The pace of new product development in the world of telephony and CT is so rapid that product-
specific information is not included here; it would become obsolete far too quickly. To find out
about the latest in available products, you might wish to:

» Contact your existing telephone equipment vendor(s);

* Subscribe to industry magazines,

« Monitor the efforts of groups such as the ECTF (their web siteis at http://mww.ectf.org);
* Attend industry trade shows; and

* Check the author's web site at http://mww.CTExpert.com.

In particular, updates to the material in this book will be regularly posted to the web at
http: //mww.CTEXxpert.comvbook.



Chapter 1
What |s Computer Telephony?

Telephones and computers indisputably are the two technol ogies that most greatly impact
every aspect of our daily lives. These technologies are central to the operation of virtually any
business of any size. A vast number of organizations exist only because of these technologies.
In fact, one could argue that these are the technol ogies that hold together the very fabric of the
modern information-oriented economy. Computer Telephony, or CT, brings these two
technologies together and harnesses their synergy.

The telephone network is a tremendous resource, of which everyone should be able to take full
advantage. Telephony?-1 technology, the technology that |ets people use the telephone
network, is extremely powerful and has great potential for empowering people in every walk
of life.

For the vast mgjority today, however, the only means of accessing the telephone network is
through a telephone set or answering machine of some sort. The one thing all these devices
have in common is their

1-1 Telephony — Incidentally, the word "telephony” is pronounced "teh-L EF-eh-nee." It should not
be pronounced "teh-leh-FOH-nee" as this generally leads to some embarrassment.



arbitrary and very limited user interface. The telephone set is aterrific device for getting sound
into and out of the telephone network, but it is avery poor device for getting access to
powerful technology. Even the simplest features are rarely mastered by the average telephone
user. All too often you've heard someone on the telephone say, "I'll try to transfer you
now—~but if this doesn't work, here's the number to call.”

Without CT:
Telephone
Syslem
Vary Limited user interface Vary
Limited & minimal feature accass: Powarful
Empowerment reduces functionality Technology
With CT:
Telephone
Systemn
Gustumizale user interface Very
Great & programmable intelligence: Powerful
Empowerment amplifies functionality Technology
Figure 1-1
Without CT and with CT

Personal computers, the Internet, fiber optic networks, speech recognition software, and other
revolutionary information technol ogies are reshaping how we live and work. Organizations are
anxious to put these new technologies to use. However the full potential of these new
technologies can only be realized when they are integrated with the telephone system. Y et just
as telephone systems have offered limited interfaces to individual users, they have
traditionally offered little access to those who wish to customize them to their own specific
requirements.



Computer telephony changes all of this. CT provides an alternative means of accessing the
power of telephony technology. Computer technology is an empowering technology because it
allows people to extend their reach, and it can take on time-consuming or non-creative tasks.
Computer technology allows for tremendous customization, so that you can have a user
interface and work environment that is optimized for your needs. With CT, this means you can
have full accessto the power of the telephony technology you need, and have it in the form
that is best for you. A computer working on your behalf can take actions independently, so it
effectively becomes your assistant. With CT technology, this means your computer can screen
calls, handle routine requests for information without your intervention, and interact with
callersin your absence. As shown in Figure 1-1, CT technology not only gives you full access
to telephony technology, it actually amplifiesits utility!

The following examplesillustrate how computer technology has the power to amplify the
power of telephony and make it more accessible.

* At apay phone:

- Without CT, you have to laboriously enter your carrier preference (if you can remember
the access code), credit card information, and number you want to dial.

- With CT, you simply point your personal digital assistant (PDA) or laptop computer at
theinfrared (IR) port on the pay phone and click on a person's name. In fact, if you'll be
there awhile, you can have selected calls rerouted from your office number to the pay
phone, which would in turn alert you with information about each incoming call.

* At home:

- Without CT, you'rein the living room watching TV and you remember that you have to
talk to a colleague (who is traveling on the other side of the world) before he leaves his
hotel. Y ou head for the phone in your den, look up the number for his hotel, look up the
country code for the



country where he is traveling, and the access code. After you have dialed all of the digits
correctly (on the second or third try) and complete your short conversation, you jot down
anote to yourself as areminder to expense the telephone call when you get your next bill.
By the time you get back to the living room, you've missed the rest of your TV program.

- With CT, you wait for the next commercial break and then, with your TV's remote
control, you pop up your personal directory as a picture-in-picture on your TV set and
select your colleague’'s name. The TV then displays a set of locations, including the hotel
where heis staying. Y ou select the hotel and indicate you want to dial the number. The
appropriate number is dialed automatically (using the cheapest available carrier); your TV
then acts as a speaker phone, allowing you to converse with your colleague without
leaving your seat. When the call completes, you return to your TV program. Information
about the call islogged to your home finance package as an expensable item.

» While telecommuting:

- Without CT, you appreciate the opportunity to work at home as a means of avoiding the
long commute and the other inefficiencies of work at the office. Unfortunately, however,
it means you miss many important telephone calls that then wind up in your voice mail
box at the office. Y ou don't want to forward the calls home because you don't want them
inadvertently being directed to your family's residential voice mail system.

- With CT, your home persona computer has a remote connection to the local area
network at your office, allowing you to monitor your telephone. If an important call
comes through, your computer notifies you so you can decide whether you want it to go to
voice mail or be redirected to your home telephone. Using Internet telephony, you can
take the call even if your phonelineisbusy. In fact, the system



works so well that even the call center agentsin your company, who spend their whole
day handling customer telephone calls, are able to work from home.

» At the office:

- Without CT, you are trying to cope without the administrative support you lost through
organizational downsizing. Throughout the day calls pile up in your voice mail box
instead of being directed to people who could take care of calersright away. Y ou place
many telephone calls yourself, and when you need to reach someone, you spend alot of
time placing calls—only to get their voice mail systems, and you end up having to try
again later.

- With CT, your desktop personal computer has taken the place of your secretary. Using
CT technology, it screens every call that comesin. If you're busy, you aren't disturbed. If
the call is best handled by someone elsg, it is redirected without your intervention. When
you need to get hold of someone, your personal computer will keep trying until the person
Is reached; only then does it connect you to the call, so you aren't tied up doing the
redialing yourself.

* |n the school:

- Without CT, there are just three telephone lines in the whole school and they can be
accessed only from the principal’s office and from the staff room. Despite the fact that
teachers believe students would benefit greatly from the ability to use telephones as a
resource for research and other projects, there are no telephonesin the library or in the
classrooms because there is no way of controlling their use.

- With CT, the school has an Internet telephony gateway and each of the computersin the
classrooms and the library are equipped with speaker phone applications. These allow
groups of children to sit around computers and place telephone calls to resource people in
the community, as well



as children at other schools. The school doesn't need a high-speed connection to the
Internet because most calls are placed using one of the phone lines the school already has.
The school's electronic bulletin board on the Internet, which lists homework assignments
and lunch menus, is available not only to parents who have computers at home, but also
those who want to dial in from any touchtone telephone.

* In amesting:

- Without CT, you may miss an important call that you are expecting because you must
attend an equally important meeting. Y ou have no secretary and cannot forward al of
your telephone calls to the meeting room because it would be too disruptive. Y ou must
rely on voice mail to catch the call. Y ou leave the meeting frequently to see if it has come
through and then you try to return the call.

- With CT, your personal computer checks the origin of each call and identifies the
important call when it arrives. Rather than ssimply taking voice mail, it tells your caller
that it will try to track you down. It then sends a notification to the wireless PDA
(personal digital assistant) you are carrying. This notification tells you who called and
informs you that the caller is holding. Y ou can respond by instructing your computer to
take a message, hold the call while you return to your desk, or transfer the call to a nearby
telephone. The others in the meeting are not even aware that you are having this wireless
dialog with your desktop computer.

The ultimate promise of information technology is that it empowers people to collaborate with
one another more effectively and with greater ease. Since the invention of the telephone over a
century ago (in 1876), telephony technology has evolved tremendously. Innovation was fast
and furious in the earliest days after Alexander Graham Bell's invention; it took less than two
years to commercialize the technology. To this day the pace has not lowed. While modern
computer technology is a much more recent invention, its history has been just as



fast-paced. The key to both disciplinesistheir ability to improve the ways people
communicate and collaborate, because these activities are at the heart of al human endeavor.

This book differentiates between "CT technology" and "CT solutions." This book coversall
the concepts and details you need to know about CT technologies, and then illustrates how

these technologies are applied in typical CT solutions. These terms are further explained in
section 1.11.

1.1 Thelmportance of Telephony

The telephone is the single most important communication appliance in the world today.
Despite the high levels of acceptance for various other forms of information technology,
including consumer electronics products and personal computers, the telephone (in al of its
forms) remains the only communication device that can be considered ubiquitous.

Your mom's house

all
—

B::: A payphone in Miami

A desk in Jobannesbur
Through your d

telephone ling you

can reach...
World

Wicle
Telephone
Metwark

A car on the autobahn

A fax machine in Jakarta

Figure 1-2
Everyone you want to talk to is somewhere on the telephone network



The telephone network is the single most important network in the world because:

 There are more "endpoints" on this network than any other (counting just the number of
telephone sets).

* The telephone network requires the least effort to use because its basic format is voice.
Virtually any human being on the planet is able to interact with any other through the
telephone network.

* The telephone network acts as both the on- and off-ramp, and as the interconnection
between, most other networks in the world. In fact, there are very few people, fax machines,
computers or data networks in the world that cannot be reached through the worldwide
telephone network (Figure 1-2).

1.2 The Importance of Computers

The"C" in"CT" stands for "computer." This may be alittle misleading, though, because the
word computer is being used here in its broadest sense. The term refers to any device that can
be programmed to control or observe telephony resources. Think of it as any device using
"computer technology." While this set of devices certainly includes traditional mainframes and
minicomputers, as well as your own persona computer, it also includes many others. For
example, PDAs are small, handheld devices that generally have much less power than
traditional computers and a more limited set of uses. But as personalized information
appliances, PDAs are very important when it comes to telephony integration. Similarly, a
whole new generation of so-called "intelligent," programmable consumer electronics products
will transform everyday devices such as VCRs, TVs, watches, games, etc., into what we
consider to be "computers' for purposes of CT (Figure 1-3).

Contrary to popular wisdom, the diversity of computing devices continues to grow as
computer technology becomes more pervasive and more specialized. In the early days of
computer technology, a panel of expertsis said to have concluded that only a small number of



Migration from the Real to the Virtual Desktop

At every stage in the evolution of the personal computer, more and more of the items that once
sat on our physical desktops have migrated to the virtual desktop of the personal computer.

. Thetypewriter was replaced by the word processor.

. The calendar was replaced by the scheduling application.

. The desktop calculator was replaced by its software counterpart.

. Thedictionary was replaced by the spell checker.

. The personal stereo system was replaced by the PC's built-in CD player.
. The"In" and "Out" boxes were replaced by e-mail.

. The Rolodex™ was made obsolete by contact management software.

. The fax machine was replaced by scanners and fax modems.

The telephone is the only item on the desktop that hasn't been greatly affected by the
information technology revolution. CT is the technology that is bringing about the evolution of
the telephone. Configurations for desktop CT solutions are covered in Chapters 11 and 12,
where your questions about the next step in this evolution will be answered.

A significant benefit of this function migration to the personal computer's virtual desktop is
that with alaptop computer or PDA you can simply pick up your entire desk and take it
anywhere you want. With the next generation of information appliances, the appropriate parts
of your office will be available to you in your car, your living room, or on your refrigerator
door.




Figure 1-3
Diversity of applicable computer technologies

computers would ever be needed! Not so long ago it was thought that the world of personal
computing revolved around one or two popular operating systems. The redlity isthat as
innovative new devices are built for everything from automobile navigation to home
entertainment, personalized computing devices become more and more diverse. Many don't
even have operating systemsin the traditional sense.

The motivation behind CT is customization and control. The real significance of integrating
computer technology with telephony is the opportunity to tie any form of intelligent appliance,
whether it be a mainframe computer, personal computer, or other personal information
appliance, into the telephone system in order to create a customized, and preferably
personalized, communications environment.

1.3 Communications and Collabor ation Technology

Before you conclude that computer telephony deals with all aspects of human communication,
it isimportant to put CT in the context of other areas of communications technology, or
specifically, what we will refer to as communications and collaboration technology (C&C for
short). Thisterm refers to the superset of computing technol ogies and communications
technologies that allow people to collaborate with one ancther.



Collaboration Grid

Peopl e frequently described human collaboration in terms of the grid shown below. One axis represents
separation by time and the other separation by place.
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When two people are not separated by either time or place, they can have a face-to-face conversation, read
from and write on the same piece of paper, etc.

When two people are separated by time, they must use store-and-forward technology. If they are not separated
by place, this can be as simple as |eaving notes on the refrigerator door (or, in ancient times, hand paintings on
cave walls). It can be as technologically sophisticated as leaving a message stored in a shared computer. If the
two are separated by both place and time, then store-and-forward techniques such as postal mail, e-mail and
electronic publishing comeinto play.

When two people are separated by place but not by time, they rely on real-time communications technology to
talk and possibly share visual information at a distance.




1.3.1 Overall Vision for C&C

Already personal computers are being seen more as communications tools and media delivery
devices than as the "document processors' they were just afew years ago. Asinformation
technology merges with communications technology, personal computers and other
information appliances become the focal point for people collaborating with other people.

Information technology increasingly is taking the place of administrative staff who once
provided much of the management of communications and collaboration activity. In business,
secretaries used to place calls, screen calls, send faxes, type and send letters, track down
people and information, take and prioritize messages, etc. Most people do not have someone
to delegate all of these tasks to; instead they must perform them themselves or apply new
technologies.

Vendors of communications technologies have been quick to respond to this demand and have
generated a dizzying array of different and diverse communications products. While these new
products and forms of communication have enriched our ability to collaborate with others,
they have also added to the complexity of managing personal communications.

The personal computer and other personal information appliances offer ameans for getting
this complexity under control, and fully mastering, or putting to work, the ever-richer
communications infrastructure around us.

Embedding C& C technology as a central part of personal computer use involves integrating
technologies from the five disciplines that make up C& C: telephony, video and document
conferencing, messaging, publishing and browsing, and networking and communications
infrastructure. Thisisillustrated in Figure 1-4.
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Figure 1-4
Personal computer and information appliances are becoming the
focal point for people collaborating with other people.

1.3.2 Five Disciplines of C& C Technology

The five disciplines, or domains, of C& C technology reflect both the key areas in which
technology innovation is centered, and also the way in which people buy and use information
technology. These areas can be further grouped into real -time collaboration technology, store-
and-forward collaboration technology, and communications technol ogy.

Real-time Collaboration Technology

Real-Time collaboration involves technologies that overcome the barriers of distance between
people who are working together at the same time from different locations.



1. Telephony

Telephony involves bringing control of the telephone and access to tel ephony media
streams into the computer's realm.

2. Video and Document Conferencing

Video and document conferencing complements Telephony by supplementing it with
shared-visual workspaces. For two or more people engaged in a discussion or project the
computer not only sets up the call, but can also present visual information and even permit
the real-time manipulation of that shared electronic material.

Store-and-Forward Collabor ation Technology

Where real-time collaboration overcomes barriers of distance between people, store-and-
forward collaboration involves technologies which allow people to collaborate while working
at different times, independent of |ocation.

3. Messaging

Messaging involves the delivery of electronic mail, fax mail, voice mail, and any other
form of information that is sent by one person to one or more specified people, to be
delivered at some later time.

4. Publishing and Browsing

Publishing and browsing technol ogies complement messaging technologies. While
messaging is adirected broadcast of information to a particular address, publishing and
browsing technol ogies allow information to be made available to a designated community
of people who are granted access. The Internet's World Wide Web represents the best
example of information publishing as a store-and-forward collaboration mechanism.



Communications Technology

The four functional areas described above each rely on network and communications
"plumbing"—the fifth area—in order to move the real-time and non-real-time data from one
place to another.

5. Network and Communications Infrastructure

Network and communications infrastructure includes hardware (such as wiring,
transceivers, bridges, routers, gateways, etc.) as well as software (protocols, protocol stack
implementations, drivers, etc.).

1.3.3 Bringing It All Together

The real benefit of integrating C& C technology into the fabric of everyday personal
computing technology goes far beyond providing access to the various areas through asingle
device.

A truly complete C& C solution for a particular individual or organization draws on many
select components from multiple areas to satisfy a specific set of identified needs. Such a
solution derives distinct benefit from the integration that is achieved between the different
aress.

To provide a seamless, integrated collaboration experience for each computer user, great
products and technologiesin all five areas take full advantage of other computing technologies
and facilities from multimedia to scripting.

The potential of personal computing devices to apply intelligence, with context, and to make
full use of accessible information, will take human collaboration to another level. It will make
it manageable, if not effortless.

To deliver on the vision of computing devices as the focal point for C& C, computing devices
must embrace the telephone. Only then can the persona computer, and other forms of
information technology, fulfill their potential for making all forms of collaboration easy and



accessible. While al of the areas within the C& C framework are critical in delivering on this
vision, telephony isin many ways the most fundamental.

Most people identify the telephone as their most important C& C tool. If the ultimate vision for
empowered human collaboration isto be achieved, CT, or the coming together of computer
technology and telephony, is on the critical path.

1.4 Telephone Systems

A telephone system provides end-to-end tel ephone services and / or access to an external
telephone network. Technically, atelephone system can be any subset of the world-wide
(public and private) telephone network ranging from along distance carrier's network, to a
corporate PBX, to an individual telephone. For practical purposes, when we refer to a
particular telephone system, we're interested in the collection of components that make up the
telephony solution for a particular customer, or system owner.

Telephone Sets and Telephone
Telephone Set Equipment at one Site MNetwork
=1 &
= 3 saa| = = z
= = goo| = = ; =
= £ 2eel % = =
£ L T ; Waorld =
£ [ ga5 3 S Wide *
Y 865 F = Telephone =
FY = F = Network &
= = CHCHD = = =
- = oo = - =
533 £
Figure 1-5
Telephone systems

The system owner's area of responsibility defines for him or her the size and scope of a
particular telephone system,; that is, the boundary between the functional elementsinside the
telephone system and the networks external to the system. For example, the office manager for
abranch office or asmall business might define her telephone system in



terms of all the telephone equipment at a single location with all services being external. On
the other hand, an individual employee might view a single desktop telephone as his telephone
system because it is the only component over which he has control. Meanwhile, the executive
responsible for the entire company's information systems might view the telephone equipment
at all corporate sites, and the private network connecting them, as the enterprise telephone
system.

Telephone systems of any complexity are made up of components drawn from four functional
areas.

 Switching Fabric
* Call Processing
» Media Processing

e Administration
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Figure 1-6
Telephone System Functional Areas

An important insight into telephone system technology is that the interfaces between the
components of a telephone system are determined by the featuresit offers independent of its
Size, scope, and complexity.



Switching Fabric

A telephone system's switching fabric is the set of functional components that are responsible
for moving media streams and signaling data between the endpoints of a given telephone
network. Switching is the core of any telephone system. Without a switching fabric there can
be no telephone system.

Call Processing

Call processing is responsible for managing the switching fabric and determining how
commands from various sources (including telephone keypads and call control application
software) should be carried out. Call processing is responsible for implementing all the
functions we associate with telephony ranging from making and dropping calls to holding,
picking, parking, forwarding, routing, and other supplementary services and features. Call
processing isthe "brain” of atelephone system and may be very simple or very sophisticated.

Media Processing

Media processing is responsible for terminating and processing media streams delivered by
the switching fabric. Media processing includes tone and pul se detection and generation,
recording and playback of media streams, manipulation of modulated and digital data streams
(such asfax and video), and functions such as text to speech and automatic speech
recognition. Aswith call processing, media services functionality encompasses al of the
relevant resources that perform these functions as well as software that manipul ates these
resources and all the interfaces and layers in between.

Administration

Administration is the fourth, equally significant aspect of atelephone system. Administrative
functionality includes support for system configuration (moves/ adds / changes and
customizing operation), fault monitoring, accounting and logging functions, performance
management, and security. While the simplest of telephone systems may be



"“factory-configured,”" requiring no owner customization and have no reporting functions, the
vast mgjority of telephone systems allow for extensive administrative control over the
operation of the switching fabric, call processing, and media services.

1.5 Computer Telephony

Computer telephony refersto all of the areas where off-the-shelf computer technologies are
being used to implement the telephone system functionality described in section 1.4. This
includes using off-the-shelf computer backplanes and buses, operating systems, application
software, protocol stacks, and other reusable hardware and software modules to construct
telephone system components.

Computer telephony represents a movement away from traditional legacy telephony
implementations that were based on mechanical and el ectronic technol ogies developed by
vendors themselves. Arguably most modern proprietary telephone system equipment make use
of the same electronic components and engineering practices found in computers, but the use
of widely available, general purpose computer technologies is arecent development.

Computer telephony represents a shift from monolithic telephone systems to highly modular
telephone systems asillustrated in Figure 1-7. Using off-the-shelf computer technology and
development tools allows vendors to implement (or re-implement) administration, call
processing, media processing, and even switching fabric functionality as independent software
and / or hardware modules. Fixed functionality call processing and media processing
implementations are replaced by CTl and media services applications and servers that allow
for customization and extension. Likewise, administration and switching fabric
implementations can be developed and installed as independent modules using mainstream
computer technology.
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Figure 1-7
Evolution of Computer Telephony

The real promise of computer telephony is that customers can build and augment their
telephone systems using modular components obtained from awide variety of disparate
vendors. Ultimately system owners should be able to build telephone systems that are uniquely
suited to their requirements.

Interoperability between modular components is not a direct benefit of CT technology itself.
However, CT permits the definition and implementation of interoperability specifications that
determine the boundaries between modular products and drives the economics that alow new
vendors to enter the world of modular (sometimes called "open™) computer telephony.



1.6 Switching Fabric

The foundation of any telephone systemsisits switching fabric implementation. A telephony
switching fabric consists of the cabling, networking technology, controllers, and protocols
used to communicate the voice (and other media) plus control information associated with
telephone calls.

Telephony switching fabric implementations consist of two key aspects:
* Telephony switching network

The telephony switching network is alogical network made up of all the telephone system
components that transmit, receive, or interconnect media and/or signaling information and
the components that manage the switching fabric.

e Transmission networks

Transmission networks are the underlying communication networks and links that provide
the connectivity between components of the telephony switching network.

The switching fabric implementations in conventional telephone systems typically involve
proprietary media stream switching hardware with connections for analog (POTS) and digital
(T-1, ISDN, proprietary) transmission facilities. The closed nature of these implementations
limits the number of transmission networks that are directly supported and limits the flexibility
or functionality provided by the telephony switching network.

In the field of switching fabric development, computer telephony involves using off-the-shelf
computer bus technologies as well as software protocol stacks as the basis for a new
generation of transmission networks, media stream interconnection components, open media
transport, signaling, and control protocols. For example, IP Telephony and other packet-based
telephony switching fabrics deliver voice over | P networking infrastructures.



1.7CTI

While computer telephony refers to the whole field of new generation telephone system
implementations that draw on off-the-shelf computer technology, the term CTI has evolved to
refer to just the call processing portion of computer telephony?-2, Specifically, CTI refersto
the technol ogies used to build systems where one or more software applications running on
computer platforms are integrated with the call processing functionality of atelephone system.
In atelephone system that is based entirely on computer telephony technology, CTI and call
processing are effectively synonymous.

CTI: Bridging Computing and Telephony

Until recently, the world of telephony technology and the world of computer technology have
remained largely isolated from one another. CTI refers to the ability to combine the products,
services, and systems from these different technology areas, but it does not refer to a superset
of computer and telephony technologies. CTI technology is the bridge between these
technology areas (Figure 1-8). CTI permits the development of solutions that further enhance
traditional applications of these individual technologies.

Defining CTI

The definition of CTI has remained vague for some time, but with the maturation of CTI
technology avery concise definition of thisterm has emerged.

12 CT vs. CTI — Theterms CT and CTI are often confused as the distinction is not literal. The
term CTI came to refer to the use of computer technology to access the call processing functionality
of atelephone system because historically telephone systems were considered closed systemsto
which external computer equipment was integrated. As CTI products are arguably the most
functionally rich computer telephony products, this term continues to be used to distinguish call
processing software and hardware from other computer telephony technologies.
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Figure 1-8
CTI brings together the worlds of computer and telephony technology

CTI involves three aspects:

» Cdll Control

Call control isthe ahility to observe and control telephone calls, switching features and
status, and call routing facilities, and to use switching resources that include tone
generators and detectors.

* Telephone Control

Telephone control isthe ability to observe and control physical telephone devices as
computer peripherals.

* MediaBinding

Media binding involves binding telephone calls to other media services such as voice
processing, fax processing, videoconferencing, and telecommunications.



CTI technology achieves functionality in each of these areas by interacting with telephony
resour ces that exist within CTl-accessible telephone systems. A given CTI product may
provide functionality in one, two, or all three of these areas.

1.7.1 Call Control

The most essential part of CTI isthe aspect that deals with a computer observing and
controlling telephone calls and the tel ephone system features that interact with calls.
Observing means tracking all call processing activity that takes place, and being aware of any
changes to feature settings. Controlling refers to issuing instructions for the telephone system
to obey with respect to telephone calls, features, and associated telephony resources. Call
control functionality supported through a CTI interface includes both the telephony
functionality available to users of atelephone system through telephone sets, as well as
functionality that applies only to computer observation and control.

1.7.2 Telephone Control

Telephones are the most ubiquitous appliance in the world. Today they outnumber all
computer keyboards, mice, printers, and other computer peripherals combined. They comein
myriad different forms, from sophisticated office sets, to home sets, to pay phones, to small
wireless telephones. As such, they represent an exciting new category of computer peripheral.
This aspect of CTI involves the ability, of an appropriately enabled computer, to observe the
activity of atelephone set (which buttons are being pressed, what the display says, whether the
message indicator is flashing, etc.), and to control the telephone set (updating the display,
simulating the press of buttons, turning on lamps, etc.).



1.7.3 Media Binding

The third aspect of CTI is mediabinding. This also tends to be the aspect of CTI that is subject
to the most confusion. Media binding in CTI refersto the ability of a computer to get access to
the media stream associated with a particular telephone call (that can be specifically observed
and controlled through call control). Computer technol ogies that manipulate the media stream
once it is accessed are part of media services (see section 1.8) and not part of CTI. For
example, many computers support fax software that can interpret afax document and display
It on the screen, or transform an electronic document into a form that can be sent using afax
modem. This capability isnot a CTI capability. In this example, CTI comesinto the picture
when the time comes to place (or answer) acall that isto be used to send (or receive) afax.
When the call is established, media binding functionality is used to "bind" or associate the call
with available fax modem functionality so that the computer's fax software can take control of
the fax modem and send (or receive) the fax.1-3 Likewise, given the availability of appropriate
media binding resources in the telephony products and the corresponding software in the
computer, sound streams from the call can be recorded by the computer, sound can be played
down the phone line, speech recognition and text-to-speech functionality can be applied, and
digital data can be exchanged.

1.8 Media Services

A telephone system must be capable of generating and terminating the media streams that are
delivered through the switching fabric. At a minimum, the telephone system requires media
service resources to detect and generate tones. The ability to record and playback audio datais
also required to support functionality such as auto-attendant and voicemail.

1-3 Fax media services— A complete example for fax media binding, illustrating how afax is
received from a CTI perspective, is presented in Chapter 6, section 6.11.



Implementation of media services involves telephony resources that consume, generate, or
modify media streams. These media resources may be implemented within stand-alone media
access devices or built into other types of devices.

Telephony media services include:

* Tone Detection and Generation
 Recording and Playback

* Text-to-Speech

* Speech Recognition

» Modulated Data (M odem/Fax)

* Digital Data (Compressed Video, etc.)
« Call Binding

By implementing open interfaces to support media services, vendors not only streamline their
own development but allow system owners to customize the telephone system by adding their
own computer telephony media resources and applications.

1.9 Telephony Administration

Telephone system administration is one of the most important aspects of a telephone system as
it isthe administrative features that are used to put a system into operation and maintain it.
Unfortunately, this aspect is often the most overlooked by those building and buying telephone
systems.

Telephony administration encompasses the following:
» System configuration

 System customization

* Moves/ Adds/ Changes (or MAC)

* Fault monitoring



» Accounting
* Performance management

* Security

The Future of Computer Telephony

Computer telephony technology is here to stay, but the term "computer telephony™ is much like the terms
"color photography", "HiFi audio", and "digital computer".

When most photography was black and white, it was essential to differentiate the new color technology by
referring to this new branch of photography as "color photography". After thirty or forty years all mainstream
photography used the color technology and black and white photography was relegated to being a specialized
art form. At this point, the term "color photography” was no longer used as the term "photography” implied
color.

The same evolution will take place in the world of telephony. Eventually all mainstream telephone systems
will be based on off-the-shelf computer technology and we will no longer need to say "computer telephony™
because this will be assumed. Certain vendors may continue to implement " proprietary telephony” technology
or "monolithic telephony" technology to cater to specialized needs, but they will call attention to thisto

differentiate their products from the ubiquitous computer telephony technology.

1.10 CT Everywhere

Thefield of computer telephony is now reaching its maturity. Thisis marked by three key
milestones:

* Interoperability — through standard CT Plug & Play protocols
» Power — through easy-to-use software tools

* Access — through low-cost multimedia communications hardware



The software industry's evolution to better graphical user interfaces, combined with the efforts
of early CT developers, has led to many powerful applications and software tools that can be
applied in the construction of CT solutions. Innovation in multimedia communications
hardware products has brought about a new generation of products that make connecting
computers to networks and telephone lines easy and inexpensive.

