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PREFACE

As mentioned in the preface of the first two editions, the term digital telephony refers
to the use of digital technology in the message path of voice communications net-
works. In this case the term digital refers to a method of encoding the signal—that is,
a form of modulation. Hence digital telephony implies voice transmission and switch-
ing applications, not data communications. Although the primary focus of this book
is not data communications, this edition contains an expanded treatment of data com-
munications networks, particularly as they relate to providing voice communications
services in addition to data communications.

This book covers all aspects of digital voice communications technology and net-
works. It is not a technical book in the traditional, analytical sense of communications
theory. Since numerous books covering communications theory are already available,
this book stresses the application and operational aspects of communications system
design. Some basic theory is presented in both qualitative and, when appropriate,
quantitative terms. The main purpose, however, is to introduce concepts, terminology,
and how applications influence implementations. In most cases the concepts are sup-
ported by citing example implementations in the U.S. telephone network, although ex-
amples from other (ITU) public telephone networks are also provided.

The primary audience for this book are graduate electrical engineers. The electrical
engineering student is most capable of appreciating occasional references to commu-
nications theory and its influence on the practice. However, because analytical rigor
is waived in favor of operational descriptions, less analytically oriented readers should
have no difficulty understanding the principles. Chapter 6 (covering digital radio and
modulation) is the most analytical but is easily skipped without losing continuity for
the other chapters. Similarly, Chapter 12 (covering traffic analysis) contains numerous
equations that are unnecessary for understanding the material in other chapters.

When the first edition of Digital Telephony was written (1980), public telephone
networks around the world were primarily implemented with analog technology, but
it was clear that digital technology was rapidly taking over. When the second edition
was written (1990), the internal portions of the network had, for the most part, been
converted to an all-digital network. Then and today (1999) the main remnants of the

xvii
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original analog telephone networks are analog subscriber loops and analog telephones
connected to them.

Although Integrated Services Digital Network (ISDN) technology was developed
as a means of replacing analog loops to complete the transformation of the network to
support end-to-end digital connections, ISDN deployment is below expectations for
several reasons. One of these reasons is a growing need for more bandwidth than what
is available from a basic rate ISDN subscriber loop (128 kbps). There is currently
much activity within the industry to develop new technologies for medium- and high-
bandwidth digital subscriber access. A new chapter (Chapter 11) has been added to
this edition to specifically address alternative technologies for digital subscriber ac-
cess.

Another relatively recent application of digital technology added to this edition
involves digital cellular telephones, which first appeared in the marketplace in the
mid-1990s. Digital mobile radio is enabled by the emergence of low-cost, high-
performance digital signal processing (DSP) technology for compressing speech sig-
nals to low bit rates and for providing sophisticated coding, modulation, and
equalization required for digital radios in a bandwidth-constrained mobile application.

A complete list of chapter topics is:

Chapter 1: Overview of analog telephone technology followed by an introduction
of how digital technology is used to fulfill the same functions

Chapter 2: Discussion of advantages and disadvantages of digital technology for
voice communications

Chapter 3: Descriptions of the most common voice digitization algorithms
Chapter 4: Fundamentals of digital wire-line transmission and multiplexing
Chapter 3: Basic concepts and operations of digital switching machines
Chapter 6: Digital modulation and radio fundamentals

Chapter 7: Network synchronization, control, and management requirements
Chapter 8: Fiber optic transmission systems and SONET

Chapter 9: Digital cellular telephone systems

Chapter 10: Data networks

Chapter 11: Digital subscriber access technology

Chapter 12: Fundamentals of traffic analysis for designing networks

The appendices cover the derivation of equations, PCM voice coding relationships,
fundamentals of digital communications theory, and traffic tables.

Jonn C. BELLAMY
Coppell, Texas
October 1999
Johncbellamy@ieee.org
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BACKGROUND AND TERMINOLOGY

Beginning in the 1960s, telecommunications in the United States and around the world
began undergoing radical changes in several different areas. First, the conventional
analog telephone network was being called upon to provide many new and different
services, most of which emanated from the data processing industry. Second, the mar-
ketplace and the regulatory agencies in the United States stimulated competition in
both old and new areas of traditionally monopolistic services. Third, digital technol-
ogy emerged to implement many of the fundamental transmission and switching func-
tions within the U.S. telephone network and other networks around the world. The
main purpose of this book is to describe the design, application, and operational as-
pects of this new digital equipment. As background, the technology of the analog tele-
phone network is reviewed to provide a framework for the introduction of digital
equipment.