Despite the obvious potential for CT technology, despite the work by the pioneers of the CT
industry over more than a decade, and despite the tremendous excitement surrounding each
new hardware or software technology that promised ubiquitous CT, the use of CT technology
has only now begun to grow dramatically. Overall, the principal barrier to dramatic growth of
the CT market has been the lack of interoperable products. Without this interoperability,
developers must specialize their products for very precise configurations, and customers
cannot rely on anything they purchase and integrate themselves (as is the normal practice for
mainstream computer products). There are many ways to differentiate CT products—but
interoperability should not be one of them.

Of the three milestonesin CT that have been achieved, interoperability is the most important.

1.10.1 I nteroper ability

CT interoperability for hardware and software is best defined in terms of two operational
requirements:

1. Customers can assemble and upgrade their CT systemsin any fashion using CT hardware
and software products from any combination of vendors. For example, someone can use the
same CT software on the computer at home (connected to an analog residential telephone) and
the computer at the office (where thereis a digital feature phone desk set). The software takes
full advantage of all the capabilitiesin each location. The customer can even substitute a new
CT server at the office without having to make any changes to the telephone system or
application software.



2. Users of mobile computing devices (laptop computers, personal digital assistants, etc.) can
take their devices, and all their software, from one work location to another and still take full
advantage of the telephony capabilitiesin each location, regardless of the combinations of
products involved. For example, someone can use the CT software on her laptop with a pay
phone at the airport, the hotel room phone, and the phone at a client's site, as well as her
cellular phone.

The existing interoperability standards for telephony have been slow to emerge because in
order to satisfy the implications of these two requirements, they had to simultaneously address
all the following needs:

» Compatibility with existing products

Perhaps the biggest challenge of all, interoperability specifications must minimize the
efforts required of vendors, developers, and customers to migrate their earlier products to
take advantage of the specifications. This means that specifications must anticipate future
products and maximize the reusability of existing components.

* Plug-together, out-of-the-box interoperability

The true measure of successisthat CT interoperability standards allow customersto
simply buy the CT products that best fit their needs, plug them together, and have them
work—the first time.

 Deterministic and robust operation

Peopl e expect flawless operation from their telephone systems, often holding them to a
much higher standard than computer systems. No vendor or customer iswilling to trade
interoperability for reliability. Satisfying this need and the previous one simultaneously is
among the most significant challenges. Devel opers must adopt normalized behaviors so
that software can be programmed to anticipate well-understood telephone system
behavior.



* Platform independence

The increasing diversity of computer technology—the blurring of the very meaning of the
word "platform"—means that complete interoperability specifications must not make
assumptions about the type of computing technology being used.

» Support for arbitrary system configurations

The virtually unlimited range of uses for telephony means that interoperability
specifications must be applicable to arbitrary CT system configurations that reflect both
existing usage patterns and those that cannot be foreseen.

» Appeal to the entire computer and telephony industry

The community concerned with CT technology represents a superset of the entire
communications and computer industries. This includes telephone system and telephone
device vendors, software application vendors, server and client platform vendors, and
those who comment, analyze, and provide consulting to all of these groups.

Fortunately, every major telephony and computer vendor has invested heavily in contributing
towards interoperability goals. Each industry group that has tackled these challenges has
moved the industry closer to fully satisfying the requirements; each group has built upon and
added to previous efforts. These industry efforts have included the following:

» Telephone Manager (Apple and partners)
« CalPath (IBM)

« CSTA (ECMA)

* TAPI (Microsoft and partners)

* TSAPI (AT&T, Novell, and partners)

» CTI Encyclopedia (Versit and partners)

» The ECTF Framework (ECTF)



The ECTF Framework consists of an architectural model for computer telephony along with
corresponding interfaces and protocols. The ECTF framework captures the work that has
proceeded it and continues to expand as it incorporate architectures, models, interfaces, and
protocols that provide afoundation for modular CT products.

This book provides a complete road map to the state of the art in CT, based on the |atest
interoperability specifications to emerge from the industry. It is based on the de facto industry
standards for:

* Telephony terminol ogy

* Telephony operational model, features, and services
» Normalized operations

* Protocols

 Configurations

» Programmatic interfaces (APIsl-4)

1.10.2 Three Phases of CT Evolution

Consistent with the iterative development of interoperability specifications for telephony, and
the maturing of technology in the overall information technology industry, there have been
three distinct phases in the evolution of CT technology:

1. Custom systems
2. APIsfor everybody

3. Protocols for systems, APIs for applications

1-4 APl — API literally stands for Application Programming Interface. In general usage, it has come
to refer to any programmatic interface that allows two independent software components to interact.
It isnot limited to application software programming. To avoid confusion, this book uses the term
programmatic interface to refer to generic interfaces between software components. Theterm APl is
used here to reflect conventional usage.



Each phase represents a paradigm shift in the approaches used to develop CT solutions. Each
shift was based on changing economics, technology, and priorities in the telephony, computer
hardware, and software industries. The products and practices associated with each phase will
continue to exist and interoperate for some time to come. The economics and opportunities
associated with developing products for the third phase, however, will mean that more and
more industry investment and activity will migrate to this approach.

This book deals with all three phases and is intended to help anyone who is considering the
alternatives to choose the best approach for meeting their own needs.

First Phase: Custom Systems

Thefirst phase in the evolution of CT involved custom development. Anyone who wanted to
integrate a telephone system and a computer system had to work directly with the telephone
system vendor to obtain that vendor's proprietary (and often product-specific) CT interface.
These CT interfaces ranged from specifications for how a computer could be interfaced to the
telephone system in question, to special APIsfor specific operating systems. Thisisillustrated
in Figure 1-9.

The economics of this arrangement were very poor. In most cases, customers themselves (or
systems integrators working on behalf of customers) were developing vast quantities of highly
specialized software that was hard-coded to a very specific telephone system. Rarely could
this software be reused by others who had the same telephone system. Furthermore, should
customers ever need to upgrade their telephone systems, they generally needed to rewrite their
CT software.1-5

1-5 Conspiracy? — Those who like to believe in conspiracy theories have suggested that the lack of
CT interoperability was a direct result of telephone system vendors seeking to "lock in" their
customers. A better explanation is simple supply-and-demand economics.
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The first phase: custom systems

In instances where telephone vendors had invested in some type of custom API, it was often
on the wrong operating system for many customers. The vendor's API still required custom
software specialized to each specific telephone system. In addition, the telephone system
vendor had to keep track of all the popular operating systems. Vendor's had to split their
development resources between maintaining existing custom APl implementations (as new
versions of supported operating systems were released), and trying to adapt ("port") the AP
for new operating systems as they appeared.

Both of these arrangements severely limited the potential size of the CT industry for avery
long time.

Second Phase: APIsfor Everybody

The second phase of CT evolved from the first phase, but it represented a tremendous leap
over earlier approaches. It involved APIs that were independent of the telephone system.



The phase-two approach was based on the prevailing philosophy that only a small number of
pervasive operating systems needed support. Each development platform would therefore
provide application devel opers and telephone system vendors with APIs.1-6 Each group then
could devel op the necessary software components to build a complete solution without being
dependent upon one another. Thisisillustrated in Figure 1-10.
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Figure 1-10
The second phase: APl layering

The intent of the new approach was to minimize the work necessary for software developers
writing CT applications. Thanksto asingle, stable API for a given platform, application
software could, in theory, run independently of any specific telephone system or product. This
allows software developers who sell shrink-wrap software (not just customers and systems
integrators) to develop CT software. The result

1-6 Telephony APIs— The first mainstream telephony APl was the Telephone Manager, devel oped

by Applein the late 1980s. IBM, Microsoft, Novell, Sun, and others were quick to follow over the
next few years.



should have been more applications, which in turn should have meant a more attractive
incentive for telephone system vendors to develop the necessary CT interfaces for their
products.

This approach was not perfect, however. While it addressed the needs of software devel opers,
it did little for telephone system vendors relative to the first phase. Telephone system vendors
still had to write code for all of the popular operating systems, and they still had to rewrite
those pieces of code every time a particular operating system was revised. From their
perspective, at atechnical level, the only real difference between the first and second phases
was the fact that they no longer had to take responsibility for the design of the API.1-7

Another challenge associated with the second phase is that solutions built using this approach
tend to be less robust or reliable than desired. The reliability that people take for granted in the
world of telephony isin large part the result of international standards that define, in precise
terms, the protocols for the ways systems interact. APIs, unlike these protocol definitions, are
open to much greater levels of selective interpretation. Applications that use a particular
standard API might not work with certain telephone system implementations supporting that
same API. Thisisin part because the behaviors of the telephone system software are not
normalized. Asit was for phase one, in these cases, the applications must still be specifically
modified to work with a particular telephone system. (Generally, however, there isless of this
work to do.)

Third Phase: CT Protocolsfor Systems—APIsfor Applications

While the second phase was characterized by its focus on the needs of application developers,
the third phase in the evolution of CT is characterized by its focus on the needs of telephone
system vendors and customers. It involves improving on phase two by addressing the
reliability issues and eliminating the key bottleneck, that is, the effort

1-7 API design — Despite the fact that all CT API developers worked with telephony vendors when
designing their APIs, some telephony vendors did not consider thisloss of design control to be a
positive thing.



required by telephone system vendors to implement and maintain all the different APIsfor al
the different operating systems. Both of these objectives are accomplished through the
addition of standardized CT protocols to the APIs developed during phase two.
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The third phase: CT protocols

In the third phase, telephone system vendors are responsible only for implementing software
that runsinternally on their own products. The only interaction with application software is
through standardized CT protocols. Thisisillustrated in Figure 1-11.

Now telephone system vendors no longer need to know with how many operating systems
they support or which operating systems their customers are using as the standards are the
same regardless. This aso allows their telephony products to be used by devices that don't
even have operating systems (or CT APIsin the conventional sense). Freeing up their
resources from platform-specific development projects allows tel ephone system vendors to
focus on providing richer functionality and more robust operation.



The benefit for customers and application developersis that the normalized protocols provide
amuch higher level of reliability and robustness using the existing operating system-based
APIs. Application developers don't have to "special-case" specific telephone systems (unless
they want to take advantage of special and unique features)1-8 and customers then can use
applications without having to worry about compatibility.

1.10.3 CT Plug & Play

Theterm CT Plug & Play refersto the ability to take two CT products out of the box, hook
them together, and have them work together without having to install special "driver,"
"mapper,” or other proprietary softwarein either.

CT Plug & Play-9 is made possible by the CT protocols of the third phase. The use of CT
protocols allows one device to negotiate automatically with other devices to determine their
CT capabilities. No effort is required beyond instructing one to connect to the other.

In the paradigm of the second phase, telephone system vendors had to devel op special pieces
of softwarel-10 for a computer to work with the CT interfaces on their products. If these pieces
of software are not installed in the appropriate devices, or do not exist, the products simply
will not work with one another.

CT will truly be universal when all CT products are CT Plug & Play.

1-8 Vendor specific extensions— Vendor specific extensions are defined in Chapter 5. They refer
to unique capabilities supported by a telephone system beyond the standard superset.

1-9 Plug and play — It should be noted that CT Plug & Play is different from Microsoft's Plug and Play.
A device that supports CT Plug & Play will work with any other CT Plug & Play device. A device that
supports Microsoft Plug and Play will work with a PC that is running the correct version of the Windows
operating system and has the correct driver installed.

1-10 Telephony vendor softwar e — The names of these pieces of telephony vendor software differ,
depending on the platform. They include telephone drivers, telephony service providers, telephone tools,
and mappers.



1.11 CT Technology, Products, and Solutions

In this book we differentiate among the terms " CT technology,” "CT products,” and "CT
solutions."

The term CT technology refers to the specific technologies that provide the basis for linking
computing and telephony technology. The term CT products refers to products that implement
CT technology and make it accessible to CT solutions. Finaly, the term CT solutions refers to
the application of CT technology (by taking advantage of CT products) in a specific product or
working system that combines any number of other communication and collaboration
technologies.

CT products are always necessary either to support, or be part of, aworking CT solution. Not
al CT solutions are CT products, however; a CT solution does not necessarily make CT
technology accessible to other CT solutions.

Computer-based voice processing products provide an excellent example to illustrate these
distinctions:

» Computer-based voice processing systems are CT solutions because internally they
incorporate CT technology in the form of computer-controlled call processing and media
services.

* A voice processing system may take advantage of additional CT technology provided by
another CT product in order to simplify its own design and/or to get accessto aricher
telephony feature set.

* A voice processing system is aso considered a CT product if it makesits CT functionality
(either its own technology or that of CT productsit is using) available to other CT solutions.



1.11.1 CT Solution Categories

CT solutions often are grouped into a number of basic solution categories. While these
categories generally overlap in arbitrary ways and incorporate other categories, they do make
it easier to refer to individual CT solutions as being used for a particular purpose.

The solution categories referred to in this book are briefly listed below. These explanations are
further expanded throughout the book:

» Call accounting

Call accounting applications involve using software to track information about individual
calls (who was called, when the call was placed, the length of the call, etc.) in order to
track telephone usage, recover costs, bill for services, reconcile telephone bills, and more.
Call accounting applications are generally easy to justify in environments where telephone
useisintensive and timeis billed. These products tend to pay for themselves quickly.

» Auto-dialing

Auto-dialing refers to automating the placing of telephone calls. Auto-dialing allows a
computer user to smply indicate a desire to talk to someone; the CTI software takes
complete care of the process. This can include looking up the right person, finding an
appropriate telephone number, determining the best way to call the person (factoring in
the current location, time zone, etc.), dialing the number and associated billing
information (calling card or credit card), retrying as necessary, and indicating its progress
throughout the process. While arguably among the most basic of all CTI solutions, auto-
dialing is the most universal in terms of appeal and has the potential for tremendous time
savings.1-11

» Screen-based telephony

Screen-based telephony refers to the use of application software that presents a telephone
user interface on a computer screen and acts as an alternative to the user interface
provided by a physical telephone set. This virtual telephoneis usually (but



not always) more functional than the telephone set that it supersedes. More important,
though, isthat it can be customized to meet the specific needs and usage style of a
particular individual, who might need more or less functionality than is otherwise
available through the telephone set. The functionality of screen-based tel ephony
encompasses auto-dialing and adds support for other telephony features and services. A
fully featured screen-based telephone application, SBT for short, provides access to every
telephony function available on a given telephone system.

 Screen pop

Screen pop solutions involve having a computer system immediately present (or "pop")
information pertinent to an incoming telephone call onto an individual's computer screen.
This allows the person to prepare for the call before it has been answered, or to choose not
to answer the call based on the information presented.

* Programmed tel ephony

Programmed telephony refers to the broad range of CT solutions that involve unattended
computer interaction with telephone calls. In contrast to screen-based telephony which
involves creating an alternative telephony user interface for a human actively managing a
call, programmed telephony delegates to a computer the responsibility for interacting with
telephone calls. In fact, most applications of programmed telephony can be thought of as
creating a user experience for the person at the other end of the phone call. Programmed
telephony involves CT software that alows rules for individual call disposition to be
established (or programmed).

1-11 Auto-dialing time savings — Dialing a telephone number manually (including the time to look
up the number if necessary and provide any applicable billing information) can take from 15
seconds to afew minutes. In contrast, the time needed to instruct a CTI application to call a person
might be 1-10 seconds. Given the thousands of telephone calls made by computer users each year,
the potential time savings are staggering.



Programmed telephony applications can be as simple as an application that rejects all calls
from acertain list of telephone numbers, or as complex as interactive voice response
systems that take messages, |ocate people and information, and redirect calls.

* VVoice processing

Voice processing refers to a subset of programmed telephony solutions that involve using
media services to interact with human callers in some fashion. Any application that
interacts with callers by playing messages, recording messages, working with speech
information, and detecting or generating tones is referred to as a voice processing
solution.

* Call routing

Call routing solutions belong to a class of programmed telephony solutions that automate
the delivery of callsto selected individuals. Calls can be routed based on associated
information provided by the telephone system, or on an actual interaction with a caller
using media services in some fashion.

* Call screening

Call screening solutionsinvolve using CTI technology to filter calls and handle them
differently, depending upon who is calling or what they are calling about. Call screening
solutions may involve screen-based telephony, programmed telephony software, or a
combination of the two. Attended call screening isjust a screen pop solution in which a
screen-based tel ephony software user actively decides to accept or rgject acall before the
call isactually answered, based on information from the telephone system that indicates
who is calling. On the other hand, unattended call screening involves routing software
that is set up to redirect calls automatically on some basis. For example, an application
could act as a private secretary on behalf of a user. It could answer each call,



capture information about the purpose of the call, pass only urgent calls on to the user, and
take messages in all other cases.

» Auto-attendant

An auto-attendant solution uses voice processing, in lieu of a human operator or
attendant, to interact with callers and direct their calls to the desired person.

e Information retrieva

Information retrieval solutions are voice processing solutions that allow callersto track
down and retrieve information without having to interact with a human clerk. Examples
Include access to prerecorded messages, access to information stored in databases (such as
retrieving a bank balance or order status), and retrieval of documents that can be returned
viafax or electronic mail.

» Fax-back

Fax-back is an information retrieval solution specifically involving the retrieval of faxable
information. All information requested is provided to the caller in the form of one or more
fax transmissions to a selected fax number.

* Personal agent

A personal agent is a piece of programmed telephony software that can act as an
autonomous agent for a given computer user. Typically it utilizes voice processing to
interact with callers on a user's behalf. The personal agent may provide call screening, if
the user is present, or will handle calls independently, if he or sheisaway. A personal
agent might provide any or all of the programmed telephony capabilities described above
in the process of handling acall.

» Cdll center

A call center isateam of two or more (potentially many hundred) individualsin a
particular location handling calls on a dedicated basis. The individuals are referred to as
call center agents. A call center may be just inbound (such asa



hotel reservation call center) or just outbound (such as atelemarketing organization), or it
may be a blended call center with a pool of call center agents who handle both kinds of
work.

* Distributed call center

A distributed call center involves all of the functionality and activity of a call center, but
the call center agents themselves may be working from two or more locations. A
distributed call center might involve a single pool of call center agents working two
different time zones, overflowing calls from one to the other at peak times. A distributed
call center could involve having each call center agent work from his or her own home, so
that no central work location even exists.

1.12 Conclusion

In this chapter we explored the motivation and context for computer telephony and identified
the functional areas of telephone systems that are being implemented using computer
telephony technology (call processing, media services, switching, and administration). We
delved into the definition of CTI as the subset of computer telephony dealing with call
processing and identified three areas encompassed by CTI (call control, telephone control, and
media access). We also reviewed the evolution of CT in the context of interoperability and
learned to differentiate CT technology, CT products, and CT solutions.

In the next chapter we look at a number of ways in which CT technology can be applied to
build customized CT solutionsin awide variety of circumstances.






Chapter 2
CT Solutions and Benefits

CT brings to the world of telephony the kind of revolution that personal computers brought to
the world of computing: the ability to get more value out of technology by empowering more
people to participate in the development of complete solutions.

Opportunitiesto apply CT technology and techniques are as infinitely varied and numerous as
the people and organizations that use telephones. In fact, the primary benefit of CT technology
isthat it shifts the view of telephone systems to solutions that can be tailored precisely to meet
the specific needs of market groups, specific customers, and most importantly, of specific
individuals.

CT makes customization of telephony systems possible because it:

» Opens up access to telephone systems using the well-established flexibility,
programmability, and customizability of off-the-shelf computer technology;

* Allows direct integration with an organization's business systems or an individual's work
flow tools; and



* Creates many new opportunities for vendors, developers, and individuals with specia skills,
knowledge of needs, and awareness of individual preferences to add customized functionality
to atelephone system.

While the existing diversity of telephony products is staggering, this diversity actually reflects
the fact that a huge demand exists for telephony solutions that address an amost infinite
variety of needs. It isreally an indication of the much larger opportunity that exists when
telephony features and services can be more easily brought to bear on the needs of an
individual or organization.

2.1 Who Benefitsfrom CT? (The CT Value Chain)

The benefit of CT technology comes from each individual user or organization's ability to
select various components and services and to integrate them to form a unique and optimal
solution. This ability to obtain different parts of a solution from different sources, and to have
someone assemble it in atightly integrated fashion, is at the heart of what makes CT valuable,
and what has traditionally made it challenging.

By definition, a complete CT solution involves the integration of hardware, software, and
services from different vendors. This collection of participantsin thefinal CT systemis
known as the CT value chain. Each tier in the value chain represents an important part of the
final solution; CT creates new opportunities for the companies and individuals that provide
products and services at each layer. This concept isillustrated in Figure 2-1. A summary of the
tiersin the CT value chain appearsin Table 2-1 (at the end of the chapter).
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CT valuechain

2.1.1 Telephone Service Providers

Telephone service providers offer servicesin the form of access (wired or wireless) to the
worldwide telephone network. They also provide optional telephony features to their
customers (subscribers) through their portion of the telephone network.

The average customer traditionally uses only a small fraction of the features and services
avallable. Thisisin large part due to the fact that customers have had no good way of
accessing much of this functionality, given the ssmple telephone set's poor user interface for
handling many of these capabilities. (Chapter 3 explains the fundamental concepts behind
telephone networks; Chapter 5 explains the common features and services; and Chapter 10
describes the forms in which these services are offered by telephone companies.)



CT represents a big opportunity both for traditional telephone companies and for new
telephone service providers entering the business because of industry deregulation worldwide.
These new service providers include wireless network operators, competitive local exchange
carriers (CLECs), internet service providers (1SPs), and application service providers (ASPs).
In order to sell more telephony features and services, these companies have to make services
more useful and easier to access. At the same time, these companies don't have the expertise
or might be legally unable to develop the other pieces of a complete solution. However, the
concept of the CT value chain means that they can work with others, who do have the
appropriate expertise or products, to build the solutions their customers need. Not every
telephone company will actively pursue CT solutions as a means of differentiating or adding
value to their offerings, but they all will benefit from them.

2.1.2 Telephone Equipment Vendors

Telephone equipment vendors make the products that connect to telephone networks, as well
as to the telephone equipment of other vendors. Telephone equipment vendors include
companies that develop, manufacture, and sell:

» Consumer telephone sets and systems

* Business telephone sets and systems

* Cellular and other wireless tel ephone sets

* Pay telephones

» Computer peripherals, add-ons, and subsystems for interfacing with telephone networks

» Special-purpose tel ephony equipment



Telephone equipment vendors have a great deal to gain from CT. In the past, they have had to
compete with one another by staying abreast of the latest advances in telephony technology,
differentiating through industrial design, and trying to build telephone systems with the
broadest possible appeal. Like the telephone companies, however, their challenge has always
been to find ways to let more customers actually take advantage of the features they have built
into their products. In most environments, few individuals ever use the full functionality of
their telephone system because it isn't tailored to their needs and it isn't easy to use. (Chapter 5
explains the features and services implemented by tel ephone system vendors, Chapter 10
describes the forms in which these are implemented in tangible tel ephony equipment, and
Chapter 6 and Chapter 7 reveal how these vendors open their products to expose CTI and
media services interfaces.)

By supporting CT, telephone equipment vendors are better able to meet the individual needs
of customers by taking advantage of the other playersin the CT value chain.

CTI alows much easier access to the functionality of atelephone system, this means that
potential customers will actually place greater value on systems that offers arich set of
telephony features and services because they can assemble a CTl solution to take advantage of
them. CTI effectively unleashes the latent power of telephone systems, and theresult isa
bigger and healthier market for telephony equipment in all categories.

Similarly, support for media services interfaces makes tel egphony products more attractive to
customers because they can be viewed as foundations for customized interactive telephony
solutions and save the vendor from having to build one-size-fits-all media processing
solutions.



Telephone equipment vendors that embrace modular computer telephony specifications are
able to focus on the specific technol ogies where they have leadership and leverage the work of
others wherever possible. Thisisillustrated in Figure 2-2.
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Before and After: Modular CT technology for telephony vendors

2.1.3 Computer Hardware Vendors

Computer vendors play acritical role in the CT value chain because they build the platforms
on which al of the software componentsin a CT system run. Computer vendors include
companies that develop, manufacture, and sell personal computers, server machines, and multi-
user computers, as well as consumer electronics information appliance products and PDAS.
Through CT, they are able to add value to their products by:

* Supporting slots, ports, and connectors that allow for connection to standard LANs and CT
peripherals;



* Including an operating system with CT support;
* Building in CT functionality; and
 Bundling CT applications.

All of these efforts to bring value to a computing platform through CT rely on all the other
parts of the CT value chain. For a customer actually to take advantage of a given computer
product in a CT solution, the products and services represented by the other tiers are essential.
The computer vendor is relying on telephone network providers and telephone equipment
vendors to provide services and products that can be accessed through standard CT protocols,
or with appropriate software. They also rely on the vendors above them in the chain to create
the CT software components that will appeal to customers. (Chapter 11 describes how CT
systems are configured by assembling telephony and computer hardware components.)

2.1.4 Operating System Vendors

Operating system (OS) vendors develop the system software that runs most mainstream
computer systems. Operating system software provides access to the facilities available on a
given computer system, allows applications to be launched, and provides a means for
applications to make use of system-wide capabilities.

In most cases, the operating system and not the computing hardware represents the
environment targeted by the application software developer. As described in Chapter 1, most
operating system vendors have developed programming (or programmatic) interfaces that
allow application software running on a given platform to take advantage of appropriately
configured and connected telephony functionality. (These interfaces are further discussed in
Chapter 12.)

Operating system vendors are much like computer hardware vendors in that they must rely on
telephone network providers and tel ephone equipment vendors to support their proprietary
APIs, or to support standard CT protocols that can be used with these APIs. They aso rely



on application developersto use their telephony architectures, tools, and interfaces to build
products that make a given operating system useful to customers building a CT solution.

2.1.5 Telephony Software Developers

Telephony software devel opers are a special category of developers that produce telephony-
specific applications. These are applications that take direct advantage of telephony features
and services; their primary reason for existence is to extend the functionality of atelephone
system or product in some way. The applications produced by these developers are highly
specialized towards telephony. However, as the primary telephony application installed on a
given computer, even the most casual user of a CT system will require one. (Chapter 12
describes the software configuration of CT systems.)

One example of atypical CTI application presents a user interface with al of the functionality
(and more) available through the buttons, lamps, and other components on a telephone set.2-1
Another example of CTI software is a so-called "firewall" server program that allows multiple
computersto safely share asingle CTI interface on a piece of telephony equipment.

Telephony software developers exist only because of CT technology. As CT becomes
ubiquitous, the task of writing CT software will be easier and the market will be larger. CT
developers are able to take advantage of the layers provided by al of the othersinthe CT
value chain. They are able to thrive only because of the opportunities that result from the
access made possible through CT interfaces, and because of the modularity that results from
the division of responsibilities implicit in the CT value chain.

2-1 Screen-based telephone application — An application that presents an alternative user
interface to the telephone is referred to as a screen-based telephone or SBT. Thisis discussed further
in Chapter 12.



2.1.6 Mainstream Application Developers

Mainstream application developers also can play an important role in CT solutions. These
developers are the software vendors responsible for writing the popular applications that
justify most computer purchases today. These application programs represent the mission-
critical applications that everyone relies on day to day to manage their businesses (or their
personal lives). A few examplesinclude:

 Contact managers

» Messaging software

» World Wide Web browsers

» Database applications

* Electronic forms applications
» Accounting applications

» Spreadsheet applications
 Calendar applications
 Time and billing applications
« Office management software

The focus of the work performed by mainstream application developersisnot on CT. These
devel opers specialize in solving other problems, yet in many cases their applications can be
used with dramatic results as part of a CT system. In fact, CTl's ultimate value for most
computer usersisintegrating their telephone systems with these mainstream applications,
which they use for the mgjority of their daily work. (Operating systems vary in the level of
support provided for applications in this category. See Chapter 12 for a complete discussion of
CTI software configurations.)



2.1.7 CT System Integrators
CT system integrators are a specia breed of developer; they assemble CT systems on behalf of
thelir clients. This involves assembling and integrating the necessary components from each

layer in the value chain, and providing whatever configuration and customization of
application software is necessary.
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Like telephony software developers, CT system integrators credit their existence to the
maturation of CT technology. They rely on the modularity of CT product implementations
(see Figure 2-3) to be able to apply their talent and expertise to the needs of many clients cost-
effectively, while customizing each CT system to specific individual requirements.



2.1.8 CT System Customers

Regardless of an organization's size (from a home businessto a global enterprise), or its
objectives (for-profit or not-for-profit), a CT system brings a multitude of very significant and
measurabl e benefits. These include (but certainly are not limited to):

 Saving money

» Making more money

* Increasing customer service and customer satisfaction
* Increasing internal efficiency

* Projecting a more professiona image

* Increasing employee morale

Customers acquire a CT solution either by having a CT system integrator do the work, or by
assembling and integrating the CT components themselves. Even after a CT system integrator
has completed an installation, the customer will be able to continue to build on and extend the
CT system as needs change.

Theflexibility offered by a CT-based approach to telephone system design is one of the things
that makes it very attractive to customers. Modular CT technology allows new components,
new software, new services, etc., to be added to a solution without having to replace the entire
system. Another key benefit of a CT solution is the opportunity it affords to make changes
very quickly in reaction to fast-changing business needs and requirements.

The scenarios in the remainder of this chapter further illustrate the range of benefits that
customers can realize by applying CT technol ogy.
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2.1.9 CT System Users

Individuals who use CT technology are among the biggest beneficiaries because of the
potential for customization at the individual level. Beyond specific solutions to optimize work
flow from an organizational perspective, modular CT technology allows an individual user to
further customize their personal working environment. By obtaining complementary pieces of
software needed to support a particular work style and activities, and customizing the interface
and operation, an individual can shape the CT solution to his or her needs and preferences.

This ability to address simultaneously the needs of the organization and the individual user
through CT technology is an exciting and invaluable dimension to these solutions. The
scenarios later in this chapter illustrate this dual benefit.



2.1.10 Callers (Customers, Colleagues, and Friends)

A fact often overlooked isthat a CT system serves not only its owner, but also—just as
importantly—those who interact with the owner through the telephone. Whether the CT
system in question isin ahome, small business, or enterprise, callers will benefit from the
greater responsiveness, efficiency, and professionalism made possible through a CT solution.

For example, when CT technology isin place at a particular business, customers are much less
likely to be asked to repeat their request to three different people or spend hourstrying to track
down a particular piece of information. Individuals empowered by the enhanced functionality
of a CT solution will present to their callers a better, more professional interaction. Callers
also can benefit significantly from CT solutions such as automated attendants, interactive
response software, and telephony agents that help them get what they need in the absence of a
person with whom to speak.

2.2 CT Solutions

This chapter introduces typical CT solutions for awide variety of environments. The scenarios
presented, and the CT technology used, illustrate how certain CT features, functions, and
services may be applied. These examples will stimulate ideas for how you can apply CT
technology in your own environment.

These scenarios will also provide context as you read this book and become familiar with CT
technology and the underlying telephony functionality it exploits.

The CT solution scenarios in this chapter are:
1. Screen-Based Telephony

2. Mobile CTI

3. Power Dialing

4. Persona Telephone System



5. Personal Telephone Agent

6. Interactive Voice Response (IVR)
7. Help Desk

8. Call Center

9. Internet Telephone System

10. Ecommerce Business

Each scenario is presented in terms of the challenges faced by a hypothetical individual or
organization before applying CT technology (if applicable), and how the implementation of a
CT solution has transformed day-to-day activities. In Chapter 13, armed with knowledge of
the technologies and functionality provided by each layer of the CT value chain, you will see
the actual implementation of the CT system for each scenario.

2.3 Screen-Based Telephony

Andrew, an account executive for alarge public relations agency, realized that he and his
assistant were not getting the full benefit of their company's telephone system. Despite the
personal computers and advanced digital phones on every desk, they were still doing business
the same old way. Andrew was an intensive telephone user and spent most of the day talking
to editors and his clients. The fact that the telephone system wasn't easy to use was getting in
the way. The final straw came when he overheard his assistant saying, "I'll try to transfer you
now, but in case this doesn't work, please call back and ask for extension 40220." Everything
changed when he put a CT solution to work.

Andrew connected both his phone and his assistant's phone to their personal computers and
installed screen-based telephone application software. This alone was adramatic
improvement. He then could start taking advantage of certain advanced features of the
telephone system that had previously been to difficult to actually use. Transferring and



conferencing calls became a snap and always worked; callers were never cut off or left waiting
to be connected. In addition, built-in telephone system features of which he'd been unaware,
such as call parking, became useful toolsin his day-to-day work.

Every voice mail isnow easier to access. His screen-based tel ephone software alerts him when
there are messages waiting; all he has to do to retrieve them is click on the application's voice
mail button. The application dials the voice mail system and logs in automatically. By clicking
on buttons on his computer screen, he can listen to each of his messages, save and delete
messages, rewind and fast-forward individual messages, and even change his
greeting—something he had never figured out how to do by himself.

Another benefit Andrew noticed was reduced training time for new employees. When his
assistant went on vacation, her replacement was able to use the software after running through
aquick tutorial on her first morning.

However, in many ways the real productivity gains have come from hooking the company
directory database and his personal contact manager application (an off-the-shelf software
product) to the screen-based telephone software. The result greatly streamlines the placing of
cals.

To place calls before installing the CT solution, he had to look up the number of the person he
was calling using his contact manager, and then manually enter the phone number on his
phone. Looking up the telephone number was the easy part: he had a function key macro to
bring up his contact manager software, and he could find entries just by typing the first few
letters of the last name. The annoying part of the process was having to dia the number itself.
Depending on what area code he was calling, he had to dial 9 or 8 before the number. (He
could never remember the rules, so he had a cheat sheet beside the phone.) If his contact was
out of the office, he would hang up and repeat the process using the person's cellular phone
number, home number, or ultimately the pager number or the person's assistant.



After setting up his CT solution, all Andrew has to do now to place atelephone call after
looking up the person's name is click on the appropriate tel ephone icon beside the name or
press the Enter key on his keyboard. The screen-based telephone software does the rest. It
even puts his telephone set into speaker-phone mode so that he doesn't even have to move his
hands away from the keyboard. With his new software in place, Andrew can call any contact
using an average of five keystrokes. From the time he decides to call someone to the time he
hears the phone ringing is less than five seconds, and his hands don't even have to leave the
keyboard (or mouse).

In fact, Andrew can dial any number on his computer with just a single gesture of the mouse.
Any telephone number that appearsin a piece of electronic mail, aword processing document,
a spreadsheet, or an Internet page can be dialed just by selecting it and dragging it to the
screen-based telephone application. The application figures out the type of number (internal,
local, or long-distance) and dials the number appropriately. Andrew is now looking forward to
installing similar software on his personal digital assistant so he can perform many of the same
functions when he is away from his desk.

In summary, Andrew's CT solution has allowed him to be much more effectivein hisjob. His
clients and press contacts are treated with a high level of responsiveness and sense of
professionalism, and from Andrew's perspective the system is more efficient and reliable. He
now is making far better use of the agency's substantial original investment in a telephone
system and personal computers, despite the small incremental cost of the solution and the
short time it took to get it working. Perhaps most importantly, work is alot more fun for
Andrew and his assistant.

2.4 MobhileCTI

Betty is a sales representative for a sportswear company that specializes in short-run custom
manufacturing. She spends all of her time traveling and meeting with prospective customers.
Her office literally is her notebook computer and the nearest phone. She does all



of her work from hotel rooms, airport lounges, and taxicabs. When she's lucky enough to be at
home, she works from her spare bedroom. Her telephone system changes with her location and
include pay phones when she's on the run, a cellular phone when she'sin motion on the
ground, the phone at her airplane seat when she'sin the air, and whatever isinstalled in a
given hotel room at night.

While Betty enjoyed the pace of her job, loved the travel, and relished the challenge of
working with new people every day, this array of different telephones and ways of dialing
numbers was the one sore point. In fact, she often delayed returning phone calls for this
reason, despite the importance of the telephone to her job. The sales process involved meeting
with prospective clients, leaving samples, working out the purchase details over the telephone,
faxing or e-mailing a proposal, and getting a confirmation of the sale. When her prospects
wanted to reach her with questions, requests for additional information, or were ready to place
an order, they left her electronic mail or paged her. She would call back from wherever she
was, answer their questions, take down their requirements, and then follow up with
information or a proposal using the customer's preference of fax or e-mail.

Every time she placed a call, sent afax, or connected to her electronic mail service she had to
enter up to 36 digits. For example, to return acall to a customer in San Jose from her hotel in
Boston she had to dial the following:

 9to get an outside line

» 1-800-MYT-ELCO to call her long-distance telephone company
* 408-555-1234 to call her customer's number

* 666-777-8888-9999 to enter her billing number

If she made a mistake at any point in the sequence, she had to start over. Though she was very
good at punching in al of these numbers, the minute or so that it took still distracted her from
thinking about what she wanted to say to her customer.



If this weren't bad enough, the numbersto dial also differed depending on where she was and
what kind of phone system she was using. This meant that she always had to think about (or
actually look up) the right way to dial acall from her current location. For example, in
Toronto she had to remember that to call Hamilton (area code 905) to the west was a long-
distance call, but dialing east to Pickering (also area code 905) was alocal call.

Needless to say, Betty was very excited when her company had a system integrator develop a
sales-force automation solution that included a CTl component. The new system dramatically
simplified every aspect of using communications technology in her job, and let her realy
focus on the time she spent with her customers.

With the new system, atypical sequence of events when Betty arrivesin her hotel room might
be asfollows:

» She attaches the modem in her notebook computer to the hotel phone line and tells the
software what city sheisin and what hotel sheiscalling from (if it is one where she has stayed
before). If it isanew hotel, she enters the information for placing local and long distance calls
and savesit for the next time.

* Sheinstructs her computer to retrieve her outstanding electronic mail while she unpacks. The
dialing software knows that her Internet service provider has alocal number, so it dials that
one rather than placing along-distance call.

* If anew piece of electronic mail from a customer requests a phone call, she smply drags the
phone number from the electronic mail to the screen-based telephone application sheis using.
Placing the call isfast, effortless, and error-free regardliess of where sheis. She lets her
computer dial the number and then lifts the handset to wait for the customer to answer.

» Whenever she calls a customer, a special sales-force automation application developed by
the system integrator pops up on the screen. It is aware of who sheis calling because it
monitors use of the screen-based tel ephone application and provides context-



based assistance. Before the call is even completed, this software has retrieved all of the
information about the customer she is calling, based on the phone number called.

* If during the course of her telephone conversation a customer asks for information about a
particular product (such asthe price), Betty just presses the "product info" button in the sales-
force automation application window and enters the product code. Because the application
already knows which customer is on the phone, it can produce the correct pricing information
for that particular customer. If the customer wants a hard copy of the information, she selects
the "send fax" option; her computer generates an appropriate cover letter to go with the
product information and places the resulting fax in queue, from which it will be sent as soon as
the phone lineis free. The system knows the fax number already because it isin the customer
database.

» When a customer wants to place an order, Betty presses the "place order” button. An
electronic form is presented with most of the fields already completed, based on the customer
context. She completes the rest of the form according to the customer's request. The form then
Is automatically sent to the customer by electronic mail or fax for confirmation.

» When the customer wants to schedule a meeting, Betty presses the "set up meeting” button
and is presented with her calendar. Aswith the other automated functions, once she agrees on
ameeting time, a confirmation letter is automatically generated and sent viafax or e-mail.

The software works in any place she can connect her notebook computer to the phone line.
Thisincludes her hotel rooms, the frequent traveler lounges at the airport, her cellular phone,
and the phone in the airplane. Betty has already customized the solution to use a commercialy
available screen-based telephone application that has a smaller window. (The one provided by
the system integrator supported many features for use with the company's office system, but
because she never visits the office, these features were never



active.) Betty is now looking forward to being able to use the infrared port on her notebook
computer to control pay phones, and to use simultaneous voice and data (SVD) technology to
be even more responsive to her customers.

In summary, Betty's new CTI solution transformed her job. It took the technological drudgery
and communications nightmare out of her job and actually put her notebook computer to
useful work. Dialing not only is fast and easy, but calls are always placed correctly the first
time and always through the least expensive carrier. Overall, Betty enjoys every aspect of her
job and her customers see much greater professionalism, consistency, and responsiveness.

2.5 Power Dialing

Chuck works in Accounts Receivable for adivision of a Fortune 500 company. Until recently,
his week had a very specific, predictable schedule. Four days a week he processed payments
and updated customer accounting information in the company's AR software database. Every
Thursday evening he would run the past-due accounts report, and on Friday he would spend
the day pursuing customers whose accounts were past due. Tracking down outstanding
payments was easy once a customer was on the phone: it was usually just aclerical error or
oversight that needed to be addressed. Reaching the customer was what took most of the time,
and leaving voice mail never got results. The routine went as follows:

» Starting at the top of the report, ook up the number for the customer and didl it.

* If the number is busy or if it goesto voice mail, hang up and remember to try this customer a
little later.

* If the call goes through to a live customer, pull up the appropriate customer information on
the computer terminal and resolve the issue.

* Repeat for the next customer in the report.



» When the bottom of the report is reached, start at the top and try all of the people who
weren't reached on the preceding pass.

Fridays were very long and tedious days for Chuck, and he didn't look forward to them. Al
this changed, however, when afriend of hisin the IS department connected the accounting
computer to anew CT server and wrote a simple program (based on the logic above) that
automated the whole process.

Using the new solution, the computer does all of the dialing for Chuck automatically. In fact,
it uses a telephony capability known as predictive dialing, which allows the telephone system
to place the call automatically on Chuck's behalf and to hang up automatically if it detectsa
voice mail system or abusy line. Chuck isonly involved in the calls that successfully reach a
person. When a customer is reached, the appropriate customer record is presented on Chuck's
terminal and Chuck's speaker phoneis activated.

The new CT solution makes the process of collecting overdue accounts simple for Chuck. In
fact, because the new software does virtually all of the work, it frees Chuck to work on his
other AR responsibilities between calls. This means that collections activity can run all week
long. (Extralogic was added to make sure that customers were not called more than once per
week.) Chuck activates the dialing software while he is doing other work and deals with
customers as the system successfully finds them.

Chuck is now looking forward to the new accounting system, which is being developed to run
on a network of personal computers. With this system his dialing software will become even
more powerful.

In summary, this simple CT solution has both improved Chuck's job and speeded the
collections process, saving the company money. It was relatively smple for someoneinthe IS
department to implement, and it took little time for Chuck to learn how to useit.



2.6 Personal Telephone System

The Morgans are atypical family with a not-so-typical phone system and home
computer—but it wasn't always that way. The Morgan home computer is their all-in-one
communications appliance. The kids use the family computer for their school work and they
particularly enjoy surfing the Web. Dad uses it to manage the household finances and to
connect to his company's network for his electronic mail. During the day, though, it's down to
business. Debbie Morgan has a home business and everything revolves around the computer.

It wasn't long before she discovered that Debbie couldn't take telephony for granted. The
telephone quickly became central to her business. She started out using her home telephone
line, but it became awkward to keep track of which calls on the monthly bill were business
calls and which were not. Privacy became an issue when business calls came during the
evening. She would take the callsin her office, but occasionally the kids would pick up the
phone in the kitchen and disrupt her call. Furthermore, with only asingle line, she was missing
calls from important clients when she was using the telephone line for sending faxes.

That's when Debbie invested alittle effort in setting up a CT solution. In assessing her needs,
she concluded that while the home definitely needed a second phone line so she could use one
for faxes and another for voice calls, the cost of athird line could not be justified because
there was virtually never atime when all three lines would be busy. She opted for a personal
PBX (apersonal telephone system the size of a computer hard drive) and a second phone line.
She rewired the existing phones in the house so that both telephone lines came directly from
the telephone company into the personal telephone system. She then connected her fax
modem, her office telephone, and the lines leading back to the kitchen and bedroom extension
phones into the new telephone system. With this system she got the benefits of powerful CT
features, along with the ability to share two lines among all of the users in the household.



Debbie's customers are located all over the country, but with her screen-based telephone
application, they're al just amouse click away. When Debbie wants to follow up with aclient,
shejust retrieves the right page in her client database and clicks on adia button. Much more
exciting than automatic dialing, however, is the support her new system has for presenting
information about a caller when the phone rings—even before she answers. When a client
calls, the appropriate page of her client database is displayed and she can decide whether she
wants to talk to the person or have her computer take a message. If she answersthe call, all the
information she needs is already on the screen. In fact, the computer actually acts as a speaker
phone, so her hands stay free during a call and she doesn't have to invest in another, separate
piece of equipment.

The time and duration of every call istracked, so it's a snap to sort out which calls are personal
and which are business. Client billing is automatic because, with alittle bit of scripting, Debbie
was able to tie the call-logging application into her time and billing software!

The Morgan computer even acts as the househol d's full-time answering machine and fax
machine. It sorts out which calls are faxes and which are voice calls and presents both in an on-
screen "mailbox." Callers on Debbie's business line are presented with an appropriate greeting;
callers on the home line can choose the family member for whom they wish to leave a
message. Faxes sent to either line are detected automatically, so that no telephones ring and the
fax goes directly to the computer.

To summarize, Debbie Morgan's home business in many ways is made possible by the
combination of her personal computer and her personal telephone system. The combination
delivers an easy-to-use set of capabilities that are seamlessly integrated, allowing Debbie to
focus on working with her clients. Debbie saved alot of money by using thistype of CT
solution rather than buying extra phone lines, a dedicated fax machine, a speaker phone, and
separate answering machines. The system also saves Debbie a great deal of time in many areas.
Sheis aways working to atight deadline, so knowing who is calling before answering the
phone avoids having to spend valuable



time with a nonpaying client. In addition, the logging feature means saving the time that
otherwise would be spent sorting through phone bills, and ensuring that every call is billed
back to an appropriate client if possible.

2.7 Personal Telephone Agent

Edmund isavery busy person. He is a freelance photographer who is always on the move.
While heisat work histimeis split between his office, his studio, and his darkroom. The rest
of histimeis spent traveling to outdoor locations. Edmund doesn't have a secretary or other
administrative support; his personal computer does everything from tracking his schedule to
automating his accounting and billing.

The one thing his personal computer wasn't doing for him was handling phone calls. If he
wasn't in his office (which was the mgjority of the time), an answering machine answered the
calls. From time to time he would check his messages either by returning to his office or
calling into the answering machine from his cellular phone. After afew occasions when he
missed out on some business because he didn't get back to an important client quickly enough,
he decided to invest in a CT solution.

Edmund spent some of his spare time setting up a personal agent. Once his system was fully
customized, it was able to autonomously handle all of his cals. If heis away from the office or
doesn't want to be disturbed, the personal agent answers all calls automatically. The persona
agent interacts with each caller to find out who they are and the reason for their call. If acall is
indicated as being urgent, the personal agent asks the caller to wait while it searches for
Edmund. The software then tracks down Edmund as follows:

» An intercom system connects the office to the studio and darkroom. The personal agent first
tries to find Edmund by announcing the caller's name and the subject of the call on the
intercom speakers.



e If Edmund doesn't respond, it then tries calling him on his cellular phone, and then at his
home number.

o If all of these attemptsfail, it takes a message from the caller and sends an urgent pager
message to Edmund, indicating the nature of the message that has been taken.

Not only does Edmund have the ability to call into his personal agent to take urgent calls that
his agent has tracked him down for, he also can call in to retrieve important information from
his personal computer. For example, if he forgets the time and location of his next meeting, his
personal agent can read this information to him over the phone, and if he forgets an important
document, his personal agent can fax it to him.

In summary, Edmund's personal telephone agent is an example of avery powerful CT solution
that allows anyone to turn hisor her personal computer into a full-fledged assistant. In
Edmund's case, it gave his photography business a significant edge over his competitors. His
business now projects a more professional image, and he is accessible 24 hours a day without
having to change hislifestyle or the way he runs his business. This CT solution aso saved
Edmund money. Instead of hiring a receptionist or answering service, he put his computer to
work. An extra benefit is that he now has 24-hour remote access to his computer from any
telephone, anywhere, at any time.

2.8 Interactive Voice Response (IVR)

Francesisthe vice-principal of aprimary school. At the last PTA meeting, a number of
parents presented an interesting idea. They wanted to be able to call the school to find out
about each evening's homework, specia events, snow closures, etc. There were only two
problems with this request. The first was that the school secretary already was very busy. The
second was that the secretary didn't work past 5:00 pm and the parents needed to be able to call
in the evenings.



Frances decided to put the school's administrative personal computer to work at nights. With
the help of one of the school's computer whiz kids, she set up the computer to answer the
school's phone number at night. At some point each day, each teacher drops by Frances's office
and records a message for the parents of the kidsin his or her class. These messages include
descriptions of the evening's homework and hints the parents can use to help their kids.
Frances records any special announcements and then leaves the computer running when she
goes home for the day. Parents can call the school at any time, the computer answers, and they
can punch in their child's grade on their touchtone phone and hear the appropriate prerecorded
announcement from the child's teacher. They can also listen to prerecorded school-wide
bulletins, specia notices, award announcements, etc. In the event of an emergency, such asa
snow closure, Frances is able to dial into the system and |leave a special message for parents.

The new system is such a success that Frances already is planning expansion. She wants to add
two more telephone lines and make the information accessible over the Internet for those
families who have Internet access from home.

This scenario demonstrates that CT is not just for business, but for any organization that wants
to take full advantage of technology to provide a better service to their community.

2.9 Help Desk

Gunther works for the information systems group at a university. The information systems
group isresponsible for all of the computers and networks in the university and its dormitories.
Gunther is amember of the help desk team that provides technical assistance when people
have problems. Because everyone in the university community uses a computer and these tools
are so essential to their academic pursuits, a priority has been placed on making sure that all
members of the academic community have all the necessary support to keep their systems
running. The university also is extensively networked. Every



office, lab, and dorm room has an Ethernet connection to the university's computer network
and a telephone connected to the university's telephone network.

The help desk is atelephone number that is answered 24 hours aday by ateam of highly
trained computer technicians, like Gunther, who can help users troubleshoot their problems.

When the help desk was first established, it was amost immediately overwhelmed with calls.
Gunther and the other help desk team members identified the following problems:

* Despite the fact that each technician had a different area of specialization, calls would be
delivered to the different technicians at random. Often it was not until a minute or more into
the call that the technician could determine that the problem might be better handled by
someone else. At that point the call could be transferred (and the background information
repeated), or the technician could take a stab at the caller's problem.

» After atechnician had explained how to afix a problem, callers preferred to stay on the line
while they implemented the solution; they didn't want to risk having to explain the problem
(and the fix that was recommended) to a different person if the fix didn't work. The result was
that calls that should have taken only two or five minutes actually were tying up atechnician
and a phone line for as much as half an hour.

» Another reason callers wanted to keep their technician on the line was that waiting times
were so long that they didn't want to have to call back again if their problem wasn't solved.

The team decided to let Gunther implement a CT solution to eliminate these problems. Here's
what he did:

 Gunther began by building a ssmple database, using an off-the-shelf database product, that
would track all the information relevant to every problem report. Every technician's computer
has access to this multi-user database, and the appropriate record is



presented whenever one of them takes anew call. All the information is available to them even
iIf they didn't handle the call that generated the record.

» Gunther set up avoice processing system that greeted each caller to the help desk and asked
basic questions about the problem. It could associate the call with an existing request from the
caller, or could create a new record in the database.

 Gunther set up call-routing software that used the information about each call in the database
to queue and then deliver it to the technician who last handled the call (in the case of arepeat
call), or to the technician with the correct expertise based on the nature of the problem (if it'sa
new call or the original technician is not on duty).

» Gunther also set up asimple Web sitez2 on the university'sintranet. The site provides both
answers to the most frequently asked questions (to eliminate the need to even talk to a
technician if possible), and also an escalation mechanism if the needed advice cannot be found.
The escalation mechanism is an alternative to the voice processing system for inserting a
request into the call queue. If a particular computer user's problem is such that the web site can
still be accessed, he or she can create a new problem report or indicate an existing one, and
request a call to his or her location. When the user's turn comes up, the system automatically
calls and connects the call to atechnician. In thisway, calls are queued on a first-come, first-
served basis, but they don't have to tie up phone lines. Web site users also can monitor their
position in the queue so they know roughly how long they'll have to wait.

2-2\Web site— A Web siteis a collection of Web pages on an Internet World Wide Web server, or
on an equivalent intranet server. A Web pageisan HTML document accessible to Web browser
applications. These applications transate the document and present it on the computer screen in the
form of a hypertext display. In this scenario, the HTML document viewed by each client is created
dynamically and is specific to a particular request.



In the future, Gunther would like to add support for screen sharing so that a technician can use
the network connection to look at a user's screen, speeding the diagnosis and the fix.

By implementing this system, Gunther was able to make the help desk a much more effective
resource in the university community. It saved the university from having to hire many more
technicians and provided much more efficient service to callers.

2.10 Call Center

In the case of Henrietta's virtual travel agency, thereisno life before CT. Her businessis one
that is possible only because of CT technology.

Henrietta manages a small travel agency with six agents. Competing with the big chainsis
tough, but Henrietta has CT technology on her side. CT gives her agency the capabilities of a
big business with the personal touch of a small business, and the overhead of cyberbusiness.

Henrietta's CT solution delivers unprecedented customer satisfaction, streamlines work, and
creates a more pleasant work environment for her employees because they all work from their
own homes as a distributed call center. The hub of her businessis a server and networking
equipment in her basement.

Her server hosts an auto-attendant and a customer database, which her agents use to track
clients and activity. Each of her travel agents has a computer with a dial-up connection to her
server and atelephone for business use. The different agents work at different times of the
day, depending upon when demand is highest. When customers call (either to the local number
or Henrietta's 800 number), their calls are automatically forwarded to the agent with whom
they last spoke (if he or sheisworking). All the information about a given customer is
presented on the computer screen before the agent even picks up the phone. If the appropriate
agent is unavailable, the caller



can be redirected to another agent or can leave a message. The agents al have pagers, so if
they are not working when a call comesin they are notified as to how the call was handled.

Callsthat comein overnight (typically emergency calls from stranded customers) are handled
by a designated on-call agent. These events are rare, so the agent doesn't have to sit by the
phone; he or she merely stays home that night. When such a call arrives, the server will send
the call first to the designated agent and, if this does not produce aresponse, amessage is
taken and the agent is paged repeatedly until he or she does respond. The emergency serviceis
rarely used, but it isasignificant differentiator for Henrietta and allows her to handle
corporate clients who would otherwise go to big chains that can afford to staff acall center 24
hours a day.

Another benefit of the CT system isthat it saves money by streamlining outbound calls.
Agentsjust click on the phone numbers for clients, hotels, airlines, etc., and the call is placed
instantly. Misdialed numbers are a thing of the past, and calls are always dialed the most cost-
effective way available. When Henrietta's agents reach an airline or other travel service
provider that has its own multi-step voice processing system (phone maze), their screen-based
telephone software is preprogrammed to navigate to the desired service with the click of a
mouse.

In the future Henrietta will be growing her business by adding aWeb site to her server. By
using an Internet Telephony Gateway she'll be able to reach a new market, cyber-customers,
and save charges to her 800 number by feeding calls from the Internet into her network.

Henrietta's business is indistinguishable from the advanced distributed call center she has
built. CT technology makes her employees very happy because they can work at home;
Improves on customer service and satisfaction because of the personalized treatment they get;
and also significantly reduces the overhead of the business while it keeps variable costs to an
absolute minimum. Callers are automatically directed to the agent who can help them the most
effectively, so calls are shorter and agents can handle more customers.



2.11 | P Telephone System

The telephone system used by lan's small business, like Henrietta's call center, was only made
possible by the latest advances in computer telephony technol ogy.

lan is the founder of asmall Silicon Valley start-up company. While the company is only six
months old, it has grown from a single employee to twenty-five and has moved from lan's
garage to temporary office space lan was able to secure from a company that had outgrown its
facilities. lan projects that the company will double in size every six to twelve months and that
he will need facilities for over five hundred employees within three years. This means that the
company will continue to move and acquire new office space on aregular basis. lan expectsto
begin splitting his workforce among multiple offices and even home offices as the company
grows.

While finding office space is a challenge, an even bigger problem is picking the right
telephone system. Ian needs the advanced features of amodern PBX and knows that at a
minimum he'll need to deploy CTI software to support the company's customer service and
technical support personnel. He needs a telephone system that grows as fast as the company
and can span all of the different office facilities that the company will be using.

lan's solution was to opt for an | P-based tel ephone system that is hosted by the same network
service provider that provides Internet services to the company and will be providing the
network connectivity between offices in the future. By delivering all telephony services
through the company's Internet connection, the system can scale and adapt to whatever size
and distribution of company resources emerges in the future. The telephone system can be
accessed over the Internet so employees can access it from their home offices and even from
hotel rooms and client sites.



The core of the telephone system is software running on a server that is managed by the
service provider but delivers all of the functionality traditionally associated with a customer
owned PBX. lan's staff can configure it from any location with Internet access and the
company can add or remove users instantly. Most importantly for lan, this telephone system
solution provides complete flexibility to grow, move, and change at will while only paying for
the functionality and number of usersrequired at any given time. lan doesn't have to make a
capital investment in a PBX that would either be too big or be outgrown in a short time. The
service provider operates the service and provides all of the power protection, backup systems,
and security necessary to guarantee robust and reliable operation.

A key feature of the system isthat it consists primarily of software running on mainstream
operating systems and exposing mainstream CTI capabilities. This makesit easy for lan to
integrate off-the-shelf software that manages call flows, matches callers to technical support
agents based on customer history, and supports software-based dialing applications on every
workstation in the company.

2.12 Ecommerce Business

Jane is the webmistress for a popular online shopping web site specializing in cooking
equipment and gourmet food. Like many "dotcom” companies, the founders began with the
idea that they could easily compete with brick-and-mortar stores because al they needed was a
web server and an Internet connection. The theory was that they could operate with very low
overhead because they could reach aworld-wide audience with a single electronic presence on
the Internet. They hired Jane to build and manage the computer systems that would track
inventory, manage credit card billing, and present the ecommerce store on the world wide

web. They hired an operations team to take care of warehousing inventory and for picking,
boxing, and shipping each order.



Jane's web and information system team did a superb job in building the back-office systems.
They purchased an SQL database server upon which they built a complete suite of inventory,
billing, customer account, and order tracking systems. They purchased web servers and

devel oped web applications that provide a compelling shopping experience for web site
visitors and deliver ordersto the back-end systems. They also set up an e-mail server to handle
customer inquiries and to distribute order confirmations.

Unfortunately, Jane's company, along with many otherslike it, began having difficulties when
the busy Christmas season began. They spent millions of dollars advertising their web site
URL to attract Christmas shoppers, and the web shoppers came. Their web servers were able
to handle all of the traffic without any difficulty or delays. However, Jane began noticing that
avery large number of their shoppers were abandoning their online shopping carts before
actually making a purchase. Despite this, the demand for products was strong and the
operations team was hard-pressed to ship every order within 24 hours so some orders suffered
an extraday's delay. Then the phones started ringing. The web site listed the company's main
telephone number in the section that dealt with background on the company. Customers,
wondering about the status of their orders, found this number and dialed it. The result was an
avalanche of calls that the company's receptionist was ill-equipped to handle. She transferred
the callsto available staff members as fast as she could. Unfortunately, the staff members
could only take down information on the order in question and promise areturn phone call as
they had no way of checking on the customer's order.

Meanwhile the company's e-mail server was aso being inundated with e-mails from
customers inquiring not only about the status of their orders, but also requesting clarification
on the description of various products and with questions on applicable taxes, shipping rates,
and methods of payment. Evidently the reason for the large number of abandoned shopping
carts was the fact that customers had



no way to pose their questions to a person with access to additional information. As the call
volume grew, more e-mails began arriving complaining about the busy signal at the company's
headquarters.

Jane's company survived the Christmas season, but learned a difficult lesson. While the world
wide web offers a new way for customers to interact with a company, it does not eliminate the
need for the personal contact that the telephone is able to provide.

The company responded by shifting their focus from being a web-centric business driven by
web-based transaction data to a customer-centric business driven by customer datain a
customer relationship management (CRM) system.

A customer contact department was staffed and Jane was responsible for re-architecting the
company's systems to facilitate handling customer inquiries through mail, web browser, and
telephone. Customers opting to call the company can choose between an automated interactive
voice response system and talking with alive customer contact staff member. Customers that
have questions during their online shopping experience can request help from alive staff
member through a web-based chat or a telephone call.

By taking advantage of I P telephony technology and other web-centric development strategies,
Jane's new customer-centric system allows for easy migration to future customer support
technologies such as video and will alow customer contact staff to work from home offices.



2.13 Conclusions

In this chapter we have seen the tremendous opportunities and benefits that exist for those who
invest in CT technology. This applies both to customers and to those in the CT value chain
who provide the individual components that make up working CT systems.

This chapter has demonstrated the importance of interoperability and modularity in the design
of CT components. The people described in each scenario were able to build and use their CT
solutions because they were able to go to different sources for the pieces that make up the final
solution. No single vendor could have provided the complete solution. Each involved the
customer integrating multiple components and customizing the solution to meet specific
needs.

These scenarios have become possible as aresult of the maturation of CT technology and the
associated recognition of the CT value chain. Given how very compelling these scenarios are,
market forces (the economics of interoperability) will encourage vendorsto build CT Plug and
Play products so that solutions like the ones described can be realized with even greater ease.

The steps in building or customizing a complete CT solution from individual components, or
for building an individual component that isto be used as part of a CT solution, include the
following:

1. Familiarize yourself with all of the technology, functionality, and value that is added at each
layer.

2. Decide which layers you can or want to do yourself, and which ones you'd be better off
relying on someone else to provide.

3. Decide what functionality you need to provide in your CT component, or at each layer in
your CT system.

4. Armed with the resulting knowledge, proceed with the implementation of your system or
component.



Regardless of where you fit into the value chain, it's a good idea to be aware of what takes
place above and below. Then, and only then, can you be sure that you are taking full
advantage of the opportunity that CT represents to you or your organization. This book
provides a thorough insight into the technologies and considerations associated with each
layer. As shown in Table 2-1, we will be working our way through the value chain from the
bottom up. (This book is designed, however, so that you can go directly to the chapter
corresponding to the layer you are most interested in if you wish. References will guide you
back to key concepts you might have skipped.)

Table 2-1. CT value chain
L ayer

Telephone Network
Providers

Telephone Equipment
Vendors

Computer Hardware
Vendors

Operating System Vendors

Telephony Software
Vendors

Mainstream Application
Vendors

CT System Integrators

CT System Customer
Individuals
Cdlers

Role

Provide tel ephone network access and
services

Provide equipment for connecting to
telephone network

Implement CTI interfaces
Implement media services interfaces

Implement new switching fabric
technologies

Implement administrative services
Provide hardware platforms for CT software

Provide software platform for CT software
Provide indispensable CT-specific software

Provide mainstream/mission-critical
application software

Assemble and integrate components for CT
solutions

Build and/or customize CT solutions
Use and customize CT solutions
Benefit from CT solutions

See Chapter
3,4,5,8,10

3,4,5,10

11

12
12

12

10, 11, 12, 13

13
13



Chapter 3
Telephony Concepts

More than a century of innovation and creative product development have created an
extraordinarily diverse range of telephony products and technologies. This diversity, like the
diversity seen in computer technology, has benefited customers with awide array of
technology choices. But unlike the computer industry, which always has been reined-in by the
need for highly functional interoperability and standardization of component interfaces, the
telephony industry traditionally has not had to address the need for integrating with the
products of other vendors. (Their traditional worry has been interoperability among telephone
networks.) As aresult, vendors have developed their own unigue feature names, terminology,
and user frameworks.

Despite the tremendous diversity in how telephony equipment vendors actually implement the
products and interfaces that allow telephone calls to be placed, the basic concepts are, in fact,
universal.

The functional diversity, lack of consistency, rapid innovation, and competitiveness found in
the telephony industry have been both a blessing and curse for those challenged with making
CT technology ubiquitous.



In recent years various industry organizations such asthe ITU, ECMA, Versit, and ECTF have
undertaken to build a common framework with standardized terminology so that any
telephony product or feature can be described universally. This framework and related
interoperability specifications not only provide a consistent overall architecture for everyone
working with computer telephony technology, but also supports the rich diversity of features
and capabilities found in proprietary approaches. A fundamental aspect of these efforts has
been in developing a consistent body of nomenclature to replace the arbitrary and proprietary
terminology that obscures the many fundamental similarities between implementations. In this
way developers, users, and everyone else in the CT value chain can base their plans, designs,
and implementations on a common framework.

This book explains telephony technology using this vendor-independent framework. With
these concepts, you'll be able to interpret and compare the telephony features of any set of
products.

This chapter presents the universal telephony concepts by explaining the various types of
telephony resources that can be found in a telephone system and the entities they manipul ate.
These concepts can be applied to any telephony product by modeling the mechanical,
electronic, and software components?-1 that make up its implementation as a tel ephony
resource set. (Telephony products are discussed and modeled in Chapter 10.)

3-1 Human system components — To be complete, it should be noted that some tel ephone systems
(especially antique ones) include humans to implement one or more of the telephony resourcesin
addition to mechanical, electrical, and software components. Thisis referred to as "putting humans
in the system.” In most cases humans are considered users of the system and are therefore outside it.



3.1 Telephony Resour ce Framewor k

A telephone systemis a collection of interconnected or related telephony resources. Any subsystem,
or portion, of atelephone system isitself atelephone system and represents a particular telephony
resource set. A telephone system may be as simple as an individual telephone or as vast and
complex as the worldwide telephone network.

A complete set of telephony resources can be visualized as shown in Figure 3-1. Each block in this
diagram represents an abstraction of a distinct area of telephony functionality. Most telephone
systems have only a subset of the telephony resources shown.
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Figure 3-1
Telephony resource framework

3.1.1 Switching Resources

Switching resour ces represent the switching fabric in a given telephone system. Switching refersto
the ability to connect telephone calls and is therefore the most fundamental function within a
system. Within the switching resources are a finite number of channels that are used to



convey information from one place to another. The switching resource in a given telephony
resource set is the only required resource. In abasic telephoneit could be assimpleas a
mechanical switch that connects the phone to atelephone call. In modeling the worldwide
telephone network, this resource represents the ability to connect any two telephonesin the
world.

3.1.2 Call Processing

Call processing isthe "brain” of atelephony system. It manages all the information about how
the telephony resources should behave with respect to one another, it accepts commands from
the other resources, and it manipulates the resources in order to carry out these commands.

3.1.3 Devices

Devices are the resources in a tel ephone system between which the switching resourceis able
to provide connections. They are referred to as endpoints and, as we shall see, devices are
essential to the way that we model telephony functions. While there is no upper limit to the
number of devices a particular telephone system may have, afunctional system has no fewer
than two devices that may or may not be connected together by the switching resource at a
given instant.

There are eight basic types of devices:3-2
» Station devices (telephone sets)

* Network interface devices

* Pick group devices

* Hunt group devices

» Park devices

3-2 Device types — Aswith all aspects of the abstractions presented in this book, any
implementation may invent unique functionality and represent that functionality by extending this
model with new types of resources.



» ACD group devices
» ACD devices

» Media access devices

3.1.4 Dynamic Objects

Dynamic objects are abstractions that represent dynamic relationships between resourcesin a
telephone system. Along with devices, these objects are central to the conceptual model for
telephony. There are three types of dynamic objects:

» Cdls
» Connections
* Agents

Calls and connections are explained in detail in this chapter. Agents are explained in Chapter
4.

3.1.5 Interfaces

The last category of telephony resources are interfaces, which convey command and status
information to and from the tel ephone system. These interfaces include:

e CTl interface

The CTI interface alows computer technology to interface with call processing in order to
send commands and receive status information. Thisinterfaceis also referred to as an
open application interface or OAl by some vendors. (The nature and use of this resource
Isthe principal topic of Chapter 6.)

 Operations, Administration, and Maintenance (OA& M) Interface

The OA&M interface provides a configuration mechanism for instructing call processing
and the other resources how to behave when put into operation. It also may provide



diagnostic or status information and allow telephony resources to be taken in and out of
service. (Thisinterface will be covered in Chapter 9.)

 Accounting interface

The accounting interface provides a mechanism for tracking the usage of resourcesin
order to appropriately account or bill for their use. (Accounting interfaces are another
administrative function that will be covered in Chapter 9.)

* Media service interfaces

The media service interfaces provide external access to media data such as voice, video,
fax, or other media stream types using media resources and media access devices. (These
concepts are the principal topic of Chapter 7.)

3.2 Switching

Switching refers to the function that establishes and clears calls and manipulates the
connections associated with those calls. Switching is therefore the most fundamental and
essential activity that takes place in atelephone system. The telephony resources that
implement switching in a system are referred to as switching resources.

Switching resources manage calls by:
1. Collecting and conveying control information associated with acall, and

2. Conveying the media stream associated with a connection by allocating and deallocating
channels.

The operations that are performed by switching resources are referred to as switching
operations.



3.2.1 Telephone Calls

At the heart of atelephone system's functionality is the ability to make and manage telephone
calls, so our exploration of telephony concepts logically begins with the concept of calls.

In section 3.3 wel'll learn about devices and connections which round out the three most
important concepts in the world of telephony. Aswe shall see, no matter how complex the
telephone system, its basic operation can be described in terms of these three concepts.

Two Cansand a String

The simplest way of thinking about atelephone call isto visualize it as a pipe that delivers
streams of voice information. Perhaps the simplest of all telephone callsis the one that can be
established by two people using tin cans and a string (Figure 3-2).
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Figure 3-2
Tin can telephones

In the case of the tin can telephone system, calls are established when the string is pulled
taught between the cans. Once established, the sound of one person's voice is captured by one
tin can, conveyed across the string, and delivered to the ear of the person using the second tin
can.

Media Streams

A telephone call can be thought of as a pipe that delivers streams of voice information through
atelephone network, to and from a device such as a telephone (Figure 3-3).

These voice streams are referred to as media streams. In general, thismediainformation isa
stream of data that may be voice or some other type of arbitrary data.



Telephone
e | Metwork

)4-— Vioice

Figure 3-3
Voice on asimple telephone call

Control Information

Aswe saw in the case of the tin can telephones, there is more to telephone calls than just their
media streams. In addition to the media information associated with a telephone call, control
information must be associated with a call. Sometimes referred to as signaling, this
information is used by the telephone system to set up, manage, and clear the telephone call.
Thisisillustrated in Figure 3-4. In the case of the tin cans, this signaling was in the form of
stretching the string prior to speaking.
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Figure 3-4
Control information on atelephone call

Control information is just as important as the media stream itself. Without that associated
information the system wouldn't, for example, know how to connect the call.

3.2.2 Media Stream Channels

Media stream channels are paths of communication that can be established to convey a media
stream. There are afinite number of media stream channels in any implementation of
switching resources, and afinite number of media stream channels that can be associated with
connections for any given device. A media stream channel is able to carry asingle media
stream in each direction simultaneousdly.



When achanndl isin useit isreferred to as allocated, and when it isretired from useit is sad
to have been deallocated.

3.2.3 Switching Concepts

Switching involves the allocation and interconnection of media stream channels. To illustrate
the rationale behind switching, imagine that you wanted the ability to communicate with a
number of different people using the tin can telephone technology illustrated in section 3.2.1.
Y ou would need a separate telephone (or tin can) for every person you called because each
telephone would have to be connected directly to a corresponding telephone owned by each of
the other people.

Not only would such a system be quite impractical, it also would be very inefficient because
you can use only one telephone at atime. An example of thisis shown in Figure 3-5. A seven-
endpoint fully connected network (where every endpoint has a direct channel to every other)
contains 21 direct media stream channels, yet only three of these can be active a agiven time
(assuming that each endpoint can only use one channel at atime). All of the capacity
represented by the other dedicated media stream channels and tel ephones would go unused
most of the time.

In contrast, a switched network of the same size has only seven media stream channels, and all
of these can be utilized simultaneously (assuming the switching resource supports multi-point
calls). Thisiswhy the notion of switching was developed.

Switching allows alimited number of media stream channels, lines,3-3 or transmission
facilities to be used as efficiently as possible by sharing them. Thisisreferred to asline
consolidation. Telephone networks are systems of these transmission facilities, interconnected
with switching

3-3 Lines— The terms line and telephone line can be misleading because many types of telephone
lines are capable of supporting multiple channels. While the term line tends to imply a piece of wire,
it actually refersto any type of link. The concepts shown here apply equally to wireless networks
and fiber-optic networks. Chapter 8 explores different types of telephone lines.
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Figure 3-5
Networks

resources that ensure the calls always reach their destinations and a minimum number of
media stream channels are needed to connect any two points.

Thisis particularly important as the size of the network increases. Figure 3-6 shows the
interconnection of two small networks. Only two additional media stream channels are needed
to connect the two networks into alarger network, by directly connecting the switching
resources. This ability to scale istheoretically unbounded; for example, the endpoints shown
in the diagram could themselves actually represent different networks.

In the particular example shown, most calls established by the members of each small network
areinternal to their networks, and the need for more than two active calls between the
networks is extremely rare. This providesinsight into the limitation of switched networks. The
ability to establish calls between two points may be limited by the capacity of the transmission
facilities between two sets of switching resources somewhere in the network. In practice, the
allocation of transmission facilities based on usage statistics represents a very important
science in the business of operating a switched network. If the estimate for capacity
requirements isincorrect for a specific span



Figure 3-6
Joining two switched networks

between two adjacent nodes, the network may have underutilized capacity, may consume
more switching resources than needed to reroute calls around overloaded spans, or may simply
fail to complete callsif no paths exist.

3.2.4 Telephony Switching Fabric

The switching resources in a given telephone system include the following components:

» Transmission facilities for both media stream channels and signaling between al of the
physical componentsin a system,

» Mechanisms for allocating and deall ocating the media stream channels associated with each
transmission facility;

» Mechanisms for encoding and delivering signaling information using the appropriate
transmission facility;

» Facilities for interconnecting allocated media stream channels; and

* A switching control function that manages the switching resources.

Working together, these elements are known as a telephony switching fabric, or just switching
fabric. Switching fabric is the collection of networking and communication resources that
allow the telephone system to operate.



Telephony Swilching Network

Swilching Control Function
g x ' !
Media
Stream
Interconnaction
s, Breonnectio Signaling
i Media
Slream
L Channels
. "‘_MJ
e

Transmission Mebwork

Transmission Facilities

Figure 3-7
Telephony switching fabric

It isof great significance that the switching network established between the endpointsin a
given telephone system is distinct from the supporting transmission network which provides
the physical and logical connectivity between endpoints. So while the implementation of a
particular telephony switching network provides the ability to interconnect, or switch, media
stream channels, the transmission network being used to transport the signaling and media
stream data may or may not be based on data switching3-4 technology.

There is tremendous diversity in switching fabric implementations. Limitations of certain
switching fabric implementations determine the CTI, media services, and administration
features that can be made available in a given system. However, switching is otherwise
independent of these other CT technologies. Switching fabric implementations are the subject
of Chapter 8.

3-4 Switching — Unless stated otherwise, references to switching in this book are to telephony
switching networks and operations and not to the use of switching in local area and
telecommunications networks.



Telephony and Telecommunications

The terms telephony and telecommunications are frequently confused.
Traditionally these words have been used to differentiate between
voice telephone networks used for telephony, and other networks
(including those based on telephone networks) that are used to move
data between computer systems (telecommunications). Over time, the
transmission facilities of the telephone network have evolved into a
powerful digital communications infrastructure in which voice is but
one type of data. This has led to some confusion because one can
build a telephone network on top of atelecommunications network
that supports telephony and one can build a telephony-specific
network that supports telecommunications. Telephony has more
stringent requirements, however, and its functionality is generaly a
superset of telecommunications functionality; you can always layer
telecommunications on top of atelephony infrastructure, but you can't
always do thereverse.

3.2.5 Telephone Networks:. Inside the Cloud

In Figures 3-3, and 3-4, a cloud was used to represent the telephone network in which acall
existed. These clouds3-S represent all the telephony resources being used to establish acall.

Telephony Resourcesin a Telephone Networ k

A telephone network is made up of a"web" of interconnected sets of telephony resources. To
establish acall between two devices, one or more sets of telephony resources are used to patch
together a complete

3-5 Clouds — The cloud symbol has become the standard graphical representation of a switching
fabric or network. It is a convenient abstraction because one need not be concerned with how large
or small the network is, or what portion of the resources it represents are consumed in taking care of
agiven call. If the network is operational, al the endpoints on a call are appropriately connected.
Without this ability to work with a simple abstraction of the overall network, even the simplest
operations would be quite complicated to explain. It has been said that telephone companies "arein
the cloud business."


Administrator



end-to-end call across the network. Figure 3-8 shows a call that has been established across a
telephone network between the devices labeled D1 and D2. The network "cloud"” is used to
abstract the network; the call between the two devices then is easily abstracted.
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Figure 3-8
Call between D1 and D2

Figure 3-9 shows the same scenario, but instead of abstracting the network as a cloud, we see
the actual system of individual sets of telephony resources (represented as hexagons3-6) that
make up the network. The call between devices D1 and D2 is actually a series of calls. Each
participating set of telephony resources establishes a different segment of the overall path that
the call takes through the network. Each segment of the complete call is actually an individual
call made up of connections with two devices, just asin the overall abstraction involving the
entire network.

3.3 Fundamental Objects

In the telephony resource set model, the call processing and switching resources carry out the
work of the telephone system by acting on three fundamental types of objects: calls,
connections and devices. (A fourth type of object, agents, is related to a specialized type of
device, the ACD Group, and is covered in Chapter 4.) Aswe shall see, these objects are
fundamental because they reflect virtually everything that is of interest to the user of agiven
telephone system.

3-6 System boundaries — The shaded hexagon is used throughout this book to symbolize the
boundaries of a particular telephone system.
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Figure 3-9
The network of telephony resources inside the cloud

3.3.1 Calls

The abstraction of telephone calls (which are referred to as ssmply calls from here on) consists
of amedia stream and associated signaling information, as shown in Figure 3-10. Keep in
mind that thisis just an abstraction; in Chapter 8 we'll see how this abstraction relates to
different implementations.

Talephone
)-l—{lur-lrn::-l—l" Metwark

- Media b

Figure 3-10
Telephone call abstraction

Call refersto both amedia stream that is established between endpointsin a telephone
network and all associated control information.

In understanding telephone systems we are concerned with both the control information and
with managing the media streams.



3.3.2 Devices

Another important element in the abstraction of a call are the endpoints of the media stream.

An endpoint to which atelephone network is able to connect callsis adevice. In the preceding
Illustrations, a simple telephone is shown as the device at one end of acall. (Devices are the
subject of Chapter 4 where we will ook at specific types of devices and further explore the
device abstraction3-7.)

A functional telephone call involves two or more devices as endpoints to the media stream
associated with the telephone call. At certain pointsin the life of a call, however, such as when
the call is being originated or cleared, it may have only one device or no devices at all.

3.3.3 Connections

The relationship between a particular device and a particular call isreferred to as a connection.
If two devices areinvolved in acall, then in the abstract representation of that call there are
two connections, and each connection corresponds to one of the devices3-s.

Aswe shall seein Chapters 5 and 6, connections are the most used objects within this
abstraction because they allow efficient manipulation of both acall and a device
simultaneously.

3-7 Device configurations — Devices are further subdivided into elements that are arranged
according to a device configuration for the individual device. There are two types of device
elements, physical elements and logical elements. Unless otherwise stated, all references to devices
areto logical device elements. Logical device elements and device configurations are explained in
sections 4.4 and 4.5. Physical device elements are explained in section 4.1.

3-8 Call appearances — Devices have call appearances that correspond to connections. A device with
multiple call appearances can be associated with multiple calls smultaneously. Call appearances are
described in section 4.4.1.



Voice Connections

By default, references to connections represent media streams that are compatible with the
voice network. This means that they carry voice or modulated data (see the sidebar
"Modulated Data"). A voice call istherefore a call made up of voice connections. A rule of
thumb isthat if a piece of analog telephony equipment can be added as a device on the call,
the call is considered a voice call.3-9 A voice connection allocates, at most, a single media
stream channel.

Digital Data Connections

Some switching implementations are able to create connections that are associated with digital
data media streams. Digital data media streams support data traveling at much higher rates
than are possible with modulated data because they take advantage of the digital switching
capability in adigital data network. These digital data calls (calls made up of digital data
connections) are treated specially by the switching implementation, however, because they
cannot interoperate directly with voice calls (calls made up of voice connections) and only a
subset of switching functionality applies to them. A digital data connection may be associated
with any number of media stream channels.

Quality of Service

The nature of acall or connection (i.e., whether it isvoice or digital data) and attributes
relating to digital data rates, the number of media stream channels used, and transmission
characteristics, are referred to as quality of service or QoS The quality of service applicable to
anew call or connection is limited by what a given switching implementation supports. The
guality of service associated with an existing call or connection determines the switching
services that may be applied to it. (Quality of service will be discussed in greater detail in
Chapter 8.)

3-9 Voice call — Technically speaking, avoice call is one that carries media streams requiring no
more than 3.1 kHz of bandwidth.



Modulated Data

Telecommunications (the transmission of digital data by computers) is accomplished either by
connecting a computer directly to the digital data portion of the telephone network, or by
transmitting the data over the voice network using modulation technology.

Modulation involves transmitting a carrier signal, that is, atone of a particular frequency, and
then varying it according to the rules of a particular modulation protocol. Modulation
protocols dictate the use of techniques that vary the carrier signal amplitude, frequency, phase,
or other properties, often in combination. Simplex data transmission occurs when there is only
one carrier signal on the media stream, so data transmission can take place only in one
direction. The term half-duplex means that the devices at either end of a ssmplex media stream
are able to take turns transmitting and receiving. Full-duplex communication takes place when
two different carrier frequencies are used on the same media stream so that data can be both
transmitted and received simultaneously. Demodulation involves decoding the modul ated
carrier signal into the original digital data stream.

A modulator-demodulator, better known as a modem, is a piece of hardware or software that is
able to perform the modulation and demodulation of signals, given full accessto amedia
stream. Hardware-based modems are typically packaged along with all of the electronics
needed to establish and gain access to the media stream on a call. Software modems, on the
other hand, depend on independent hardware and software mechanisms to deliver the required
isochronous media stream data.

The modulation protocols and other related standards that allow modems from various vendors
to interoperate are established by the ITU-T and are assigned names beginning with "V".
Commonly used V-series standards include V.32, V.32bis, and V.34, which define full-duplex
9600 bps, 14400 bps, and 28800 bps protocols, respectively. The V.42 standard defines error
detection used with V.32, and the V.42 bis standard defines the compression algorithm for use
with V.42. The use of compression allows data transmission rates that are much higher than
the raw data rates of the modulation protocols. The V.17 standard defines the modulation
protocol used for the exchange of documents between Group 3 fax products.




3.3.4 Directional Streams

By default, all connections and their associated media stream channels are bidirectional; that
IS, there is amedia stream associated with the call that is flowing to the device, and another
media stream flowing away from the device.

Some switching implementations are able to create unidirectional connections. In these
unidirectional connections there is only one media stream, and it flows either toward or away
from the device. Figure 3-11 illustrates the unidirectional streams towards and away from a
station device.

Lnidirectional Conmection
towards device

Telephone
) Mafwork
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Unidirectional Connecticn
away from device

Telephone
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Voice —-

Figure 3-11
Directional connections

3.3.5 Symmetric and Asymmetric Communication

All connections and associated media stream channelsin a particular call are also symmetric.
Symmetric connections involve media streams that deliver data at the same rate in both
directions. In an ordinary telephone call, this means that the same amount of sound
information is being sent in both directions.



Asymmetric communication, where the data rate in one direction is different from the other, is
abstracted as two separate calls consisting of unidirectional connections. In Figure 3-12, the
media stream associated with one call carries high-speed data while the other carries low-speed
datain the opposite direction.

High
Speed Telephone
Melwork
Low
Speed ’
Figure 3-12

Asymmetric communication

3.3.6 Point-to-Point and Multi-Point Calls

Most calls are point-to-point calls. This means that the call involves associating two devices
with two connections. However, most switching implementations support calls with three or
more connections. These are referred to as multi-point calls.

A multi-point call is generally referred to as a conference call, although the term bridged call
Is aso used when the implementation is hardwired in some way.

In the basic case of a multi-point call consisting of bidirectional voice connections, all of the
media streams coming from the associated devices are combined and the result is sent back out
to all the devices. (Some implementations may use signal processing capabilitiesto eliminate
echo effects and send a dlightly different media stream to each device.). All devices "hear"
everything on the call.

Multi-point calls are applicable to voice calls only. Audio isaunique datatypein that in its
analog representation it may simply be mixed with other audio sources and the result is still a
useful audio stream. The same cannot be done with digital data streams or modul ated data
streams. Adding these data streams together would simply corrupt the data. Synthesizing multi-
point callsfor digital data and large numbers of voice callsis described below.



Of course, every connection in amulti-point call need not be bidirectional. A multi-point call
can be made of any combination of bidirectional and unidirectional connections as long as the
media streams are all voice. Three specia cases of unidirectional connection usage in a multi-
point call are discussed below.

Silent Participation: Tapped Calls

One special case of amulti-point call isreferred to as silent participation and isillustrated in
Figure 3-13. In this case, a unidirectional connection is added to a call such that the new
device can hear everything on the call but cannot be heard by the others participating in the
call. Thisalso iscommonly referred to as atapped call. Silent participation is very useful in
situations where media resources are to be connected to a call for the purpose of recording
audio or doing speech recognition, for example.
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Figure 3-13
Three-point call with silent participant

Announcement

Another special case of multi-point callsis the announcement. As shown in Figure 3-14, this
involves the addition of a unidirectional connection to the call that delivers a media stream
from the added device. Thisis used primarily for adding a media access resource that plays an
announcement.
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Figure 3-14
Three-point call with announcement

Broadcast

A third special case of multi-point callsisthe broadcast. In this case, al of the connectionsin
acall are unidirectional as depicted in Figure 3-15. Exactly one of the connectionsis
unidirectional away from its device and all the others are unidirectional toward the devices.

This allows one media stream to be delivered to many devices.
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Figure 3-15
Three-point call with broadcaster and listeners



States and State Diagrams

The term state refers to the mode or condition of some entity. An entity's state indicates
settings of its attributes and its current circumstances, thus determining what it can and cannot
do. A given entity can be in only one state at any given instant.

A state diagram, or state graph, shows the states of which an entity is capable, aswell asthe
transitions between states that are permitted. Once an entity isin agiven state, it can only
assume a new state if the state transition model represented in the state diagram indicates that
the change is allowed.

In the example below, an entity is permitted to transition between three states identified as
one, two, and three. According to the graph, the entity can transition from state three to state
one, from state one to state two, and may go back and forth between states two and three. It
may also transition from state two back to state two.

il

States greatly simplify the modeling of systems because, once an entity isin aknown state,
thereisonly afinite set of states to which it can transition.




3.4 Connection States

Connection states are among the most important concepts in telephony. Each and every
connection has an individual state that determines the condition of the connection and what
can and cannot be done with that connection. The life cycle of adevice's participation in a call
(or call progress) is represented by the sequence of states through which the corresponding
connection transitions. A state transition indicates that some service was performed on the
connection by the switching implementation. The switching services that may be applied to a
connection at any time are determined by its connection state.

Initiated

Queued

(D

Connected

Figure 3-16
Connection state diagram



3.4.1 The Seven Connection State Model

There are seven connection states (described below), and they are permitted to transition as
shown in the state diagram in Figure 3-16.

I nitiated

While adeviceisrequesting service or dialing a digit sequence to initiate a call, the
corresponding connection isin the initiated state. The initiated state typically is entered when
the device goes off-hook3-10 and, if supported, when the user is prompted3-11 to take the device
off-hook. The media stream received by the device, if any, isinitialy dia tone followed by
silence after the first digit or command is issued.

Connected

After acall has been created and the telephone system is establishing connections with other
devices, the connections where media stream channels are allocated and the associated media
stream(s) are flowing, are in the connected state.

Null

A connection is said to be in the null state if it no longer exists. A nonexistent connection is
synonymous with a connection in the null state. Occasionally a connection is said to
"trangition through the null state." Thisis asimple way of saying that the original association
between a device and call was replaced with a new one.

3-10 Off-hook — In general usage, the term off-hook refers to an action to be taken on a device,
typicaly lifting atelephone handset, signifying that the device is requesting service. The term comes
from the days when a telephone's microphone hung from a hook. The use of the term off-hook as it
applies to the operation of analog telephone setsis explained in Chapter 8.

3-11 Prompting — The term prompting refers to an indication, typically audible, a telephone set makes
to indicate that it should be taken off-hook in order to progress out of the initiated state. Prompting is
distinct from ringing, which is an indication made by a device that a connection is in the ringing mode of
the alerting state. Prompting is used when some serviceisinitiated for a device but is unable to go off-
hook without manual intervention.



Alerting

While an attempt is being made to connect a call to a device, the connection representing the
association between the call and deviceisin the alerting state. There are actually three modes
of the alerting state that determine what type of action the device can take:

* Entering distribution mode

» Offered mode

 Ringing mode

These modes will be discussed in Chapter 5.

The fact that a connection isin the alerting state is independent of whether the corresponding
deviceisindicating an incoming call in some way (by ringing, for example).

Typically for voice cals, al of the other active (e.g., connected) connectionsto the call will
hear ringback,3-12 while a connection in the alerting state is associated with the call.

Fail

The fail state indicates that call progress was stalled for some reason and an attempt to
associate adevice and a call (or keep them associated) failed. The most common example of
this state is attempting to connect to a device that is busy.

In most cases, all of the other active (e.g., connected) connections to the call will hear a busy
tone, or another appropriate failure tone, while a connection in the fail state is associated with
the call .3-13

3-12 Ringback — Ringback isthe "ringing" sound heard after you have placed a call and are waiting
for it to be answered. It is not the actual sound of a phone ringing, but rather a sound the switching
implementation generates to supply the caller with feedback on call progress.

3-13 Blocked — One case where the fail state may not be associated with an audible tone is the case
where a bridged connection is blocked from acall. Thisis described in section 4.4.3.



Hold

When a connection isin the hold state, it continues to associate a particular device with a call
(signaling information continues), but the transmission of associated media streamsis
suspended. Depending on the implementation, the media stream channel(s) associated with the
connection's media stream(s) may or may not be deallocated while the connection isin the
hold state. A channel that is not deallocated is said to be reserved.

Hold should not be confused with mute. Mute is a telephone set feature which will be
described later in this chapter. Mute deals with turning off a speaker or microphone and is not
related to the transmission of media streams or the allocation of media stream channels.

Queued

A connection isin the queued state when call progress is suspended pending subsequent
application of certain switching services. Like the hold state, connections in the queued state
do not have active media streams and the associated channel may or may not be deall ocated.

3.5 Graphical Notation

The abstraction of calls, devices, and connections isillustrated graphically using a notation
based on simple symbols. This graphical notation allows the depiction of both a specific
situation in atelephone system at a moment in time, or a whole scenario involving a sequence
of activities. Much the way that standard musical notation allows composers, arrangers, and
musicians to easily describe and interpret a piece of music, this graphical notation allows
material of an equally complicated nature—the activity inside a telephone system—to be
easily and precisely communicated. This notation is used in standards documents, product
documentation, and telephony reference materials to explain how certain telephone system
functions behave. It is also used by those developing CT solutionsin order to plan and
troubleshoot their implementations.



Calls are represented as circles as shown in Figure 3-17. In order to make referenceto a
specific call, the calls are labeled with the letter "C" followed by a number.
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Figure 3-17
Symbol for calls

Devices are represented as rectangles, as shown in Figure 3-18. They generally are labeled
with the letter "D" followed by a number, so that different devices can be explicitly
referenced.

Device D1 Dz D3

Figure 3-18
Symbol for devices

Connections represent the relationship between a call and adevice. They are represented
graphically as aline between adevice and call, as shown in Figure 3-19. Connections do not
require explicit labels because they can be uniquely identified by making reference to the
labels for the device and the call (in that order) that they associate. Figure 3-19 shows two
devices, D1 and D2, connected to call C1 with connections D1C1 and D2C1 respectively.

o (o) 52
Device D1's U Davice D2's
Connection Connection

Figure 3-19
Symbolic representation of connections

Figures 3-20, 3-21, and 3-22 illustrate the use of this notation in a number of typical examples.
In the first example, call C1 has two connections D1C1 and D3C1. The second example shows
amulti-device call inwhich D1, D2, and D3 are al participating in call C2 using connections
D1C2, D2C2, and D3C2 respectively. The last example shows call C3 in the process of being
set up or cleared, asit is associated only with connection D4C3.
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Figure 3-20
Two-device call

D1 D3
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Figure 3-21
Three-way call
@
Figure 3-22

Single devicein acall

3.5.1 Representing Directional Connections

Figure 3-23 shows how unidirectional connections are represented in graphical notation. By
default, connections are bidirectional. If a particular connection is unidirectional, thisis
indicated by placing an arrowhead in the appropriate direction.

Bidirectional Connection
(defaull)

1@

Unidirectional Connection Unidirectional Connection
towards device away from device

Figure 3-23
Directional connections




Asymmetric communication, where the datarate in one direction is different from the other, is
abstracted as two separate calls consisting of unidirectional connections. In Figure 3-24, call
C1 could be a high-speed data call, while call C2 could be alow-speed data call.
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Figure 3-24
Asymmetric communication

If all the connections associated with acall are bidirectional, as shown in Figure 3-25, each
device in the call receives a media stream representing amix of the media streams from all of
the other participants. Examples of callsinvolving unidirectional connections are shown in

Figures 3-26 and 3-27.
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Figure 3-25

Point-to-point and multi-point calls
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In a scenario involving silent participation (as shown in Figure 3-26), the connection to the
device which isonly listening (D3C3) has an arrowhead to indicate that it is unidirectional

towards the listening device (D3).

Figure 3-27 illustrates two scenarios involving unidirectional streams away from adevice. In
the first example, device D3 is delivering an announcement to an active call ("Please insert

another 25¢ to continue



Silent Participation (Tapped Call)
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Figure 3-26
Multi-point with unidirectional stream towards device

thiscall" for example). All the other connectionsin the call are bidirectional and all hear the
announcement. The second scenario involves broadcasting where all of the connections are
unidirectional. One device, D3 in this case, is delivering a speech while the other devices
listen so D3C4 is unidirectional from the device. D1 and D2 are not able to provide any media
stream data to the call so their connections (D1C4 and D2C4) are unidirectional towards their
devices.

Announcament
D1 hears D2 hears
pzapa LD Y2 |p1apa
03 D3 hlears
nathing
Broadcast
D1 hears D2 hears
D3 o o D2 |p3
03 D3 hlears
nothing
Figure 3-27

Multi-point with unidirectional stream away from device

3.5.2 Connection State Representation

In graphical notation, connection states are represented by placing symbols over the line
representing the appropriate connection. The symbols for the states are:

* 'a representing alerting



* 'C' representing connected
* 'f' representing fail

* 'h' representing hold

* 'I' representing initiated

* 'n' representing null

* 'J' representing queued

If aparticular connection isin the null state, meaning that it doesn't actually exist, the line
representing the connection is generally omitted from the diagram altogether.

Figure 3-28 shows an example of how these symbols are used in graphical notation.

01 —-::4@7[— D2

Figure 3-28
Connection state representation

In this example, call C1 has two connections: D1C1 and D2C1. Connection D1C1 isin the
connected state, indicating that it is active and that media streams are flowing. Connection
D1C2isinthefail state. A likely reason for the situation depicted in the example is that device
D1 tried to place acall to device D2 but D2 was busy, so the attempt to connect to D2 failed.
In this case, Device D1 probably would be receiving busy tone from the call.

3.6 Call Control Services

Call processing carries out operations on the calls and connections in a telephone system. In
terms of the basic telephony abstraction, these call control services involve one, some, or all
of the following five actions:

1. Creating new calls

2. Disposing of calls



3. Adding connections to a call
4. Removing connections from a call
5. Manipulating connection states

Each call control service changes the relationships between particular devices and calls by
acting on connections that relate them.

A given call control service therefore can be described in terms of the states of the connections
to which it can be applied, the state transitions that result, and whether it creates or disposes of
calls or connections. Thisis generally presented in terms of "before" and "after" the call

control service has taken place.3-14 A call control serviceis represented in Figure 3-29.
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Figure 3-29

Switching service representation in terms of "before” and "after”
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In this example, the call control service shown is called "Consultation Call" being applied to
the connection D1C1. Before the service, the connection D1C1 isin the connected state. After
the service, D1C1 isin the hold state; a new call, C2, has been created; and the connection
D1C2 isin the connected state.

3-14 Call control services — Switching operations with well defined state transitions and other
behavior are referred to as call control services. Refer to Chapter 5 for details of specific call control
services. Between the states shown as "before" and "after” for a given service, connections may
transition through intermediate states. Each complete sequence of event transitionsis referred to asa
flow. The concepts of flows and normalized flows are explained in Chapter 6.



If a connection might be in one of a number of different states before or after a call control
service, thisis shown in the notation either by providing alist of the symbols (as shown in the
preceding example), or by using one of the following special symbols. The meaning of one of
these symbols depends on whether it is on the "before” or "after" side of the diagram.

« 'I' represents unspecified
- Thissymbol is equivalent to "a,c,f,h,i,n,g"
- Before aservice, it indicates that any connection state is applicable.

- After aservice, it indicates that any connection state may result and the origina state (if
the connection existed before the service) has no bearing on the final state.

* '# represents unspecified non-null
- Thisisequivalent to "a,c,f,h,i,g"
- Before a service, it indicates that any connection state other than null is applicable.

- After aservice, it indicates that any connection state other than null may result and the
original state (if the connection existed before the service) has no bearing on the fina
state.

* ' represents unspecified/unaffected

- Before aservice, it indicates that any connection state is applicable and that the
connection state will be unaffected by the service.

- After aservice, it indicates that the connection state was not affected by the service and
will be the same asit was prior to the service.

An example using these symbolsis shown in Figure 3-30. In this example, the call control
service Clear Connection3-15 is applied to the connection D2C1. Before the service, there are
three connections to



EEFORE AFTER

EUy N 1 D3 01 —'—®7'— D3

Figure 3-30
Representation of the Clear Connection3-1° call control service (applied to D2C1)

the call (D1C1, D2C1, D3C1) and the only restriction isthat D2C1 be in any state other than
null. After the service, there are only two connections (D1C2, D3C2). The connection states
for D1C2 and D3C2 were not affected by the service.

The set of call control services supported by a particular product represents a large portion of
its telephony feature set. See Chapter 5 for descriptions of all the common call control services
and other telephony features.

3.7 Media Resources

Media resources are telephony resources that interact with the media streams associated with
cals.

In many cases, mediaresources are simply features of a particular device, or of the switching
resources, that are transparent to the operation of that device or those resources. In other cases,
media resources are accessed through independent media access devices that may be
associated with calls using appropriate call processing services. Examples of media access
devices are voice response units (VRUS), voice mail systems, and generic media servers.

3-15 Clear Connection example — Note that thisis actually just one case of the clear connection
operation, where D2 is not a shared-bridged device (see section 4.4.3) and both D1C1 and D3C1 are
non-null.



3.7.1 DTMF (Touchtone) Detectors and Generators

In existing telephone systems, the most common type of media resources are those that
generate and detect DTMF tones.

DTMF generatorstypically are built into most station devices so that people can generate
touchtones by pressing dial pad buttons. In some telephone systems, DTMF tones are
generated only to communicate a request to the other endpointsin the call. In other systems,
the DTMF tones are also used to send commands (such as the number of a device to be called)
to the call processing resources. In this case, general-purpose DTMF detectors are required by
the telephone system to interpret the commands issued by various devices.

3.7.2 Pulse Detectors and Generators

Before the development of the DTMF scheme for encoding digits, pul se sequences were used
to communicate commands. A pulseisavery short break (lessthan 0.1 seconds) in the media
stream. A sequence of pulses represents the corresponding number, and each number is
separated by a pause of at least 0.7 seconds. Pulses are typically generated by arotary dial on a
telephone station. Pulse detectors and pul se generators are telephony resources responsible for
working with pulse encoded digits.

3.7.3 Telegphony Tone Detectors and Generators

While various mechanisms exist for providing feedback from atelephone system to the person
using a particular station device, the only lowest common denominator is the media stream
itself.

As aresult, telephone systems working with the voice network use two sets of tones that can
be generated and detected easily, onein order to provide feedback and the other to indicate
that modulated data is to be used. These are referred to as advisory tones and telecom tones
respectively.



DTMF

DTMF stands for Dual Tone Multi Frequency. It refers to a standard mechanism for encoding
the 16 digits that can appear on atelephone dial pad as a combination of tones that are easily
generated and detected in the media stream of avoice call. DTMF tones are aso frequently
referred to as touchtones.

Asthe name implies, DTMF tones are formed by unique combinations of two precisely
defined tones. The scheme uses a set of four "high" tones and a set of four "low" tones. Using
a combination of one low and one high tone (for 16 combinations) makes the detection of
digits much more reliable; it is unlikely that some other source of mediainformation on the
call (like a person speaking) would accidentally generate one of these precise combinations of
tones.

Generating these tones is also very easy to implement through a push-button interface, as
shown below. Each column is associated with one of the four high-frequency tones and each
of the rowsis associated with one of the four low-frequency tones. Pressing a particular button
connects tone generators for the appropriate row and column to the call in order to make the
appropriate dual-tone or “touchtone."

5§97 Hz

770 Hz

852 Hz

841 Hz

1208 1336 1477 16343
Hz Hz Hz Hz

The first three columns represent the twelve DTMF tones in widespread use. The last column
represents four additional DTMF tones labeled "A" through "D" which are generally referred
to as military or autovon tones. These additional tones should not be confused with the
alphabetic labeling found on most telephone dial pads.




The following are the tones that are most commonly encountered in a tel ephone network:
 Dial Tone

Dial toneis an advisory tone indicating that call processing has created anew call on
behalf of a given device and a new command can be sent. It istypically associated with
the initiated connection state.

* Billing

A billing toneis an advisory tone indicating that call processing is expecting to receive
billing information, typically a credit card or calling card number. Thistoneis also
referred to by some as bong tone.

* Busy

Busy tone is an advisory tone indicating that there is no device currently available to
which to present the call. Call progress for the call in question has stalled, so thistoneis
associated with a connection state of fail.

* Reorder

Reorder toneis an advisory tone indicating that a call has become blocked in atelephone
system because a necessary network interface device or other switching facility is
unavailable. The cause may be a misdialed number. Thistone is also referred to by some
as fast-busy. Call progress for the call in question has stalled, so thistone is associated
with a connection state of fail.

* Special Information (SIT) Tones

Soecial information tones, or ST tones, are sequences of three precisely defined tones
used to indicate that call progress has stalled for some specific reason. SIT tones usually
precede a



prerecorded message describing the problem. They are associated with a connection state
of fail. The four SIT tones currently in use are:

Vacant code — the number dialed is not assigned.

Intercept — al calls to the number dialed are being intercepted (typically because the
number has changed).

No circuit — no circuits are available for the call.

Reorder —the call cannot be placed; the number may have been misdialed.
 Ringback

Ringback is an advisory tone indicating that call processing is attempting to connect the

call to another device. Ringback isthe "ringing" sound that a caller hears after placing a

call and while waiting for it to be answered. It is associated with the ringing mode of the
alerting connection state.

oBeep

A beep is the tone generated by a voice answering machine, voice mail system, or other
media access device that records from a voice media stream. The beep is a prompt to the
person calling, indicating that the recording has begun and that he or she should begin
speaking (e.g., " . . . please leave your message after thebeep ... ").

» Record Warning

A record warning tone is a short 1400 Hz tone used to indicate that a conversation is
being recorded. It isrequired by law in some places and typically isused in all situations
(such as 911 services and security dispatch) where there is a high degree of accountability
or the need to collect evidence of a conversation through a call.



* Fax CNG

Fax CNG, or fax calling tone, is atone generated by afax machine or fax modem that
wishes to initiate data modulation for fax transmission on agiven voicecal. Itisa
telecom tone.

 Modem CNG

Modem CNG, or modem calling tone, is atone generated by a modem that wishesto
initiate data modulation on a given voice call. It is atelecom tone.

e Carrier

The detection of carrier refersto the presence of modulated data transmission on a given
voice call. It isatelecom tone.

* Silence

Slence is the absence of any tones, voice, or modulated data in the media stream
associated with a voice connection. It is quite useful to have a silence detection capability
to determine that a modem transmission has completed, that a caller may have hung up, or
that a message may be played.

The actual frequencies and cadences corresponding to a tone of a particular meaning may vary
widely from country to country or between implementations of telephony products. This
makes detection of these tonesin every case very difficult, if not impossible to guarantee.
There is sufficient standardization, however, that makes tone detection for calls within a
particular country or system reliable.

3.7.4 Media Services

Media service interfaces provide external access to the contents of media streams using the
specific capabilities individual mediaresources. A particular media service interface, along
with the media resources that can be used to access the media streams of agiven call and any
required media access devices, is known as a media service instance.



Some media resources capture information from a media stream. These are able to convert the
media stream into a media data format for use with the media service instance. Other media
resources are able to convert media data specified through the media service interface into a
media stream for the call. Still others are able to do both simultaneoudly.

The number of possible media service typesis virtually unbounded, but the most popular
involve media resources that work with raw sound, speech, modulated data, and digital data.

Live Sound Capture (I sochronous)

A live sound capture media service is able to capture the audio content from a media stream
and deliver it to a component external to the telephone system such as a digitizer, tape or CD
recorder, or even a speaker. The physical mediainterface involved might be digital or analog.

Live Sound Transmit (I sochronous)

A live sound transmit media service is able to obtain an isochronous stream of raw sound from
an external source such as a computer audio output, atape or CD player, radio, or even a
microphone and transmit it through the telephone system. The physical mediainterface
involved might be digital or analog.

Sound Record

A sound record media service is able to capture sound from the media stream and store it for
future use. In this case, the media service interface is used simply to start and stop the
recording and specify where and how the sound is to be stored.

Sound record is different from sound capture in that the telephone system itself is doing the
recording, and the sound data never |leaves the telephone system.



Sound Playback

A sound playback media serviceis ableto play previously recorded sounds to the media
stream. In this case, the media service interface ssimply is used to start and stop the recording
and specify what sound is to be played.

Sound playback is different from sound transmit in that the telephone system itself is
providing the prerecorded sound.

Text-to-Speech

A text-to-speech, TTS or speech synthesis, media service is able to transform text into a
stream of speech-like sounds generated by a synthetic, electronic voice. The media service
interface is used to specify the text to speak and the attributes (male / female voice, accent,
prosody, volume, speed, etc.) of the speech desired.

Text-to-speech is very useful because it allows arbitrary or dynamic text information to be
spoken over the phone automatically. The alternative, prerecording all of the necessary
information or, at a minimum, all of the necessary words that make up the information, is
generaly much more complicated and expensive.

Concatenated Speech

Concatenated speech is a media service comparable to speech synthesis, but it uses strings of
whole prerecorded words or syllables rather than synthesizing each syllable. Concatenated
speech generally provides much higher quality than text-to-speech, but is limited to a certain
vocabulary of prerecorded words or sounds.

Speaker Recognition

Soeaker recognition media services identify the person speaking in the media stream based on
voice energy characteristics unique to each individual.



Speech Recognition

Speech recognition services convert human speech in a media stream to text. The principal
attributes of a speech recognition implementation are:

» Speaker-dependent/independent

Some speech recognition implementations must be trained to understand the speech
patterns of a particular individual. These are called speaker-dependent systems. Other
implementations have been extensively trained and can understand virtually any speaker
of agiven dialect. These are called speaker-independent implementations.

e Continuous/Discrete

Continuous speech recognition implementations are those that can automatically identify
word breaks, alowing speakers to talk continuously (normally). Discrete speech
recognition implementations cannot identify word breaks. A person speaking to such a
system must place distinct pauses between words.

* Vocabulary

Most speech recognition implementations rely on a particular set of speech grammar
rules, which limits their vocabulary to a particular set of words. Implementations vary in
the size of the vocabulary they can support and whether they are limited to a
predetermined vocabulary and grammar.

The media service interface is used to specify, as necessary, the speaker and / or the
vocabulary and grammar, and to deliver the text corresponding to the recognized speech.



Fax Printer

Fax printer media services refer to the fax receive-and-print functionality available in afax
machine. If atelephone system connects afax printer media service to acall on which the
presence of afax CNG tone isindicating an attempt to transmit afax, the fax will be received
and printed on the appropriate device.

Fax Scanner

The fax scanner media service refers to the fax scan-and-send functionality available in afax
machine. It is the complement to the fax printer media service. If atelephone system connects
afax scanner media service, the fax scanner media service will attempt to establish a
modulated fax data connection with another fax-capable device on the call, and then will
transmit any sheets of paper fed into the fax machine's paper scanner.

Fax Modem

Fax modem media services provide fax data modulation for sending and receiving fax
transmissions. (See the sidebar "Modulated Data" on page 98.) The media service interfaceis
used to send and receive the compressed image data and fax transmission control information.

Data M odem

Data modem media services provide data modulation for establishing bidirectional modem
communication. (See the sidebar "Modulated Data' on page 98.) The media service interface
Is used to configure the modem service and to send and receive asynchronous data.

Digital Data

A digital data media service provides access to the raw stream of digital data associated with a
digital data media stream. The media service interface is used to convey the data.



Video Phone

A video phone media service is analogous to the fax scanner and fax printer media services,
but applies to media streams containing video data. When attached to a media stream, this
media service displays video on the video screen associated with the appropriate device, and
captures and transmits video from a camera associated with the device.

Media services concepts are discussed in greater detail in Chapter 7.

3.8 Equipment and Network Options

The telephony resources described in this chapter are used to model the implementation and
operation of any telephone, telephone system, or telephone network including those
implemented on networking technologies such as | P. The remainder of this book will expand
on these basic concepts. However, before we delve into more concepts dealing with call
control, media services, switching fabrics, and administration, we'll ook at how the telephony
resource framework is used to model networks and equipment.

3.8.1 Public, Private, and Virtual Private Networks

Telephone networks are more frequently categorized in terms of the ownership or allocation of
their constituent telephony resources and transmission facilities rather than in terms of the
technology that they use. In this sense, there are three types of telephone networks:

 Public networks

The term Public Switched Telephone Network (PSTN) refers to the publicly accessible
worldwide telephone network that ultimately interconnects with virtually every other
telephone network. The public network is made up of many individual public networks
around the world. Any network within the worldwide network (France Telecom's
network, for example) isitself a public network. Some portions of the public network are
owned by commercial telephone companies and



others by government-run enterprises. Collectively these service providers are referred to
as common carriers. In all cases, the operators of the public network are intensely
regulated by regulatory bodies in each country. In genera, thisregulatory effort isaimed
at ensuring universal access to service and fair or, if appropriate, competitive rates.

* Private networks

Private networks are sets of telephony resources that are privately owned or leased from a
common carrier and connected together with dedicated transmission facilities. A private
network can be as simple as ahome'sinternal phone system. It can be as complex asa
worldwide network made up of switching resources in hundreds of |ocations that
interconnect with the public network in many different countries. Private networks may be
operated for the exclusive use of their owners, or may be operated by private carriers who
sell access to their networks, or some combination of the two.

* Virtual private networks (VPN)

A virtual private network is a capability provided by a common carrier that offers service
equivalent to a private network but uses the shared facilities of the public network. The
result generally is a more cost-effective network because unused capacity is not wasted.

3.8.2 Multiple Carriersin the Public Network

In many parts of the world, multiple common carriers compete for customers. In these
environments, customers may choose which carriers operating in the public telephone network
they wish to have carry their calls. The ways that the networks of competing carriers can be
accessed varies from one location to another and from one carrier to another.



Depending on the type of carrier and the context, any combination of the following
arrangements are possible:

* Direct access

In most cases a private telephone system is connected physically to a single specific
carrier, referred to as the local exchange carrier (LEC) or dialtone provider. In the case of
awireless telephone, the actual carrier used is determined dynamically. A private
telephone system with more sophisticated switching resources can be connected directly
to two or more carriers (Figure 3-31). In this case, the telephone system decides which
carrier to use for agiven call. In the case of acarrier bypass arrangement, one of these
carriers provides local service and one provides long-distance service. It iscalled carrier
bypass because access to the long-distance carrier bypasses the local carrier's network.
This also may be called aforeign exchange (FX) facility if the second network is actually
alocal network in adifferent location.
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Figure 3-31
Directly connected carriers

e Default carrier

A local exchange carrier may be used to access alternative carriers where a default carrier
Is established for specific types of calls (Figure 3-32). For example, one could specify that
al long-distance calls are to be routed through a specific long-distance inter-exchange
carrier, or IXC.
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Default carriers
* Dialed carrier

With each outbound call, the local exchange carrier isinformed which alternate carrier
should be used. Thistypically is accomplished by dialing special sequences when

establishing calls (Figure 3-33).
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Dial selectable carriers

3.8.3 Telephone Equipment
Telephony products can be generally categorized as being:

* telephone switches,
» telephone station equipment (telephone sets), or

» add-ons or peripheralsto one or the other.



Telephone equipment is differentiated based on where it isinstalled:
 Customer Premise Equipment

Customer premises equipment, or CPE for short, refers to the telephony products that you
purchase or lease and install at your own locations in order to assemble any private
telephone system.

* Carrier Switching Equipment

Carrier switching equipment consists of the telephone switches and transmission
eguipment used by a carrier to implement its network. This equipment is further
categorized as Central office equipment if it islocated in a Central Office (also know asa
CO, End-Office or Local Office).

 Co-Located Equipment

Co-located equipment is equipment that is not owned by the carrier but is co-located with
carrier equipment in acarrier facility such as a central office.

In this section we'll look at how telephone systems and the products that constitute them, can
be modeled. In Chapter 10 welll pull everything together by actually looking at the
implementations of various types of products.

Carrier Switching Equipment and Telephone Company Services

If you are assembling a new telephone system for your home or business, or are assessing your
existing system, one of the first stepsis to determine what services you want to obtain from
your local exchange carrier(s), that is, your local telephone company or companies, and any
other carriers with which you wish to have connections.

The functionality of your telephone system (whether it is just a single telephone or a collection
of switches forming a private network) will be a combination of the features and services built
into your telephony



equipment, and any telephony features and services that you subscribe to from the telephone
company (or companies) that your equipment can access.

Asdescribed in section 3.8.2, a LEC, generally provides the connection(s) between your
telephone system and the PSTN. In other words, the LEC owns the switch or switches that
extend service to your telephone equipment, for local calling and typically for accessto IXCs.
Y ou may, however, connect directly to one or more I XCs through what is referred to as carrier
bypass. The notion of bypass applies only in the context of competing carriers. In countries
where a single telephone company provides all of these services, this option does not apply.

A switch owned by the LEC to which your lines or trunks connect is known as a central office
switch, (CO switch for short), or a public exchange. The combination of line interfaces and
telephony features and services available for subscription on a given CO switch represents the
service offerings.

Customer Premises Equipment (CPE) Options

The trunks or lines that you already have and those that are available to you from various
telephone companies will, in part, dictate what types of telephony products are applicable to
your needs. Depending on the requirements, your telephone system might be as small asa
single telephone to be connected to a subscriber line from your local telephone company or
cellular carrier, or it may be as complex as aglobal private network.

3.8.4 Modeling Telephone Switches

A telephone switch, or just switch for short, is atelephony product characterized as an
implementation of telephony resources that, at a minimum, includes call processing and
switching resources, and at least two station or network interface type devices.

A generic telephone switch isillustrated in Figure 3-34.
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Figure 3-34
Generic telephone switch

A switch may consist of any number and combination of telephony resources built around the
core functionality of call processing and switching resources (which may be minimal in some
cases).

The switch makes connections to other telephony products through lines that represent the
cabling, wireless transceivers, or other means of connection. Lines fall into two categories,
extension (or subscriber) lines and trunks.

The point where aline is connected to a switch is often referred to as a port. In addition to the
connections a switch can make using lines, the switch may connect with other special
peripherals through interface ports.

Extension or Subscriber Lines

Extensions are lines that correspond to a switch's station devices. From the perspective of the
switch, each extension line corresponds to the logical element of one station device. When the
switch is part of the public network, these lines are referred to as subscriber lines, subscriber
loops, or CO lines.

If agiven switch is able to detect and control one or more physical telephones attached to a
particular line, the corresponding station device either includes a physical element, or is
associated with other devices containing physical elements through a device configuration.



In this case, the switch keeps track both of the station device with the single logical element
corresponding to the line, and of al the physical element station devices associated with the
port.

Additional telephony resources making up an operational switch—including any CTI, OA&M,
accounting, and media interfaces—may be either built-in or implemented as add-on
peripherals. Depending on the implementation, peripherals may be attached through the
switch'sinternal connections, or may be attached using line ports. In these cases, the switch
keeps track of the other device types and resources associated with the port.

Trunks

Trunks are lines that correspond to network interface devices. They are used to connect to one
or more external networks by attaching to switches that are part of the external network.

A trunk associated with one switch can be connected to either atrunk or a subscriber line of
another switch. In other words, the network interface device of the first switch may correspond
elther to a station device or a network interface device of the second switch.

I nterface Ports

Interface ports are the means for physically connecting computers or other peripheralsto a
switch's CTl interface, OA&M interface, accounting interface, or media interfaces (in switch
implementations that do not use line ports for this purpose).

3.8.5 Modeling Telephone Station Equipment

Telephone station equipment, including telephone station peripherals, are telephony products
that are connected to the extension/subscriber lines of a switch. They are fundamentally
implementations of station devices, along with associated switching, call processing, media



services, and interface (CTI, OA&M, accounting, and media) resources. A particular piece of
station equipment may be modeled one of three ways, depending upon the context:

1. If it ismodeled independently of any connection to atelephone system, it is viewed simply
as aphysical device element made up of the appropriate physical element components.

2. If it is connected to a switch, the telephone station may be modeled from the switch's
perspective as a physical element associated with one or more of the logical station devicesin
the switch (as described in section 3.8.4 above). This view of atelephone station isillustrated
in Figure 3-35.
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Generic telephone station
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3. If it isreceiving telephone service from a switch but is viewed as being a stand-alone
telephone system, the station equipment is modeled as a compl ete set of telephony resources.
Thisincludes a station device, or device configuration, that corresponds to the station's
physical element and associated logical device element(s), along with associated tel ephony
resources that include switching, call processing, media services, and any CTl, OA&M, and
mediainterfaces. In most cases, call processing in the telephone station accepts commands
from the physical element interface and/or the CTI interface, and trandates them into
appropriate commands for the switch using the telephone station's network interface device as
aproxy. Thisview of atelephone station isillustrated in Figure 3-36.
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Figure 3-36
Generic telephone station modeled from station's perspective

Refer to Chapter 4, section 4.1 for a complete description of physical e ement components.

3.8.6 Modeling Telephone Networks

Each individual telephony product is atelephone system, that is, a set of telephony resources.
Each telephone system generally is a subsystem of alarger telephone system, and virtually all
telephone systems are ultimately connected to, and thus are part of, the worldwide telephone
network (the PSTN). As aresult, one can model any portion of the PSTN or any private
network in the same way that an individual switch or telephone station can be modeled.

In Figure 3-34 a generic telephone network, a LEC for example, is being modeled as a set of
telephony resources. Though the network is actually made up of multiple switches, it can still
be modeled as a single set of resources because the network operates as a single entity. The
network interface devicesin the network represent its connections to various I XCs and the
station devices correspond to subscriber lines.
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Figure 3-37
A LEC's telephone network



3.9 Review

In this chapter we have seen that a telephone system may range in scope from an individual
telephone to a vast telephone network. Telephone systems represent a collection of telephony
resour ces that also may be referred to as a tel ephony resource set. Types of telephony
resources include call processing, switching, interfaces, devices, and dynamic objects.

Calls are dynamic objects in a telephone system that represent a media stream and associated
control information traveling between two or more points.

Devices are the endpoints that can be associated with calls. Devices are resources responsible
for consuming and generating the media streams and control information associated with calls.

Connections define the relationship between a particular call and a particular device. The most
important attribute of a connection is its connection state, which may be null, initiated,
alerting, connected, hold, queued, or fail.

Media stream channels are allocated for connections as needed and are responsible for
conveying the associated media streams.

Switching resources are responsible for carrying out services that create, clear, and manipulate
the states of connections, and for allocating and deallocating media stream channels as needed.
These switching services can be illustrated through a simple graphical notation that shows the
devices, calls, connections, and connection state transitions involved.

Call processing is primarily responsible for routing or directing calls through the telephone
system by managing the switching resources. It takes action based on feature settings, timers,
default rules, and commands received from devices and through telephone system interfaces.
Certain types of devices exist within atelephone system in order to provide specialized routing
functionality.



Now that an abstraction of the basic telephony resources has been defined along with the
graphical notation for describing them, we can delve into more of the details surrounding
device modeling.






Chapter 4
Telephony Devices

Devices are the endpoints of telephone call media streams. They are a principal resource in the
telephony resource framework because the rest of the telephony resources are in place to serve
them.

So far we have seen how switching operations revolve around associating calls with devices
through connections and manipulating the states of these connections. The switching
fabric—the implementation of the switching resources used in a given telephone
system—maps these connection state manipulations into actions. Media stream channelsin
appropriate transmission facilities are allocated and deallocated in order to establish calls
between devices.

In this chapter we'll look more closely at the variety of different types of telephone system
devices and how they are modeled and used. Telephone system devices have logical elements
and associated components and attributes that determine their functionality and the operations
that can be performed with them. Telephone stations also have physical elements and a variety
of related physical components and attributes.



4.1 Telephone Stations

Sation devices are the telephony resources that correspond to the tangible telephones and
telephone lines with which we are all familiar. Station devices take an almost unlimited
number of different forms. There are literally hundreds of telephone vendors around the world,
each of which manufactures many different models of telephones. Each telephone is designed
to appeal to the particular needs and preferences of a different type of telephone user.

Despite the fact that at the most simple level all these tel ephone devices provide the same
basic functionality, there is an endless number of variations in the form that the physical user
interface to atelephone system can take. Research has demonstrated, and the marketplace has
validated, that people have very diverse and particular preferences when it comesto the form
that their interface to telephony services should take.4-1

It isimportant to note that from the perspective of telephony concepts, every type of telephone
Is a station device regardless of its functionality, interface to the telephone network, or other
properties. Thisincludes POTS (plain old telephone service) telephones ("500" and "2500"4-2
telephone sets) and multi-line telephones. It includes wireless phones such as cordless and
cellular phones, and coin and card pay phones. It includes novelty phones from "football
phones' through "shoe phones.” It includes full-featured digital phones and attendant consol es,
and hybrid devices such as fax phones and video phones.

4-1 Diversity of telephony user interfaces— The fact that user preferences are so diverse when it
comes to a personalized interface to telephony functionality (traditionally the telephone) plays a
very important role in both the motivation for CTI and the architecture of CTI implementations.

4-2 500 and 2500 telephone sets— AT& T assigned the model number 500 to the old rotary-dial deskset
telephones. When touchtone was devel oped, the touchtone model was numbered 2500. Since then, the
term 2500 set has come to mean any telephone that is functionally equivalent to the original model 2500
telephone set.



4.1.1 Physical and Logical Device Elements

The portion of adevice that isinvolved with call control, that is, the creation, management,
and clearing of connections, is referred to as the logical element of a device. Most types of
devices have only alogical device element.
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Figure4-1
Physical and logical elements

Station devices typically have atangible portion—a physical telephone set—that isreferred to
asaphysical element. To interact with calls, a physical device element may have a
corresponding logical device element and/or may be associated with the logical device
elements of other devices (Figure 4-1). (The concepts relating to logical elements and the
relationships between physical and logical elements, referred to as device configurations, are
described in sections 4.4 and 4.5.) While the logical element of a station device may be
associated with both digital data and voice calls, the physical element only interacts with voice
calls. In addition, a physical device element may only be associated with a single connection
in the connected state at any given time, although any number of associated connections may
be in other connection states.
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Physical device element components

A physical device element consists of many different components that make up the physical
user interface of the device. These components may be directly accessible to the user, or may
be internal to the device (i.e., virtual). Types of physical element components include:

* Auditory apparatus
» Hookswitch

* Ringer

* Button

s Lamp

* Display

As shown in Figure 4-2, the physical element of a particular device may or may not have a
display, and may have zero or more lamps, buttons, hookswitches, ringers, and auditory
apparatuses. Auditory apparatuses are always associated with a particular hookswitch that
governs whether they are active or not. Lamps are optionally associated with buttons.



The way that these physical device components can be combined to form different productsis
described in Chapter 10.

4.1.2 Auditory Apparatus

An auditory apparatus component is one instance of a source and destination of speech-
quality media streams.

Though typically an auditory apparatus consists of both a microphone and a speaker, it need
only have one or the other. An auditory apparatus usually is one of the following types:

» Handset

A handset is the most common type of auditory apparatus. It isastraight or elbow-shaped
devicethat is held in a person's hand, with a microphone at one end and a speaker at the
other.

» Headset

A headset is an auditory apparatus that is worn on the head. It has both a microphone and
speaker. The microphone may be on a boom of some sort or built into the ear piece.

» Speaker phone

A speaker phone auditory apparatus is the combination of a microphone and a speaker
built into the base of atelephone set, or arranged in some other fashion to allow for
untethered operation.

* Speaker-only phone

A speaker-only phone is an auditory apparatus that is like a speaker phone but has only a
speaker and no microphone.

A physical element may have any number of auditory apparatuses. Every auditory apparatusis
associated with exactly one hookswitch#-3 (although a single hookswitch may be associated
with more than one auditory apparatus).

4-3 Hook switch devices — Because auditory apparatuses are governed by a hookswitch, they are
called hookswitch devices by some.



Microphone

A microphone allows sound to be converted to a media stream for use in the telephone system.
Microphones have two properties:

* Mute

Microphone mute determines whether or not the microphone is active.
» Gain

Microphone gain determines what amplification of the captured sound is applied.
Speaker

A speaker allows avoice media stream from the telephone system to be converted to sound.
Speakers, like microphones, have two properties:

* Mute
Foeaker mute determines whether or not the speaker is active.
* VVolume

Soeaker volume determines what amplification is applied to the sound.

4.1.3 Hookswitch

A hookswitch is a component that determines what auditory apparatus or set of auditory
apparatuses are in use. A hookswitch can be either on-hook (inactive) or off-hook (active). If a
hookswitch is off-hook, every associated auditory apparatus is actively consuming and/or
generating sound. If a hookswitch goes on-hook, every associated auditory apparatus is made
inactive.

A physical element may have any number of hookswitches and each operates independently of
al the others (Figure 4-3). A hookswitch may be a spring-loaded switch on the telephone, it
may be a single locking switch that is pressed to set it off-hook and pressed again for



on-hook, or it may be apair of switches where one is used to go off-hook and another is used
to go on-hook. It also may be an internal (or virtual) switch.
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Hookswitches

4.1.4 Ringer

Theringer is the component in the physical element that notifies people when the telephone
system is attempting to connect acall to alogical device element,44 with the intent that it be
answered by the physical devicein question (i.e., a connection in the ringing mode of the
alerting state is present) or when the telephone system is prompting.4->

4-4 Multiple logical device configurations — The relationship between physical and logical device
elementsis described in section 4.5. Every operational physical device element is associated with at
least one logical device element, but it may be associated with two or more.

4-5 Prompting — The prompting feature is described in Chapter 5. It refers to a feature where the
telephone system is unable to make a physical device element go off-hook automatically and must signal
for a person to do so.



Theringer has abell or buzzer to provide an audible indication that the telephone set is
ringing, but it also may utilize lamps or the display as ringing indicators that provide a visual
indication that the telephone set is ringing (Figure 4-4). The ringing indicators may be built
into the telephone set or may be connected to it remotely. For example, atelephone may have
ringing indicatorsin the form of alarge flashing light and bell mounted outdoors so that it can
be seen and heard at a distance.
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Ringers have the following attributes:
* Volume

A ringer's volume is the sound level at which the ringer's audible indicator will ring.
* Mode

A ringer's mode indicates what it is doing. It may be either ringing or not ringing.



* Pattern

Pattern refers to the cadence, frequency, and other properties of the sound generated by a
ringer when it isringing. The pattern is set by the telephone system to indicate the type of
call that is being presented, or to indicate that a particular number was called. If it is being
used to indicate the type of cal, it is one of the following:

unspecified — meaning call type ringing is not supported

internal —the call is from inside the tel ephone system

external —the call is from outside the telephone system

priority —the call has been marked as high priority

callback — the callback feature#-6 has been used to place the call

maintenance — the call is maintenance-related (e.g., atest)

attendant — the call is from an attendant

transferred — the call is being transferred to the device

prompting — the telephone system is prompting#* the device
 Count

A ringer's count is the number of ring cycles*7 that have been completed since the ringer
began ringing. It is zero if the ringer's mode is not ringing.

A physical device element may have more than one ringer, but only one may be actively
ringing at atime.

4-6 Call back feature — The call back feature is explained in Chapter 5, section 5.14.3. It involves
acall from a device that was previously busy or unavailable.

47 Ring cycles— A ring cycleisthe time between the playing of each ringer pattern while adeviceis
ringing. The individual ringer pattern may be a simple on-off pattern or a more complex sequence. In
any case, this attribute does not reflect the number or length of cycles within the pattern.



4.1.5 Dial Pad Buttons and Function Buttons

A button is a component that can be pressed to request a particular function or feature of the
telephone system (Figure 4-5). Typically a button component is either a physical button that
can be pushed and released, or an internal (virtual) switch that is pressed or triggered
indirectly.
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Buttons

Buttons may have the following attributes:
o Label

A button's label isthe name by which it iscalled. Typically the label is printed on the
surface of a physical button.

» Associated Number

Speed-dial buttons and others that depend on remembering a particular telephone number
have an associated number.

» Active/lnactive

At any given time a particular button may be active or inactive. An active button can be
pressed and an inactive one cannot.



Most physical element implementations have at least 12 buttons, corresponding to the buttons
on a standard dial pad. Depending on the context, pressing these buttons either communicates
part of a device address, indicates a particular service to be carried out, or requests that a
particular tone be generated.

The most typical example of a function button is a speed-dial4-8 button that autodials a
particular number.

4.1.6 Lamps

Lamps are components that provide simple visual feedback from the telephone system. Lamps
often are implemented as simple light sources on the physical element (Figure 4-6) but they
can aso take other forms. For example, alamp might be implemented as a special symbol that
can be made to appear and disappear on the physical element.
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Lamps

4-8 Repertory button — Speed-dial buttons are sometimes referred to as repertory buttons or rep-
buttons or just auto-dia buttons.



Lamps may have the following attributes:
o Label

A lamp's label isthe name by which it iscalled. Typically the label is printed on or beside
the lamp. If alamp is associated with a particular button, its label could be the same as the
button's.

* Associated Button
A lamp may or may not be associated with a single associated button.
* Brightness

A lamp's brightness indicates the intensity of the lamp when it is on#® (e.g., steady,
winking, fluttering, or broken fluttering). A lamp's brightness may be one of the
following:

normal —thelamp is at its normal intensity
dim—the lamp is dimmer than normal
bright — the lamp is brighter than normal

* Color

A lamp's color isafixed attribute that describes the hue of the lamp when it ison3-20, The
color may be any value but istypically one of:

no color —meaning the lamp isjust awhite lamp or liquid crystal display (LCD)
indicator

red
yellow
green

blue

4-9"0On" — Technically speaking, "on" in this context refers to the "active phase of the lamp's duty
cycle."



* Mode
A lamp's mode indicates what it is doing. A lamp's mode may be one of the following:
off —the lamp is off
steady — thelamp ison
wink — the lamp is flashing slowly
flutter —the lamp is flashing quickly
broken flutter —a combination of wink and flutter4-10

A physical element may have any number of lamps and any number of these lamps may be
associated with a particular button.

4.1.7 Message Waiting | ndicator

A physical device element may or may not have a message waiting indicator of some sort. If
present, thisindicator could be implemented in a fashion similar to alamp, could be an audible
chirping mechanism, or could be implemented in some other fashion. Message waiting
indicators have only two simple attributes. They are either on or off, and they are either visible
or not.

4.1.8 Display

A physical device element's display isagrid of aphanumeric characters that allows the
telephone system to communicate text-based information (Figure 4-7).

A display, if present, has the following attributes:
* Rows

A display may have one or more rows of characters.
» Columns

A display may have one or more columns of characters. Typically displays are 10 to 80
columnsin width.

4-10 Flink — A broken flutter isreferred to as aflink (the combination of a flutter and awink).



Display

Figure 4-7
Display

e Character Set

A display's character set refersto the way that the data representing each character in the
display, including spaces, is translated into a graphical symbol. The amount of data
required to represent each character is determined by the number of different symbols
supported by the display. A display's character set istypically ASCII or Unicode.4-11

» Contents

The contents of the display is the data representing the information to be displayed. The
contents may be thought of as along sequence of characters representing the
concatenation of each row in the display. The size of this sequenceisfixed and is
determined by the number of rows

4-11 ASCI1 and Unicode — ASCII (pronounced "as-kee") stands for American Standard Code for
Information Interchange. The ASCII character set uses one byte per character and can represent 256
characters of which the first 128 are standardized. The Unicode character set is designed to allow
representation of the characters used by all the languages of the world, including Chinese, Japanese,
and Korean. It uses two bytes per character and standardizes tens of thousands of characters.



and columnsin the display and the amount of data required to represent each character
(size = rows x columns x character size).

A physical device element may have, at most, one display.

The telephone system display associated with a physical device element should not be
confused with other types of graphical displays that may be present on various types of
products. A video phone, for example, typically is a station device with physical device
elements such as buttons, an auditory apparatus, etc. Although a video phone typically has a
video display that shows decompressed video data from the media stream, this display
presents information from the media stream and not telephone system feedback. It thereforeis
not a physical element display component, although a physical element display could be
implemented by superimposing it on top of the video display. In this example, the video
display is modeled as a type of media access resource associated with the physical device
element.

4.2 Networ k Interface Devices

Up to this point we have been using the term device to refer to ageneral class of telephony
resources capable of having a connection to acall. The first example of a device wasthe
telephone set, which is known as a station device. Station devices actually terminate or
originate media streams and can be thought of as being local, or directly attached, to a
particular set of telephony resources.

In Chapter 3, section 3.2.5 we saw that establishing a call across a network typically involves
anumber of distinct telephone systems each of which use a set of their own local devicesto
communicate with other telephone systems. Figure 3-9 illustrates how these network interface
devices are transparent to the two devices at either end of a call which spans the network.



A network interface device is an endpoint with respect to one set of telephony resources, but
corresponds to atransmission facility that connects to another set of telephony resources.
Figure 4-8 shows just one set of telephony resources and abstracts the rest of the network. In

this case, device D3 is a network interface device.4-12
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Figure 4-8
Network interface device

From the perspective of the telephony resources shown in Figure 4-8, the network interface
device D3 isaproxy for the remote device D2 on the other side of the network. These
telephony resources cannot manipulate D2, so they act on D3 in its place. For example, to
drop connection D2C1 from the call, the switching resources drop connection D3C1, which
has the same result. The relationship of D3 as a proxy to D2 may be represented in graphical

notation as shown in Figure 4-9. The brackets indicate that D3 is a proxy for D2.

D1 @f D2[D3]

Figure 4-9
Network interface device representation

4-12 Networ k inter face devices — Depending upon the implementation involved, network interface

devices may be referred to as trunks, direct lines, or CO lines.



4.3 Call Routing Resour ces

Call routing refersto the movement of a call from device to device or, from the call's
perspective, the sequence in which connections to new devices are created and cleared. In
Figure 4-10 call Clisrouted first to D2, then to D3, and finally to D4.
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Figure 4-10
Call routing

4.3.1 Call Processing

Call processing is ultimately responsible for all call routing activity asit directs the switching
resources that establish and clear connections. Call processing establishes and clears callsas a
result of:

» Commands from devices
e Commands from CTI interfaces

* Expiration of certain timers



* Feature settings (stored rules such as call forwarding13 that override normal call progress)
* Default rules that determine "normal™ call progress

When adevice creates acall, it specifies adesired destination for the call. By default, call
processing will attempt to connect the specified device to the call; the call may be redirected
many times, however, before being connected. The various features and switching services
that relate to call routing are explained in Chapter 5.

Among the telephony resources that may be present in a given telephone system are special
devices that may be associated with acall strictly as an additional step in the routing of that
call. Asaways, the call is associated with these special devices through connections, but the
states of these connections generally are either queued or alerting.

4.3.2 Park Device

A park device is a specia device with which calls may be associated in order to set them
aside, or "park," them temporarily. Connections associating acall and a park device, if
present, are in the queued state. A call associated with a particular park device later can be
picked and connected to any other device in the telephone system.

4.3.3 Pick Group Device

A pick group deviceis asingle special device associated with two or more devices (typically
stations) that form a pick group. The pick group device is comparable to the park device,
except that calls are not explicitly parked to it. In fact, it is a unique type of device that never
interacts with calls directly. Instead, the pick group device simply keeps track of all
connections associated with all of the devicesin the

4-13 Call forwar ding — Telephony features, and call forwarding in particular, are discussed in
Chapter 5. Call forwarding is afeature that allows arule to be established for the automatic
redirection of acall in the event that certain criteria are satisfied.



pick group that are in the ringing mode of the alerting state, the hold stete, or the queued state.
Depending on the implementation of the telephone system, any device in the telephone system
or just those from the pick group in question, can then request that a call be picked from those
being tracked by a particular pick group device. Devicesin the group pick their calls from the
pick group by default.

4.3.4 ACD Device

An Automatic Call Distribution device, or ACD device, distributes calls that are presented to
it. Depending on the implementation of the ACD, it may use any algorithm or logic for
determining what device in the telephone system to which to redirect acall. An ACD deviceis
sometimes referred to as a split.

When acall is presented to an ACD device, a connection in the entering distribution mode of
the alerting state usually is created. The ACD then specifies the device to which it wants the
call redirected, and the connection to the ACD is cleared. If the ACD cannot immediately
identify an available device to which to direct the call, it may either leave the call in the
alerting state or transition it to the queued state until a suitable destination is identified.

An ACD may employ other devices, including media access devices (for playing messages,
etc.) and other ACDs or ACD groups. |mplementations of ACD devices may be modeled one
of two ways. The first model involves visible ACD-related devices. In this model, any devices
employed by the ACD for interacting with the call are modeled independently from the ACD
device itsalf (with separate connectionsto the call). In the second model, non-visible ACD-
related devices, the additional resources used are all considered to be within the ACD device
itself, so only a single connection to the call is used.



4.3.5 ACD Group Device

An ACD group device distributes calls to other devices like an ACD device but it only
distributes calls to a specific group of devices that are specifically associated with its group. In
every other way, an ACD group device operates in the same fashion as an ACD device. An
ACD group device is sometimes referred to as a split or pilot number.

ACD Agents

The association between an ACD group device and a device to which calls can be redirected is
called an agent. Just as connections are dynamic entities that represent the temporary
relationship between a device and a particular call, an agent represents a similar temporary
relationship between a device and one or more ACD group devices.

Agents are created when a device associates itself with a particular ACD group. Thisis
referred to aslogging onto an ACD group. An agent is cleared after the corresponding device
logs off the ACD group.

Just as connections have a connection state, agents have an agent status. An agent's status may
be one of the following:

 Agent null

No relationship exists between the agent and the ACD group; that is, the agent is logged
off.

 Agent logged on

A relationship between the device and the ACD group has been established, but no
distribution of calls to the agent has yet begun.

» Agent not ready

The device associated with the ACD group is not prepared to receive calls distributed by
the ACD.

 Agent ready

The device associated with the ACD group is prepared to receive calls distributed by the
ACD.



 Agent busy

The deviceis dealing with a call that was directed to the device by the associated ACD
group.

» Agent working after call

The device has completed working with a call that was directed to the device by the
associated ACD group, but it is not yet prepared to deal with another call.

Agent status is used by the ACD group device for two things.

1. Routing

The ACD group will only distribute calls to devices associated with agents that have a
status of agent ready. It should be noted that agent status relates only to the status of the
agent and not to the device itself. So adevice that is busy with a call delivered by some
mechanism other than through the ACD group may have a status of agent ready.
Likewise, only the ACD groups associated with the device through the association
represented by the agent are affected by the agent's status. This means that a device still
may receive calls from any other devices.

2. Statistics

Most ACD group implementations provide detailed statistics on the activity of agents. The
amount of time that an agent had a given agent status, along with the times each call spent
gueuing before being redirected to a particular device, are generally captured so that the
efficiency of the system and its users can be optimized.

4.3.6 Hunt Group Device

A hunt group device distributes calls to a specific group of devices like an ACD group device.
However unlike the ACD group device, the group of devices served by a hunt group's
distribution function is fixed in some fashion so the concept of agents does not apply. In every



other way it behaves in the same fashion as an ACD device or an ACD group device. Hunt
group devices are al'so sometimes referred to as pilot numbers.

4.4 L ogical Device Elements and Appear ances

Every device that is able to participate directly in a call has a portion referred to asalogical
element. The concept of logical and physical device elements was illustrated in Figure 4-1.

A logical device element is aresource that is used to manage call control and switching
functionality. Such elements represent the media stream channels and signal processing
facilities used by a device while participating in calls. All telephony features and services,
except those that specifically act on components of a physical device element, act on the
logical element of adevice or a set of logical elementsin a device configuration. (Device
configurations, or the relationship between multiple logical and physical elements, are
described in section 4.5.)

A logical device element has a set of one or more call appearances that represent adevicein a
given connection. The rectangular symbol that was introduced earlier to represent devicesin
graphical notation reflects the participation of that device through a particular appearance
within the corresponding logical device element.

Logical device elements have the following attributes:
 Appearance type
» Appearance addressability

All of the appearances within a particular logical device element have the same type and
addressability.



4.4.1 Call Appearances

A call appearance, or just appearance for short, may be thought of as a "connection handler"
within alogical device element. One appearance can be associated with, at most, only asingle
call at atime (through a connection).

All switching services that manipulate a device's association with a call act on the appropriate
appearance within the logical element of that device. Appearances inherit all of the properties,
attributes, and feature settings that apply to their logical device element.

The concept of appearances within logical device elementsisillustrated in Figure 4-11. In this
case logical device element D1 (the logical element portion of device D1) has two appearances
labeled "A1" and "A2." Appearance Al is representing device D1 in connection D1C1, and
appearance A2 isrepresenting device D1 in connection D1C2.

Logical
Device

Elameant

Figure 4-11
Logical device elements and appearances

The state of an appearance is the state of the corresponding connection. If no connection is
present at a given appearance, it issaid to beidle.



4.4.2 Addressability

The addressability of an appearance refers to whether or not call processing is able to act
specifically on a particular appearance within alogical device element.

Addressable Appearances

If an appearance is addressable, call processing can explicitly manipulate and observe
connections associated with the appearance.

Addressabl e appearances are permanent and fixed in number once set and cannot be created
or destroyed. At any given time, a particular addressable appearance may or may not have an
associated call.

Non—addr essable Appear ances

If an appearance is non—addressable, call processing is unable to distinguish a particular
appearance from the encompassing logical device. In this case, the logical deviceitself is
responsible for associating each connection with one of its appearances.

Non—addressable appearances are created and destroyed as needed to handle new connections
that are associated with a particular logical device element. This behavior isillustrated in
Figure 4-12.

BEFOHE Mew Call AFTER New Call

Logical Device Elemeant
01

Logical Device Element

Figure 4-12
Non—addressabl e appearance behavior



4.4.3 Appearance Types

The type of appearances supported by a particular logical device element plays avery
significant role in determining the functionality and behavior associated with that device.
There are two appearance types:

» Standard
* Bridged

The appearance type supported by alogical device element determinesif it may be associated
with, at most, one single physical device element, or if it may be shared by multiple physical
device elements.

There are six behavior-type combinations (listed in increasing order of complexity):
* Selected—Standard

* Basic—Standard

» Exclusive-Bridged

 Basic—Bridged

* Independent—Shared-Bridged

* | nterdependent—Shared—Bridged

Standard Appear ances

Logical device elements containing standard appearances may not be shared by multiple
physical device elements, and thus also are referred to as private appearances. All of the
media streams associated with calls corresponding to the standard appearances are available
only to the physical device element (if any) associated with the logical element in question.

Logical device elements with standard appearances exhibit one of two behaviors referred to as
selected and basic.



Selected—standard Appear ance Behavior

When calls are presented to alogical device element that has sel ected—standard appearances,
the new call is presented only to asingle "selected” idle appearance.

Sel ected—standard behavior isillustrated in the example shown in Figure 4-13. In this
example, D2 isalogical device element with four addressable standard appearances.
Connection D2CL1 is being handled by appearance A2. When anew call, C2, is presented to
the device, selected—standard behavior dictates that a new alerting connection be created for a
selected appearance, in this case A3.
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Figure 4-13
Sel ected—standard appearance behavior

Basic—standard Appear ance Behavior

When calls are presented to alogical device element that has basic—standard appearances, the
new call is presented simultaneously to al of the idle appearances.

When the call is answered by one of the appearances (i.e., the connection state of the
corresponding connection transitions from alerting to connected), all of the other connections
associated with the other standard appearances are cleared and the appearances return to being
idle.



Basic—standard behavior isillustrated in the example shown in Figure 4-14. In this example,
D3 isalogica device element with four addressable standard appearances. Connection D3C1
isnon-null and is handled by appearance A3. When anew call, C2, is presented to the device,
basic—standard behavior dictates that alerting connections are established for each of the
(previoudly) idle appearances. After appearance A1 answers*14 the call, the connections that
were created for appearances A2 and A4 are cleared.
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Figure 4-14
Basic—standard appearance behavior

Bridged Appear ances

Bridged appearances differ from standard appearances in that logical elements with bridged
appearances may be associated with multiple physical device e ements.

In the case of addressable bridged appearances, the logical device element can be associated
with as many physical device elements as it has bridged appearances. Each bridged
appearance is permanently associated with a particular physical device. The media stream
associated with acall at a particular bridged appearance is available only to the corresponding
physical device element.

4-14 Answer switching service — The answer switching service will be described fully in Chapter
5. It involves taking a connection in the alerting or queued state and making it active by
transitioning it to the connected state.



In the case of non—addressable bridged appearances, the logical device element can be
associated with any number of physical device elements, and it creates new appearances as
needed. Each bridged appearance is associated with a particular physical device aslong asa
connection is present.

Typicaly each bridged appearance in alogical element is associated with a different physical
device element, but thisis not a requirement.

Bridged appearances are illustrated in Figure 4-15. In the example shown, logical device
element D4 has three bridged appearances. It is associated with physical device elements D1,
D2, and D3 through bridged appearances A1, A2, and A3, respectively. The association
between a device and an appearance is shown graphically using double-headed arrows. The
media stream associated with call C1 is accessible to physical device D1 by virtue of the fact
that it is connected using bridged appearance Al.
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Figure 4-15
Bridged appearances

Logical device elements with bridged appearances exhibit one of four behaviors:
* Basic

» Exclusive



* Independent—shared
* | nterdependent—shared
Basic—bridged Appearance Behavior

When anew call is presented to alogical device element that has basic—bridged appearances,
the call is ssimultaneoudly presented to all of the appearances.

When the call is answered by one of the appearances (the connection state of the
corresponding connection transitions from alerting to connected) all of the other connections
associated with the other bridged appearances are cleared.

Basic—bridged behavior isillustrated in the example shown in Figure 4-16. In this example,
D4 isalogical device element with four bridged appearances. When anew call, C1, is
presented to the device, basic—bridged behavior dictates that alerting connections are
established for each of the (previously) idle appearances. After appearance A4 answers the
call, the connections that were created for appearances A1, A2, and A3 are cleared.
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Figure 4-16
Basic—bridged behavior



Exclusive-bridged Appearance Behavior

When anew call is presented to alogical device element that has exclusive-bridged
appearances, the call is presented simultaneously to all of the appearances.

When the call is answered by one of the appearances (i.e., the connection state of the
corresponding connection transitions from alerting to connected), all of the other connections
associated with the other exclusive-bridged appearances are blocked from further use until the
connection to the appearance that answered is cleared.

Exclusive-bridged behavior isillustrated in the example shown in Figure 4-17. In this
example, D4 isalogical device element with four bridged appearances. When anew call, C1,
Is presented to the device, exclusive-bridged behavior dictates that alerting connections are
established for each of the bridged appearances. After appearance A4 answersthe call, the
connections that were created for appearances A1, A2, and A3 are blocked from further use by
transitioning to the fail state.
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Figure 4-17
Exclusive-bridged behavior

If the exclusive appearance places its connection to the call on hold, all of the connections at
the bridged appearances transition to hold. Exclusivity is restored once again when any one of
the connections transitions to the connected state and the others transition to the fail state.



Shared-bridged Appearance Behavior

Shared-bridged appearances behavior (also known as shared bridging) has two cases, referred
to as independent and interdependent. Shared bridging is the most important form of bridged
appearances because it is the most common.

As with the other cases of bridging, when anew call is presented to alogical device element
that has shared—bridged appearances, the call is presented simultaneously to all of the
appearances.

In the case of shared bridging, however, when one appearance answers acall it becomes the
appearance participating415 in the call; the other shared—bridged appearances become
Inactive. The connections associated with the inactive appearances all transition to the queued
state. Thisisillustrated in Figure 4-18. In this example, A4 answers the call and the
connections handled by A1, A2, and A3 al transition to the queued state.

BEFORE A4 Answers Call AFTER A4 Answers Call

Logical Device Elemant Logical Device Elameant

Figure 4-18
Shared-bridged behavior

The key feature of shared bridging is that any of the appearances that are in the inactive mode
(i.e., are handling a connection in the queued state) can answer at any time and be added to the
call. Figure 4-19 continues the example from above. Shared-bridged appearance A2 answers
call C1 and joins A4 as another participant in the call.

4-15 Participation — An appearance is considered to be participating in acall if its connection isin the connected or hold
state.



Appearances Al and A3 remain in the queued state. Additional appearances can be added to
the call, up to alimit set by the telephone system implementation.

BEFORE A2 Answers Call AFTER AZ Answers Call

Logical Device Element Logical Device Element

Figure 4-19
Shared-bridged behavior: adding a second appearance

When an appearance drops*16 out of a call, it becomes inactive and the corresponding
connection transitions to the queued state. Thisisillustrated in Figure 4-20. Here the example
continues with A4 dropping from the call.

The call remains with the set of shared—bridged appearances represented by a given logical
device element as long as at |east one of the appearancesis participating in the call.

The two forms of shared—bridged appearance behavior, independent and interdependent, differ

In how appearances are affected when another appearance redirects acall or putsacall on
hold.

4-16 Clear connection switching service — Dropping from acall is synonymous with clearing a
connection to the call. The clear connection switching service will be described fully in Chapter 5.
Normally the clear connection service transitions connections to the null state; in the case of
shared-bridging, however, it transitions them to the queued state if other appearances in the same
logical element are participating in the call.



BEFORE Ad Drops Call AFTER A4 Drops Call

Logical Device Element Logical Device Element

Figure 4-20
Shared—-bridged behavior: dropping an appearance

I ndependent—shar ed—bridged Appear ance Behavior

In the case of independent—shared—bridged appearance behavior, when an appearance that is
participating in acall moves the call away from the device, it has no effect on the other
appearances unless it was the last participating appearance in the logical device element on the
call. If it wasthe last, then the call is dropped from the whole logical device element. These

two cases are illustrated in Figure 4-21 and Figure 4-22.

BEEFORE AZ Transfers Call AFTER A2 Translers Call

Logical Device Element Logical Device Element

Figure 4-21
Independent—shared—bridged behavior: A2 and A4 active

In Figure 4-21, both A2 and A4 are participating in the call when A2 transferst17 it.
Afterwards, A2 is queued and D7 remains associated with the call.



BEFORE A2 Transfars Call AFTER A2 Transfers Call
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Figure 4-22
I ndependent—shared—bridged behavior: only A2 is active

In Figure 4-22, only A2 is participating in the call when A2 transfersit. Afterwards, the call
has left device D7 entirely.

Hold4-18 works similarly in the case of independent—shared—bridged appearances. If an
appearance places a call on hold, and there are other participating appearances in the logical
device element on the call, then only the connection corresponding to the appearancein
guestion is affected. All the connections are placed in the hold state only if the appearance was
the last participating one.

I nter dependent—shar ed—bridged Appear ance Behavior

In the case of interdependent—shared-bridged appearance behavior, when any appearance that
Is participating in a call moves the call away from the device, the call is dropped from the
whole logical device element. Thisisillustrated in Figure 4-23.

Hold works similarly. If any appearance places a connection in the hold state, all the
connections are placed in the hold state.

4-17 Transfer switching service— The transfer switching service will be described fully in Chapter
5, section 5.12. It involves moving a call to adifferent device.

4-18 Hold switching service — The hold switching service will be described fully in Chapter 5, section
5.11.1. It involves suspending the media stream associated with a particular connection.



BEFORE A2 Transfers Call AFTER A2 Transters Call
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Figure 4-23
I nterdependent—shared—bridged behavior

4.5 Device Configurations

A device configuration describes the arrangement of the various elements and appearances
that can be associated with a given device. An endless variety of different device
configurations may be formed from the possible combinations of physical elements, logical
elements, and different appearance types.

Device configurations are described in terms of a specific base device. The following
attributes determine the device configuration for a particular device:

* Physical element (Y es/No)

* Physical element's other associated logical devices
* Logical element (Yes/No)

* Logical element's other associated physical devices
e Logica element's addressability

* Logica element's behavior-type

» Maximum/total appearances

Collectively these attributes can be thought of as the device configuration attribute for a
specific device.

This section looks at a number of typical, or foundational, examples that illustrate how device
configurations may be formed. (In Chapter 10 we will look at how these are applied in
telephone system implementations.)



4.5.1 Logical Element Only

A logical element only device configuration consists, as the name suggests, of only alogical
device element containing non-addressabl e standard appearances. Generally all devices other
than station devices have logical element only device configurations.

The logical element only device configuration illustrated in Figure 4-24 has the following
attributes:

* Physical element: No

* Physical element's other associated logical devices: N/A

* Logical element: Yes

* Logica element's other associated physical devices. None
* Logical element's addressability: Non-addressable

* Logical element's behavior-type: Selected—Standard

* Maximum/Total appearances. unlimited4-19

Figure 4-24
Logical element
only device
configuration

4-19 M aximum appear ances — In a product implementation, the maximum number of
non—addressabl e standard appearancesistypically limited to some predetermined maximum.



4.5.2 Basic

A basic device configuration consists of a single physical device element associated with a
single logical device element that contains non—addressabl e standard appearances. This device
configuration applies to simple station devices.

The basic device configuration illustrated in Figure 4-25 has the following attributes:
 Physical element: Yes

» Physical element's other associated logical devices. None

e Logical element: Yes

* Logica element's other associated physical devices. None

* Logica element's addressability: Non—addressable

* Logica element's behavior-type: Selected—Standard

» Maximum/total appearances: Unlimited4-19

Figure 4-25
Basic device
configuration

In thisillustration, the labels"L" and "P" are used to denote logical and physical device
elements respectively. In Figure 4-25 the appearance "well" symbol represents a pool of
non—addressabl e standard appearances.



Another variation of the basic device configuration involves two different devices that are
associated with each other: one with only alogical device element and one with only a
physical device element. Thisisillustrated in Figure 4-26. From the perspective of the
physical device element P1, the device configuration in this example can be represented as
follows:

* Physical element: Yes
» Physical element's other associated logical devices:
- L2 (Non—addressabl e/ Sel ected—Standard)
* Logical element: No
* Logical element's other associated physical devices. None
* Logical element's addressability: N/A
* Logica element's behavior-type: N/A

» Maximum/total appearances. N/A

Figure 4-26

Basic device
configuration
consisting of
two devices

4.5.3 Multiple Logical Elements

A multiple logical elements device configuration consists of a single physical device element
associated with multiple logical device elements that each contain standard appearances. This
is a common device configuration for multiple line station devices.



One example of amultiple logical elements device configuration isillustrated in Figure 4-27.
It has the following properties:

* Physical element: Yes
» Physical element'’s other associated logical devices:
- L2 (Non—addressabl e/ Sel ected—Standard)
* Logical element: Yes
* Logical element's other associated physical devices. None
* Logical element's addressability: Non—-addressable
* Logica element's behavior-type: Selected—Standard

» Maximum/total appearances. 1

Figure 4-27
Multiple logical elements device
configuration

Aswe saw with the basic device configuration, none of the logical device elementsin this
device configuration need be part of the same device as the physical device element.

Multiple logical element device configurations allow a single physical element (atelephone
set) in atelephone system supporting only one appearance per logical device element to have
access to multiple calls simultaneously. Other telephone system features usually are set so that
If anew call arrivesfor alogical element with an appearance that isnot idle, it will be
redirected to another logical device el ement within the same device configuration.



4.5.4 Multiple Appearance

A multiple appearance device configuration consists of a single physical device element and a
single logical device element containing two or more addressable standard appearances.

One example of a multiple appearance device configuration isillustrated in Figure 4-28. It has
the following attributes:

 Physical element: Yes

» Physical element's other associated logical devices. None
e Logical element: Yes

* Logica element's other associated physical devices. None
* Logica element's addressability: Addressable

* Logica element's behavior-type: Selected—Standard

» Maximum/total appearances: 3

P-1

.
4
L:1

Multiple appearance device
configuration

Multiple appearance device configurations are another way to allow a single telephone set to
have access to multiple calls simultaneously.



4.5.5 Bridged

A bridged device configuration involves, as the name implies, bridged appearances. The form
of a bridged device configuration therefore depends on whether the base of the device
configuration is aphysical or logical element.

In the example presented in Figure 4-29, the device configuration shown isfor logical device
element L 3, which has bridged appearances. It has the following attributes:

* Physical element: No
* Physical element's other associated logical devices: N/A
e Logical element: Yes
* Logical element's other associated physical devices:
- P1 (using appearance A1)
- P2 (using appearance A2)
* Logical element's addressability: Addressable
* Logical element's behavior-type: Shared-Bridged

» Maximum/total appearances. 2

-
P P2
\ A A
>
L:3 | ‘

Figure 4-29
Bridged device configuration for
alogic device element



The device configuration for one of the physical device elementsin thisexampleis shownin
Figure 4-30. It has the following attributes:

 Physical element: Yes
* Physical element's other associated logical devices:
- L3 (using bridged appearance A1)
* Logical element: No
* Logical element's other associated physical devices: N/A
* Logica element's addressability: N/A
* Logica element's behavior-type: N/A

» Maximum/total appearances. N/A

\ A A
>
L:3 | |

Figure 4-30
Bridged device configuration: for
aphysical device element

4.5.6 Hybrid

A physical device element associated with multiple logical device elements, each of which
have different types of appearances, is said to have a hybrid device configuration.

In practice, most station devices are one of the typical device configurations described earlier.
Hybrid device configurations are not at all uncommon, however, given the steady increasein
telephone systems that support both standard and bridging appearance functionality
simultaneously.



An arbitrary example of ahybrid device configuration is shown in Figure 4-31. It has the
following attributes:

* Physical element: Yes
» Physical element'’s other associated logical devices:
- L2 (with non—addressabl e standard appearances)
- L3 (using bridged appearance A1)
- L3 (using bridged appearance A2)
e Logical element: Yes
* Logical element's other associated physical devices. None
* Logica element's addressability: Addressable
* Logical element's behavior-type: Selected—Standard

» Maximum/total appearances. 3.
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Figure 4-31
Hybrid device configuration

4.6 Addressing Devices

Now that we have seen how telephone systems, networks, and their resources allow the
interconnection of device elements, and how complex device configurations can be formed,
we turn to the subject of addressing. This refersto the means for referencing a particular
device, element, or appearance of interest somewhere in a telephone network, or in a specific
set of telephony resources.



4.6.1 Directory Numbers and Dial Plans

The addressing scheme for a telephone network is referred to asits number plan or dial plan.
Telephone networks are hierarchical in nature, so each subset of atelephone network
incorporates and expands on the dial plan of the larger network. Telephone networks that
interconnect either encapsulate their neighbors' dial plans or provide a means of trandlating to
them.

The address for a particular logical device in atelephone network is adirectory number or,
less precisely, a phone number.

If atelephone system allows a number of devicesto share one or more network interface
devices for access to an external network, then these devices are referred to as extensions. The
extensions share the directory numbers assigned by the external telephone network to the
shared network interface devices. Extensions have their own directory number inside the
telephone system (typically oneto five digitsin length), but may or may not be directly
addressable by devices outside the telephone system.4-20

A prefixisadigit or sequence of digits that indicates that a given dial plan ruleisto be used
for interpreting the rest of the sequence. Typically thisis used to indicate that a call isto be
established using a particular network interface device, carrier, or some other specific
resource. For example, the digit "9" is often used to indicate that a sequence isto be
interpreted as an external phone number.

420 DID and DIL — DID or Direct Inward Dialing is a service provided by the external network in
which awhole block of directory numbersis associated with a particular network interface device
(or group of network interface devices). Any call at that network interface device is then connected
to aparticular extension in the telephone system, based on the originally requested directory
number. With DIL, or Direct-In-Line, all callsto a particular network interface device are aways
connected to the same internal device. For more information on DID and DIL, see Chapter 5,
section 5.6.2 and Chapter 10, section 10.9.6.



4.6.2 Addressing in the Public Network

The International Telecommunications Union, or ITU, isresponsible for setting standards for
interoperability in the PSTN (the worldwide telephone network). The ITU has defined the
basic elements that make up atelephone number. These are described bel ow:

 Country code

The country code portion of atelephone number isaone-, two-, or three-digit code that
indicates the top-level network to which the number belongs. It refers either to a country
like Bosnia (country code 387) or India (country code 91), for example, or aregion like
North America (country code 1) covered by an integrated numbering plan. TheITU is
responsible for assigning4-2! the unique country codes that make up the first tier of the
worldwide numbering plan.

» Areacode

The area code portion (which may or may not apply to a given network, and is optional in
certain networks) refersto acity or a particular region within the network specified by the
country code. For example, the area code for British Columbiais 604 and the area code
for Moscow is 095. The rules governing area codes are formulated uniquely within each
network designated by a distinct country code. For example, in the North American
numbering plan (NANP), area codes are always three digits long and, until recently, the
middle digit had to bea"0" or a"1".4-22 In some networks, area codes are al of uniform
size; in others they may vary from areato area. In some networks every addressable
device has an area code, but in others this not a requirement. In France, for example, until
recently all numbers within Paris had area code 1 and all numbers outside of Paris had no
area code.

4-21 Country code definitions — Refer to ITU-T-E. 163 for the official standard country code
definitions. Y our local telephone book should include an up-to-date list of country codes.



» Subscriber number

The subscriber number specifies a particular logical device within a particular local
network. The restrictions on the formation of subscriber numbers are once again specific
to the network represented by a given combination of country code and area code. In the
North American numbering plan, subscriber numbers are always seven digits.423 A North
American subscriber number might be 555-1234, but in asmall village in Chinaa
subscriber number might be just 12.

» Sub-address

The sub-address portion of atelephone number, which may or may not apply to agiven
network, refers to a particular device that is sharing a subscriber number with other
devices through bridging. It allows reference to a specific bridged appearance.

Both ITU and ECMA (formerly the European Computer Manufacturing Association) also
have defined a collection of digit sequence notations that define how tel ephone systems may
interpret the sequences of digits representing tel ephone numbers exchanged between
components in a telephone network. The specific notations are described in the sidebar
"Standard Telephone Number Exchange Notations."

4-22 North American Numbering Plan — Until January 1, 1995, the number of area codesin the
North American Numbering Plan was limited to 152 because 2 through 9 are the only legal values
for the first digit (O and 1 are reserved) and the second digit had to be O or 1. The restriction on the
middle digit was applied to ensure that there would be no overlap between the set of numbers used
as area codes and the first three digits of subscriber numbers (referred to as the central office code).
After January 1, 1995, the "middle digit restriction” was relaxed, which resulted in a set of 792 area
codes and expanded the overall potential size of the North American network from approximately 1
billion subscriber numbers to over 6 billion.

4-23 North American Numbering Plan — The first three digits of a subscriber number in the North
American Numbering Plan are referred to as the central office code or exchange code. The next four
digits are referred to as the subscriber code. All of the devices with acommon exchange code are
generaly part of the same telephone system and have a common switching resource.



Standard Telephone Number Exchange Notations

ITU and ECMA specifications provide the following list of notations that telephony resources
in apublic or private telephone network can use to convey how addressing information
associated with acall isto be interpreted. Each of these notations is associated with araw,
unpunctuated sequence of digits intended for machine, not human, consumption.

The notation names use the acronym TON, which stands for Type of Number. The formats
defined are;

Implicit TON
Example: "01133112345678"

This notation indicates that the addressis adigit string that includes all of the digits originally
dialed to specify the destination for the call, including any prefixes. In this example the first
three digits are the prefix for international direct dialing ("011"). The next two digits are the
country code ("33" for France). Thisisfollowed by the single digit area code (1" for Paris),
and finally the eight digit subscriber number (*12345678").

Public TON —unknown
This notation indicates that the meaning of any digits presented is unknown.
Public TON —inter national number
Example: "33112345678"

This notation indicates that the digits presented include the complete digit sequence for an
international telephone number. Thisis the same destination used in the first example, but in
this case the sequence does not include prefixes. It is simply the concatenation of country
code, area code, and subscriber number.

Public TON — national number
Example: "112345678"

This notation applies only to calls that remain within a country network, because it specifies
that the country code is omitted. In this example, the country code is assumed, so the sequence
Is a concatenation of only the area code and subscriber number.




Standard Telephone Number Exchange Notations (Continued)
Public TON —subscriber number
Example: "12345678"

Thisnotation isfor local calls. In this example we are left with only the digits of the subscriber
number; everything else is assumed.

Public TON —abbreviated
Example: "611"

Thisformat is used when the public network supports an abbreviation of telephone numbers.
Thisincludes "super speed-dia” numbers and specia network numbers. In this example a call
originating in North Americais being placed to alocal carrier's repair number. By specifying
that abbreviated notation is being used, the network recognizes "611" as a short form, or
abbreviation, of the carrier's repair number.

Private TON —unknown; —level 3regional; —level 2 regional;
—level 1 regional; —local; —abbreviated

Example: "245645678"

There are private network versions of each of the public network formats described above.
The only difference between the private and public versions are that the knowledge of the dial
plan needed to decode the private network formats are specific to a particular private network
or portion thereof. The digit string in the example might be used with any of these notations.
Suppose the notation was specified as level 3 regional. The telephone system would need to
know that for the private network in question the level 3 regional codes are 1-digit, the level 2
codes are 2-digit, the level 1 codes are 1-digit, and the remainder of the digits are a subscriber
number. With this knowledge, plus the indication that level 3 regional notation was being
used, the system would know that the number in question was: level 3"2", level 245", level
1"6", and subscriber number "45678".

For more information on these standards, consult the following standards documents:. ITU-T-
E.160, ITU-T-E.131, and ECMA-155.




4.6.3 Dial Strings

When acall isinitiated, the most common way to specify the desired destination deviceis
through adial string or a sequence of dialable digits. A sequence of dialable digits may
include:

* Digits making up al or part of adestination device's directory number;

» Embedded commands that direct the telephone system to use a particular external network,
carrier, or routing logic;

» Embedded commands that direct the telephone system to wait for a period of time to pass,
wait for silence, wait for adial tone, wait for billing tones, or wait for additional digits; and

* Digitsthat represent billing or other information distinct from the destination device address.

The characters that may be used in adia string in a given instance depend on the interface
being used for issuing the dial string and the subset of possible characters supported by a
particular implementation. See the sidebar "Dialable Digits Format" for the complete set of
charactersin adial string, their meanings, and some examples. The examplesillustrate both
the power of referencing devices using dial strings, as well as the disadvantages of this
approach.



Dialable Digits For mat

Dialable digits format consists of a sequence of up to 64 characters from the set of characters
listed below.

Each character in the sequence represents adigit to dial or an embedded command of some
sort. Every telephone system implementation supports the twelve characters found on all
telephone keypads (‘0" through '9', *', '#') but the rest of the characters defined are optional.

The defined characters are:

. '0—9"*"# Digitsto be dialed or DTMF tones to generate

. 'A'-F DTMF tonesto generate

. 'I'"Fash the hookswitch

. 'P All digitsthat follow are to be pulse dialed

. 'T"All digitsthat follow areto be tone dialed

. ' Pause

. 'W' Pause until dial tone is detected

. '@' Pause until ringback followed by a period of silence is detected
. '$ Pause until billing tone (bong tone) is detected

. ;' Pause for another dial string to follow

These characters can be placed into the sequence in any order or combination. For example, a
sequence of multiple comma characters would result in along pause.

The following are some typical examples of dialable digits format. In each case acall isbeing
placed to the same destination: extension 789 behind the directory number 555-1234 in New
York City.

Example: " 789"
In this example the caller is using the same telephone system, so the call isinternal to the

telephone system itself.2 The digit sequence consists of only the digits of the extension number
"789".




Dialable Digits Format (Continued)
Example: " 321789"

In this example, acall is being initiated from a telephone system in Portland that is part of the
same private network as the telephone system in New Y ork. The "321" indicates that atie
lineb between the two telephone systemsiis to be used. Thisis followed by "789", the
extension number. No embedded commands for pausing are needed because the private
network allocates thetie line very quickly and al signaling is managed transparently.

Example: " 19,12125551234@789"

In this example, the call is being placed from a public telephone in France. The digits " 19"
instruct the telephone system to allocate a network interface for an international call. The
comma indicates that the dialing should be paused for the last embedded command to
complete. The digit "1" indicates that the call is directed to North America, the digits "212"
indicate the destination is New Y ork City (specifically Manhattan), and the seven digits "555-
1234" indicate the desired subscriber number. The "@" character tells the telephone system to
wait until it detects that ringing has stopped, the call has been answered, and there is silence
again. The telephone system at 555-1234 answers the incoming call using an auto-attendant
that waits for the desired extension to be dialed. When silence is detected, the final three digits
in the sequence, " 789", are dialed.

Example: " 9,1028802125551234$88844466669999@ 789"

In this example the caller is using a telephone system in Los Angeles. The digit "9" indicates
that the telephone system should allocate the first available network interface device
associated with the local carrier. As before, the comma means to wait; we need to give the
previous command some time. The digits "102880" indicate that the call is to be placed using
an AT&T credit card. The digits "2125551234" are the area code and subscriber number. The
"$" indicates that the telephone system should pause until it hears the bong tone from the
AT&T credit card system. The dialing then continues with the digits "88844466669999",
which comprise the caller's credit card number. Finally the telephone system waits for the
destination to answer and go silent; it then continues with " 789", the extension number.




Dialable Digits Format (Continued)
Example: " 4W5551234@789"

In this example, the call is being placed from a telephone system in Toronto. The "4" indicates
that the telephone system is to use a special foreign exchange line that connects directly to the
local network in New Y ork City. Once again we need to pause while thisis going on, however
because the delays in setting up this connection vary, and because this system delivers dia
tone once the connection to New Y ork is established, the "W" command isused. Thecall is
being placed asalocal call onthe New York City network (even though it actually is being
initiated from Toronto), so the number dialed includes only the subscriber number "5551234".
The example then proceeds as before, with await for silence and the dialing of the extension.

A disadvantage of referencing devices using dial stringsis that determining what dial string to
use to refer to a particular destination depends on location, knowledge of the dial plan at that
location, and knowledge of the supported subset of the dialable digits format implemented in
the telephone system about to be used. A second disadvantage is that the embedded commands
in dialable digits format are applicable to the placing of calls but not to monitoring or
manipulating a device in some other way. This means that separate references to the same
device may be expressed differently when using dialable digits format.

Diadl strings are the only form of device reference that can be entered using any telephone
keypad, however, so they are the one format, and in many cases the only format, supported by
every telephone system.

a|nternal calls— Internal calls are calls local within a private telephone system and are sometimes
referred to asintercom calls.

b Tielines— A tielineis a dedicated transmission facility linking two telephone systems in a private
or virtual private network.



4.6.4 Canonical Phone Numbers

Canonical phone number format was developed in order to overcome the limitations of dial
strings. It allows for the specification of location-independent, absolute referencesto a
particular device in atelephone network.

Canonical numbers are meant for use by people (on stationery, business cards, personal
calendars, etc.), by computers (in scheduling programs, personal information managers,
databases, etc.), and by telephone systems. As aresult, the format uses punctuation that is easy
for a person to write and for a computer or telephone system to interpret.

Phone numbers expressed in canonical representation can be absolute because they allow the
inclusion of all the information necessary to identify a particular device, regardiess of the
context. For example, a particular device could be called from within the same telephone
system, from a different telephone system, or from anywhere in the public network using the
same canonical number. In each case, the information necessary to establish acall from the
location in question is intelligently extracted from the canonical phone number.

A device reference in canonical phone numbers may include:
* A country code, area code, and subscriber number;

* A sub-address and/or extension number; and

* A name

Various portions of the canonical format are optional. Incomplete canonical numbers are
interpreted based on other context information. For example, if agiven canonical number
included only a name, a telephone system with access to a directory could simply ook up the
name and establish a call to the corresponding person. Other portions not provided are
appropriately interpreted as either not being applicable to the device, or as being the same for
the location of the caller. See the sidebar " Canonical Phone Number Format" for the complete
set of symbols used in acanonical phone number and their meanings,



Canonical Phone Number For mat

Canonical phone number format consists of a sequence of up to 64 characters using the
following syntax:

O<[DPR1, DPR2, . .., DPRn] +CC (AC) SN *SA XEXT>NM

The bold items are symbols that are replaced by the appropriate data. The other symbols are
delimiters used to punctuate the string. The different portions of the canonical number are as
follows:

. 'O' Theleading 'O' indicates that this number isin canonical format. In practice, the 'O’
isonly used when communicating canonical numbers electronically. People do not
require this character, so it will not appear in what they see and use.

. '<'">'The angle brackets indicate that a name (NM) isincluded in the canonical
number. If no name is present, the angle brackets are not present. If anameis present,
they enclose the rest of the canonical number.

. ['"] The square brackets indicate that alist of one or more dia plan rule strings
(DPRs) isincluded in the canonical number. A dial plan rule specifies how the other
portions of the canonical number are to be interpreted. Most often the canonical
number refers to a device in the public telephone network, so no dial planruleis
required. If the deviceisin a private network, however, the dial plan rule identifies the
private network involved. If multiple dial plan rules are required, they are separated by
commas.

. '+' The'+' character indicates the presence of a country code (CC).

« '('")' The parentheses enclose the area code (AC) portion of the canonical phone
number. The presence of adial plan rule for a private network might indicate that this
portion isto be interpreted as a subnetwork.

« SN Thisrepresents the actual subscriber number portion of the canonica phone
number. It is required for use with the public network.

. *'The ™' character indicates the presence of a sub-address (SA).

. X' The'x' character indicates the presence of an extension number (EXT).

« NM This represents the name associated with the device being referenced.




Canonical Phone Number Format (Continued)

All portions of a canonical phone number are optional. However, a canonical number is
required to include at least a subscriber number, extension number, or name. If the area codeis
not included and there are no dial plan rulesindicating thisis a private network reference, the
area code will be interpreted either as not applicable, or as being the same as that of the device
Interpreting the number (depending on the country code). If the country code is not included
and there are no dial plan rulesindicating thisis a private network reference, the country code
will be interpreted as being the same as that of the device interpreting the number.

The following are two examples of complete device referencesin canonical phone number
format for extension 789 behind the directory number 555-1234 in New Y ork City.

Example: " O+1(212)555-1234x789"
Example: " O<+1(212)555-1234%x789>John Smith"
The following are other examples of device referencesin canonical phone number format:
Example: " O[MY NET](4)x40220"

In thisexample, adial plan rule ("MYNET") indicates that the device referenced isin the
private network MY NET. The area code ("4") is then interpreted as a particular subnetwork in
MY NET and "40220" is a particular extension on that subnet.

Example: " O+33(1)12.34.56.78* 06"

In this example, the canonical phone number refersto a particular bridged device with a sub-
address of "06" at the subscriber number "12.34.56.78" in Paris (country code "33" and area
code"1").

Example: " 0555-1234"

In this example the canonical phone number is only partially specified. It isavalid device
identifier in canonical format, but it requires the interpreter to assume the missing information.
In this case, if the interpreter were in New Y ork City, the country code would be assumed as
"1" and the area code would be assumed as "212".




Canonical Phone Number Format (Continued)

Example: " Ox40220"

Thisis another example of a partialy specified device in canonical number format. In this case
the device in question is extension "40220" in the telephone system being used.

Example: " O<>John Smith"

Canonical numbers support call by name, that is, specifying the destination as a name that is
then resolved by a computer or by the telephone system.

At the moment, canonical representation is used primarily by computers, which translate them
into appropriate dial strings for telephone systems. This will change as telephone systems
become more intelligent.

4.6.5 Switching Domain Representation

Another phone number format is the switching domain®24 representation. This representation
Is used to specify a particular device, element, or appearance within a particular telephone
system.

When this representation is used, the directory number notation (see the sidebar " Standard
Telephone Number Exchange Notations") must also be specified along with the phone number
to allow interpretation of the directory number portion.

Thisformat for referencing devices is the preferred format for references to devices within a
given telephone system (as opposed to those in an external network) because it allows precise
references down to the level of specific appearances and agents. See the sidebar " Switching
Domain Representation Format™ for the complete set of symbols used in this format and their
meanings.

4-24 Switching domain — The term switching domain is defined in Chapter 6.



Switching Domain Representation For mat

Switching domain representation format consists of a sequence of up to 64 characters using
the following syntax:

N<DN *SA & CA % AID>NM

The bold items are symbols that are replaced by the appropriate data. The other symbols are
delimiters used to punctuate the string. The different portions of the switching domain
representation are as follows:

. 'N' Theleading 'N' indicates that this reference is in switching domain format.

. '<"'>'The angle brackets indicate that a name (NM) isincluded in the device reference.
If no name is present, the angle brackets are not present. If a name is present, they
enclose the rest of the device reference.

. DN This represents the directory number portion of the phone number.

. *'The ™' character indicates the presence of a sub-address (SA).

. '&'The'&' character indicates the presence of a call appearance reference (CA).

« '% The'%' character indicates the presence of an agent ID reference (Al D).

. NM This represents the name associated with the device being referenced.

All portions of this representation are optional. However, adevice reference in thisformat is
required to include at least a directory number or agent ID.

The following are examples of device referencesin switching domain representation for
extension 789 behind the directory number 555-1234 in New Y ork City.

Example: " N789"

In this example, the given directory number notation is"Private TON - local." The digits
"789" reference the device as an extension with directory number 789 in the telephone system
In question.




Switching Domain Representation Format (Continued)
Example: " N789& 02"

In this example, the given directory number notation is"Private TON —local." "02" references
a specific call appearance on the device in the telephone system in question with the directory
number identified by "789".

Example: " N<12125551234>John Smith"

In this example, the given directory number notation is"Public TON — international.” Thisis
the device reference that a telephone system outside of North Americawould use if acall from
this device had been received. Extension 789 shares the network interface device identified in
the external network by "5551234" so it would be referenced using that number across an
external network.

Example: " N5551234"
In this example, the given directory number notation is " Public TON — subscriber." Thisisthe
device reference that another telephone system in New Y ork City would useif acall from this
device had been received. As with the previous example, "5551234" refers to the subscriber
number used because extension 789 shares the network interface device and only this number
isvisible in the public network.
The following are other examplesiillustrating the use of this format in reference to devices
within a particular telephone system. The given directory number notation is therefore "Private
TON —loca" in each case.

Example: " N% 604"

This exampleis areference to the device associated with agent ID "604".

Example: " <N% 604>John Smith"

This example is areference to the device associated with agent ID "604" and the name "John
Smith".

Example: " N40220* 02"

This exampleis areference to bridged appearance "02" on the extension with number
"40220".




4.6.6 Device Numbers

The fourth type of device reference is the device number. In most telephone systems, every
single device isinternally assigned a unique device number. Some implementations allow
devicesto be referenced directly using these numbers.

See the sidebar "Device Number Format" for a description of the components of this format.

Device Number Format

Switching domain representation format consists of a sequence of up to 64 characters using
the following syntax:

\N

The bold items are symbols that are replaced by the appropriate data. The other symbols are
delimiters used to punctuate the string. The different portions of the switching domain
representation are as follows:

. '\'Theleading \' indicates that this reference isin device number format.
« N Thisrepresents the number associated with the device being referenced.

All portions of this representation are optional. However, adevice reference in thisformat is
required to include at least a directory number or agent ID.




4.7 Review

Devices are resources responsible for consuming and generating the media streams and control
information associated with calls. A network interface device can be used to establish calls
between one tel ephone system and an external telephone network. Other device types include
station, park, pick group, ACD, ACD group, or hunt group. Devices may include alogical
element, or a physical element, or both.

Physical device elements consist of components that make up the physical interface of a
device. These components include hookswitches, auditory apparatuses, buttons, lamps,
message waiting indicators, displays, and ringers.

Logical device elements represent sets of call appearances of a particular type. Each call
appearance (appearance for short) that alogical element possesses enablesit to participate in a
call. Appearances have associated types and behaviors. The set of type-behavior combinations
are dynamic, basic—static, selected—static, basic—bridged, exclusive-bridged,
Independent—shared-bridged, and inter dependent—shared—bridged. Appearances may be
addressable or non—addressable. An appearance that isnot involved inacall isidle.
Exclusive-bridged appearances may be blocked from a call and shared—bridged appearances
may be either participating or inactive with respect to acall.

Device configurations describe the relationship between a particular device element and the
device elements associated with it.

Device addressing refers to the ways that a particular device or appearance can be referenced.
Addressing formats include dial strings, canonical phone numbers, switching domain
representation, and device numbers.

Now that a complete abstraction of telephony resources and their attributes has been defined,
we can explore the features and services that can be implemented by manipulating these
resources in well-defined ways.









Chapter 5
Call Processing Features and Services

This chapter presents the call processing features and services commonly available in
telephone systems independent of any CTI interface. These are referred to as call control, call
associated, and logical device features and services. (Telephony features and services that are
specific to aCTI interface are covered in Chapter 6.)

The preceding chapter explored a universal abstraction of telephone systems as tel ephony
resource sets. Now we will breathe some life into these resources by seeing how they work
together to deliver standard telephony features and services. As was true of the telephony
resources themselves, these features and services are the result of international and industry
standardization efforts. The resulting abstraction presented here represents a superset of the
most frequently used telephony functionality. In other words, every vendor's product has a
different combination of features that differentiates their product, but all of the significant
features are represented here. Every telephony vendor has at |east a few unique names for
standard features, so popular aternative or proprietary terms are also referenced wherever

appropriate.



Telephony features and services available to a given device or telephone system depend upon
the telephony features and services provided by the telephone system or by an external
network respectively. Making telephony features available (and billing for them if appropriate)
isreferred to as subscribing to a feature or service. The set of features and services available to
agiven device from its telephone system, or to a telephone system from an external network,
isgenerally referred to as its class of service.

5.1 Basic, Supplementary, and Extended Services

Telephony services are operations that a telephone system may perform in response to
commands from the system's devices or from a CTI interface. (Additional servicesthat are
specific to the CTI interface are presented in Chapter 6.)

Services are frequently grouped into three classes:
 Basic

Basic telephony services refer to the lowest common denominator for all telephone
service, specifically the ability to place, answer, and hang up calls.

* Supplementary

Supplementary services refer to al the other well-defined services beyond the basic
services.s1

* Vendor specific extensions or Extended

Vendor specific extensions, also called extended services, are the services beyond the
supplementary services unique to a particular vendor or product.

5-1 Service naming — The term supplementary services specifically appliesto the functionality of
the services. The names used by different telephony and operating system vendors to refer to
specific supplementary services vary. This book uses the terminology established by ECMA, Versit,
and other standards-setting groups. Wherever appropriate, alternate names are provided.



This chapter presents the basic services, followed by the most popular supplementary services.
Features unique to the products of a particular vendor are not represented here (though CTI
interface support for vendor specific extensions is described in Chapter 6.)

5.2 Features

In addition to atelephone system's ability to respond to commands for switching services, the
telephone system may track certain pieces of information about a call or device, manage
timers associated with certain activities, or establish settings that govern call progressin some
way. These are all referred to as features.

The term feature interaction refers to the ways that normal call progress may be affected by
the certain features that may be in effect for a particular device.

In this chapter we will be describing all of the most popular telephony featuresin terms of the
concepts presented in Chapter 3.

5.3 Basic Services

Basic services often are described as being the telephony functions available with a POT S>-2
phone. It is the lowest common denominator for all telephone service:

* Placing calls
» Answering calls
» Hanging up calls

This section will explore each of these basic services. Later we will take a closer look at each
one with respect to its use in the context of richer supplementary services.

52 POTS— POTS stands for Plain Old Telephone Service. It refers to traditional tip-and-ring
analog telephone lines with only dial-answer-hangup functionality. POTS serviceis described
further in Chapter 8.



5.3.1 Make Call

The formal name for the service that places callsis make call. This service, in its ssmplest
form, does the following:

* Creates anew call
* Creates a new connection between the calling device and the call
* Routes the call to the destination (the called device) specified

In the basic case of the make call service, the operation is complete when the calling device
has a connection to the new call in the connected state>-3 and the called device has a
corresponding connection in the alerting, connected, fail, null, or queued state. Thisisreferred
to as the service's completion criteria. Every switching service has a set of completion criteria
that can be used to determine if the service succeeded or not.

A make call service may not succeed (or complete) for avariety of reasons. The most likely is
that the calling device is already in use with another call and is therefore unable to place a new
call.

[a

It is very important not to confuse the concept of atelephony service that does not succeed
with the concept of the fail connection state. The connection state of fail indicates that call
progress associated with a particular call has stalled and that a certain appearance may be
blocked from the call. Thisis quite distinct from a telephone system's switching resources
being unable to perform a specific operation.

After the make call has completed, the telephone system will attempt to connect the new call
to the specified destination. Due to feature interactions and the effects of other routing
mechanisms, however, the call could be redirected many times before actually arriving at a
device

5-3 Make Call basic case — The completion criteria for the basic case of the make call serviceis
that it transitions to the connected state. In the general case, however, it may transition to (or
retransition to) the initiated state in order to support multi-stage dialing. Thisis explained in section
5.4.2.



where it can be answered. The call also could get stalled, for example, because the telephone
network is congested or because the destination device is busy.

Make call is described in graphical notation in Figure 5-1.
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Figure 5-1
Make Call service (single-step dialing)

In the smplest case of the make call service, thereisinitially no connection (i.e., the
connection isimplicitly in the null state) between the calling device (D1) and the new call C1.
(In fact, the new call doesn't yet exist.) There is a second, more common case, however, where
the call already exists and the connection isin the initiated state. The difference between the
two casesis that the first represents on-hook dialing and the second represents off-hook
dialing. An example of on-hook dialing is what you are doing when you place acall from a
cellular phone: You dia the number and press the Send button. Off-hook dialing happens
when you pick up the receiver (or go off-hook in some way), hear dial tone, and then begin
dialing. With off-hook dialing, the new call is created when you hear dial tone. The dial tone
indicates that the connection isin theinitiated state.

The make call serviceis complete in either case when the connection to the calling device
transitions to the connected state as shown. At this point the device is said to have originated
the call. The connection to the called device (D2) may be in any of the following states:

* Alerting — the call has already reached D2 and the telephone system is attempting to connect
the call.



» Connected — the call not only has reached the called device, but has already been answered,
possibly because D2 has the auto-answer featured-4 active. (An alternative case is when the call
Isan external call and it is connected to a network interface device as a proxy for D2. Making
external callsisexplained in section 5.4.3.)

» Fail —call processing stalled trying to connect to D2, most likely because it was busy or no
network interface device was available.

* Queued —the call is being queued at the called device, probably because it is some type of
distribution device.

* Null —the call was redirected so there is no connection to D2. There probably is a connection
to the new call at some other device, however.

5.3.2 Answer Call

The service that answers calls is appropriately named answer call. This serviceis quite smple:
It causes a connection in the alerting (or queued) state to transition to the connected state. The
service also activates any appropriate auditory apparatus.

Typically the answer call serviceistriggered by picking up atelephone handset or pressing an
appropriate hookswitch button to activate a headset or speaker phone auditory apparatus. This
service also can be supported through the CT1 interface if the physical element involved has a
hookswitch that can be set to off-hook automatically by the telephone system.

The answer call service may not succeed for avariety of reasons. Two likely cases could be
that the connection isin the wrong initial state (not alerting or queued), or that the answering
device does not support going off-hook automatically.

Answer call is presented graphically in Figure 5-2.

5-4 Auto-answer — The auto-answer feature is described in section 5.9.1.
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Figure 5-2
Answer Call service

Before the service connection D2C1, the answering connection was in the alerting or queued
state. After the call isanswered it isin the connected state.

5.3.3 Clear Connection

Dropping acall, or "hanging up" on acall, is accomplished by clearing the associated
connection. The service for doing this is appropriately named clear connection. This service
removes just one connection from a multi-way call and is also used to inactivate a
shared—bridged appearance.

The clear connection service transitions a connection from any non-null state to the null,
gueued state and sets the hookswitch on the physical device element to on-hook if appropriate.
When the service completes, ordinarily the connection will be cleared and will transition to the
null state. The exception is when the connection is one of a set being used by shared-bridged
appearances. In this case, the connection will be cleared only if it corresponds to the last
participating appearance in the set; otherwise it will transition to the queued state. (This
behavior was described in Chapter 4, section 4.4.3.)

After the service completes, the other connectionsin the call are unaffected, assuming there
are two or more connections remaining. If only one connection remainsin the call after the
service completes, the call itself may be cleared, in which case the remaining connection also
would transition to the null state.

The clear connection serviceisillustrated in Figure 5-3. Before the service the clearing
connection is D3C1, which is a connection in any non-null state. The other connectionsin the
call may bein any state.



After the service completes, the D3C1 isin the null, queued, or fail state and the other
connections are unaffected. (The clear connection service is discussed in further detail in
section 5.15.1.)
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Clear Connection service

5.4 Placing Calls

Now that we've looked at all the basic services, we'll explore further the additional features
associated with creating new calls. This section deals with the general case of the make call
service (including prompting and multi-stage dialing), the concepts surrounding external calls,
the make predictive call service, and the last number dialed service.

5.4.1 Make Call and the I nitiated State

The initiated connection state plays a number of important roles in the implementation of the
make call service.

If the calling connection (D1) isin the initiated state, the call has already been created, so
thereis dial tone and no instructions have been provided yet for the call. Thisisreferred to as
off-hook dialing.

Under certain circumstances the make call service may invoke prompting for the calling
connection, which isindicated by having the connection state transition, or retransition, to the
initiated state. (Prompting is explained in section 5.4.6.)



Finally, if the dia string supplied to the make call service was incomplete, the service will
initiate multi-stage dialing. In this case the service compl etes when the connection state of
D1C1 transitions (or, retransitions) to the initiated state.

5.4.2 Dial Digitsfor Multi-Stage Dialing

Multi-stage dialing, or delayed dialing, refers to the situation where adial string is provided in
increments rather than as asingle string of digits.

In section 5.3.1 we saw the case of the make call service for single-stage dialing. The other
case of the make call serviceis shown in Figure 5-4. The difference between the version in
Figure 5-1 and the one in Figure 5-4 is that in the multi-stage case of the service, connection
D1Clisintheinitiated state at completion.
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Figure 5-4
Make Call service

There are two ways to initiate multi-stage dialing.
1. Provide an incompl ete dialing sequence to a make call service.

2. Manually take atelephone off-hook, which creates a new call with a connection in the
initiated state.

In either case, additional digitsin the dial string sequence are supplied using the dial digits
service. The dial digits serviceisillustrated in Figure 5-5.
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Figure 5-5
Dia Digits service




Connection D1C1 remainsin the initiated state until a complete dial string has been provided.
It then transitions to the connected state and the call is said to have been originated. Figure 5-6
shows a multi-stage dialing sequence.
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Multi-stage dialing sequence

5.4.3 External Outgoing Calls

External calling is afeature that allows devices and calls inside a given telephone system to be
connected to devicesin an external network. (For atelephone system consisting of asingle
telephone, all calls are considered external.)

Support for external outgoing callsis afeature that allows network interface devicesto be
connected to new calls being generated inside the telephone system. Network interface devices
are the proxies within the telephone system that represent a distant called device's participation
inacall. Thisisshownin Figure 5-7. In thisillustration, the "?* symbol indicates that because
the connection between the network interface device (D3) and the called device (D2) is
entirely outside of the telephone system (and potentially is made up of many different
connections), it cannot be controlled directly and the external network may or may not provide
state information.
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Figure 5-7
External outgoing call

When the tel ephone system determines that a destination is external 55 it routes the call
through a network interface device. The point when it actually connects a network interface
device to the call,>6 referred to as the network reached point, is shown in Figure 5-8.
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Figure 5-8
Network reached

When dialing takes place in asingle step using just the make call service, the call has aready
been originated, so connection D1C1 isin the connected state before the network interface
device is connected. During multi-stage dialing, however, before receiving the entire dial
string the telephone system may have enough of it to know that the call is an external outgoing
call and place D1C1 into the connected state. In this case, D1C1 is still in the initiated state
even though D2C1 isin the connected state.

55 | dentifying external calls— A call may be identified as being for an externa destinationin a
variety of ways. In some cases all calls are external, so the call isidentified as being external
automatically as soon asit is determined that a new call is being placed. Otherwise, the presence of
aspecial prefix inadia string or the information in a canonical phone number determines whether a
particular destination is external or internal. See section 5.4.5 for more on dial plan management.

5-6 Seizing — When a network interface device is allocated for a call using the external network, it is
known as seizing the network interface or seizing the trunk.



5.4.4 Network | nterface Groups

If the telephone system has more than one station device, it typically has fewer network
interface devices than stations. The stations share the network interfaces for more efficient
utilization of these resources.

When an external outgoing call is made by a device that shares a pool of network interface
devices, that call must be routed through the next available network interface. As we have
already seen, a special device exists for just this purpose: The hunt group device redirects cals
to the next available device in its group. A network interface groups7 is therefore a hunt group
device that is set to distribute outgoing calls to the next available network interface device. If
al network interfaces are busy, the call may either fail or wait for one to become available,
depending on the implementation.

Figure 5-9 illustrates this sequence. In this example, D5 is placing an external outgoing call,
C2. The new call isdirected to the network interface group device D1. There are three network
interfaces in the group: D2, D3, and D4. D2 is busy with call C1, so D1 finds the next
available network interface device, D3, and redirects the call there.

5.4.5 Dial Plan Management and Least Cost Routing

The appropriate network interface device or group to use for placing acall, and the selection
of an appropriate long-distance carrier (if appropriate), is determined from the address
provided to identify the called device. The rules set up to manage the process of transforming
acaling device's address into routing decisions for acall, and the process of performing these
transformations, is referred to as dial plan management. One aspect of dial plan management
Is least cost routing functionality. Least cost routing involves determining the cheapest
available way to place agiven call, given the destination of the call, the

57 Trunk groups— Network interface devices (see Chapter 4, section 4.2) are commonly referred
to astrunks, so network interface group devices are commonly referred to as trunk groups.
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Figure 5-9
Network interface device group behavior

available private network and public carrier options for routing the call, the location from
which the call is originating, the date and time of day at that location, and current rate plan
information.

One or more of the following techniques typically are used to implement dial plan
management:

* Prefixes
* Leading-digit trandlation
e Canonical number trandation

Depending on the techniques implemented for a given telephone system, the users of the
system may have to make more of the routing decisions themselves.

Prefixes

Prefixes are the most commonly used mechanism for indicating that a call isto adevice on an
external network. Prefixes vary from single to multiple digits, and are used at the beginning of
adial string to indicate that a particular network interface, network interface group,



or routing mechanism is to be used to route a particular call. In North Americathe most
common prefix in private telephone systemsis"9". Thisdigit usually indicates that a
particular call is an external outgoing call using the local carrier. Other prefixes may be set up
to correspond to network interfaces associated with connections to private networks, specific
carriers, or frequently called destinations. (Options for network interfaces are covered in more
detail in Chapter 8.)

If atelephone system relies entirely on prefixesto perform dial plan management, most of the
routing effort isleft to the people using the telephone system. To place acall they must enter
(in varying orders):

» The most appropriate prefix for acall. Often they just dial the prefix for the local carrier even
though this may not be the most cost-effective routing.

» The appropriate carrier selection code, if necessary. If they don't do so, and the call isatoll
call, it will be routed by the default carrier.

» Any applicable billing codes.

* The desired destination number in an appropriate form for the external network associated
with the selected network interface device. Depending on the network interface used, the
caller might not have to dial along-distance prefix or an area code, or even the full subscriber
number.

The scenario described above is the worst case, but is commonly encountered by users of
hotel, small business, and home telephone systems.

Leading Digit Trandation

Leading digit translation involves analyzing the first few digits of the called device's number.



Simple systemsrely on just the area code to determine how to route acall. In North America
thisisreferred to as three-digit translation because the first three digits of aten-digit

telephone number are its area code. These systems route all local callsto the local carrier and
use least cost routing tables to determine the least cost route for each long-distance area code.

Many area codes in the North American dial plan have unique dialing rules for long-distance
dialing within an area code and to adjacent area codes. Some require that the digit "1" be
dialed and others do not. Some allow the number to be dialed with or without the leading "1"
but will charge more for the call depending on how it is dialed. Some allow calls to be placed
to different areas codes using seven-digit numbers. All these exceptions make it necessary for
robust systems to be based on six-digit translation that relies on a database of dial plan rules.

Diadl plan rules vary dramatically throughout the world, and leading-digit trandlation typically
must be designed for each country individually, so a system built for use in one country will
not work in another.

Canonical Number Dialing

Canonical number dialing, or full-number dialing, means working with numbersin canonical
form (as described in Chapter 4, section 4.6.4) rather than just scanning leading digits. Dial
plan managers built on canonical numbers may support the parsing of arbitrary numbersinto
canonical numbers based on context rules, but then do their routing and translation based on
the resulting canonical number.

By working from canonical numbers, network interface devices can be added and removed
with ease, and a single international dial plan database can be constructed and maintained
more easily. Most important, users of the system can always dial a canonical number rather
than worry about the right prefixes to use.



Using Dial Plan M anagement

Dial plan management and least cost routing are a significant area where CTI solutions can
play asignificant role, both in making telephone systems of all sizeseasier to useand in
reducing telephone expenses. Examples include:

* Anindividual traveling with a notebook computer can use CTI functionality to dial calls
from hotel rooms, airports, and meeting locations. Using the dial plan management
capabilities of the CTI software in the personal computer—rather than having the traveler
figure out access codes, carrier codes, billing codes, etc.—saves a great deal of time and
money.

» A home business owner can use CTI software in a personal computer to automate all
outbound dialing. Although the home might have only two phone lines, the CTI software
ensures that every voice, fax, and data call that is made is dialed correctly, uses the cheapest
carrier given the time of day and the destination, and is placed on the most appropriate line
(business versus personal).

* Larger telephone systems typically have dial plan management built in. Unfortunately, asthe
number of new area codes, country codes, carriers, and routing options increases, these built-
in dial plan management features must be reprogrammed frequently. Using a CTl-based dial
plan management system greatly simplifies the task of updating the dial plan information and
provides much greater control to the telephone system's manager.

5.4.6 Prompting

Prompting refersto afeature that allows the make call service and certain other servicesto be
used for on-hook dialing on station devices that don't have the ability to go off-hook without
manual intervention. Prompting will delay the point where the call is originated until the
device goes off-hook. Figure 5-10 shows the sequence of transitions for prompting in the case
of the make call service.
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Figure 5-10
Prompting feature

In this sequence, initially there is no connection (and no new call) because the make call is
being dialed on-hook. When the dialing is complete, the call is created and connection D1C1
Is placed in the initiated state while prompting takes place. When the station device is then
taken off-hook manually, connection D1C1 transitions to the connected state, signifying that
the call has been originated and satisfying the completion criteria of the make call service.

Prompting involves a telephone set making an indication, typically audible, to indicate that
someone should take it off-hook in order to progress out of the initiated state. It is distinct
from ringing, which is an indication made by a device that a connection isin the alerting state.
Prompting is used whenever some serviceisinitiated for adevice but it is unable to go off-
hook automatically.

5.4.7 Make Predictive Call

The make predictive call serviceisavery powerful capability that allows the telephone system
to make calls on behalf of the calling device without actually involving it in the call until the
call isdelivered or connected to the desired destination and other criteria are satisfied.>8

5-8 Predictive dialing — The name of the make predictive call service derives from the fact that the
device or computer requesting the service must predict the availability of someone to handle the call
if and when it completes, based on call completion and call duration statistics.



This servicetypicaly is used in situations where one or more people are making large
numbers of calls and want to spend every possible moment talking to "live" people, and not be
tied up dialing telephones, waiting for the calls to be placed, waiting for the calls to be
answered, getting answering machine recordings, etc.

With predictive dialing, the telephone system typically isinstructed to make the calls
automatically and to wait until the call is either delivered to, or answered by, the called device.
If the option to wait for the call to be connected is chosen, the telephone system may be
further instructed to differentiate between a human, arecording, and afax machine.
Depending on the criteria set, the telephone system then either dropsthe call or deliversit to
the original calling device. This sequenceisillustrated in Figure 5-11.
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Figure 5-11

Make Predictive Call service example

This service is even more powerful when the calling device is some type of routing device
(such asan ACD, ACD group, or hunt group device). In the case of an ACD group, when the
telephone system successfully places a call to the desired destination and then delivers the new
call to the ACD group, it in turn redirects the call to the first



available agent. This combination of the make predictive call service and an ACD group
device allows a set of agents to maximize the time spent talking rather than waiting.

5.4.8 Last Number Dialed and Redial

The get last number dialed feature involvesthe logical device remembering the number of the
called device for the last call it initiated. Combining this feature with the make call serviceis
referred to asredial.

5.5 Call Associated | nformation

Whenever anew call is created, the telephone system begins associating various important
pieces of control information with it. In the services we have explored so far, we have already
seen that two key pieces of information associated with a new call are the called device and
the calling device. Another key piece of information associated with external callsisthe
network interface device that isinvolved.

5.5.1 CallerI D and Automatic Number | dentification (ANI)

Aside from knowledge of a cal's intended destination, the most important piece of
information associated with a call isthe identity of the calling device. Thisinformation is used
both by the telephone network for billing purposes and by those being called.

Depending on the features of a particular telephone system and the features subscribed to from
an applicable external telephone network, the feature that provides this information to the
called deviceisreferred to as either callerID or automatic number identification (ANI).59
(These specific features of the external telephone network, or service offerings, are described
in Chapter 10.)



The called party in acall may use thisinformation to determine how a call should be handled
in an endless variety of money- and time-saving ways. Uses of this information include:

 Determining the name of the person calling by automatically looking up the number in a
directory before answering;

» Deciding whether or not to accept or answer the call;

* Deciding what information should be automatically presented to the called party in order to
best handle the call;

» Creating new database entries for tracking information provided by this caller;

* Logging information about the call (e.g., caller and length of call) for future reference or
billing;

* Deciding if the call should be redirected and, if so, the destination; and
* Deciding what person is best able to answer the call.

Developing solutions that take advantage of callerlD and ANI information is one of the most
readily achievable ways to benefit from CTI technology.

Get and Set Caller| D Status Services

The Get CallerID Status and Set CallerID Satus servicesrelate to alogical device element's
ability to suppress the delivery of callerlD information with calls that it places. If thisfeature
IS used to activate

>9 ANI — ANI isdlightly different from calerID in that it delivers the billing number of the calling
device, that is, the calling number that is used for billing purposes. Typically the two numbers are
the same. When they are not, it is usually because a shared network interface device is being used to
place a call on the network but the call isbeing billed to a single main number. The actual device
originating the call from the network's point of view is the network interface device, but in this case
callsfrom any of the shared network interface devices are billed to a single main number; ANI will
reflect the main number and thus will be different from (and more useful than) callerID.



CallerID blocking, then calling device information for calls made by the logical device
element will be sent to the called device only in the case of toll-free calls and emergency calls
(such as 1-800, 1-888, 1-900, and 911 in North America).

CallerID blocking may be complete blocking or selective blocking. With complete blocking,
every new call made is blocked from sending callerlD until the service is deactivated. With
selective blocking, the callerlD blocking only appliesto the next call that is placed and must
be reactivated for each subsequent call.

5.5.2 Dialed Number | dentification Service (DNIS)

Depending on the features of a particular telephone system and the features subscribed to from
an applicable external telephone network, dialed number identification service (DNIS) may be
available. (DNIS service offerings are described in further detail in Chapter 10.)

With calls that are delivered to a particular destination device, dialed number identification
service provides the actual number that was dialed by the calling device. Thisfeatureis used
In scenarios where multiple numbers in one or more networks are all redirected such that calls
to any of the numbers are routed to a single designated device.

One way of taking advantage of the DNIS feature is by centralizing all calls through asingle
routing device (typically an ACD, ACD group, or hunt group). In thisway the utilization of
people and telephony resources for handling calls can be maximized. The DNIS feature allows
the telephone system to know the actual number dialed, even though al calls are being
delivered to the same device. Thisinformation then can be used in much the same way that
CallerID and ANI information is used. For example, you could subscribe to a set of numbers
in the external network (such as 800-BUY -FOOD, 800-BUY -CARS, 800-BUY-HATS) and
have each one directed to the



same group of operators using your telephone system. They could then handle all of the calls
to any of these numbers. Using DNIS information, the telephone system could:

* Direct the call to the best available operator for the appropriate product category;

* Inform the operator whether to say "Hello, Acme Grocery," "Hello, Cars-Are-Us," or "Hello,
Mad Hatter's" when answering each call;

* Present the appropriate order form for the right sales activity; and
* Log the call activity in the appropriate database.

Developing solutions that take advantage of DNIS information is another excellent way to
benefit from CTI technology.

5.5.3 Last Redirected Device

The last redirected device information associated with a call identifies the last device that
rerouted this call. Like CallerID and DNIS information, thisis very useful for interpreting why
aparticular call isbeing delivered to a particular device. In fact, the last redirected device
actually isused, or interpreted, as a combination of called device and calling device. Itisa
device to which the call was previously directed, and it is the device that is responsible for
redirecting the call to its current destination. Typical uses of thisinformation include:

» Answering acall differently, depending on whether or not it was already answered by an
operator or assistant.

* Identifying which of several forwarded calls came from a particular forwarder, independent
of what number was originally dialed. For