It must be emphasized that the introduction of digital technology into the telephone
network was motivated by desires to improve the quality, add new features, and re-
duce the costs of conventional voice services. Digitization of the network did not arise
from the needs of the data processing industry for better data transmission services.
Indeed, most of the digital technology introduced into the network was initially inac-
cessible to data traffic, except through analog channels. Of course, a digital network
is a natural environment for data communications services. As more of the network
became digitized, more support for direct use of the facilities became available for data
applications. Initially, direct digital access existed only for relatively high-end busi-
ness applications. It was not until facilities of the Integrated Services Digital Network
(ISDN) became available that end-to-end( switched digital channels could be used by
individual subscribers for both voice and data/ By the late 1990s numerous other ap-
proaches to providing digital access to digital facilities became available, primarily for
Internet access. These various digital access technologies are described in Chapter 11.

As a point of historical reference, Figure 1.1 has been included to show that the idea
of integrated voice and data is not new. This figure depicts a concept of a German in-
ventor named Phillip Reis [1] to add voice communications to the prevailing means
of electrical communications at the time—the telegraph. Reis developed the equip-
ment in the 1860s and died in 1874—two years before Alexander Graham Bell re-

1
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ceived his patent for the telephone. As indicated, the figure implies alternate use of the
wires for voice or data communications (i.e., integrated transmission). Reis actually
used the telegraph attachment to signal information pertaining to voice tests, an indi-
cation of inadequate voice quality.

To implement simultaneous voice and telegraph communications, the telephone in
Figure 1.1 would have to have been digital. Because of technology limitations at the
time, such an implementation was impossible and telephone systems necessarily
evolved with analog technology. One hundred years later the situation changed sig-
nificantly. Telephone equipment developers and service providers had an abundance
of new technology, and they were challenged with how to make effective use of it.

This book describes digital telephone technology from two perspectives. The first
perspective describes individual equipments or subsystems and technical reasons for
transitions from conventional analog equipment to seemingly less natural digital
counterparts. Thus, one purpose of this book is to describe how digital technology im-
proves and expands the capabilities of various subsystems within voice telephone net-
works. Another purpose of the book is to describe the ultimate benefits derived when
an entire network is implemented with digital techniques. A great degree of synergism
exists when individual systems are designed into one cohesive network utilizing digi-
tal implementations throughout. The synergistic effect benefits conventional voice
services and newer services such as the Internet.

Figure 1.1 Back to the future: the first ’integrated voice/data communication system.
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Most of the equipment descriptions and design examples presented in this book
come from material authored by engineers at AT&T Laboratories (now Lucent Tech-
nologies) and other suppliers for the public telephone network. The basic principles,
however, are by no means unique to the public telephone network. The concepts and
implementation examples are applicable to any communications network: public or
private, voice or data. An inherent attribute of a digital network is that it can, to a large
extent, be designed independently of its application.

Terminals, Transmission, and Switching

The three basic elements of a communications network are terminals, transmission
systems, and switches. The first part of this chapter provides an overview of these ele-
ments as implemented in analog telephone networks. Then, the last part of this chapter
provides a brief overview of digital implementations within the analog network. Fol-
lowing a detailed discussion of the motivation for digital implementations in Chapter
2, the next four chapters describe the operation and design of the basic elements of a
digital voice network. Chapter 3 discusses digital voice terminals and the most com-
mon algorithms used to convert analog voice signals into digital bit streams. Chapter
4 presents the basics of digital transmission systems. Fundamentals of digital switch-
ing follow in Chapter 5. Basic digital modulation techniques and their application to
point-to-point digital microwave and digital cellular systems are described in Chapter
6. A discussion of various synchronization and control considerations for digital net-
works is provided in Chapter 7. Chapter 8 describes fiber optic transmission systems
and the synchronous multiplexing standard (SONET). Chapter 9 discusses the basic
architecture and operation of prevailing digital cellular systems in use in the United
States and around the world.

The main emphasis of the first nine chapters involves circuit switching as tradition-
ally implemented for voice telephone networks. A circuit-switched network is one that
assigns a complete end-to-end connection in response to each request for service.QEach
connection, with its associated network facilities, is held for the duration of the call.
Chapter 10 describes a different type of network, generically referred to as a packet-
switched network, that is particularly suited to servicing data traffic. Included in Chap-
ter 10 is a discussion of Asynchronous Transfer Mode (ATM), a form of a
packet-switched network. Chapter 11 discusses various technologies and systems for
achieving direct digital access to a digital network (voice or data). The last chapter pre-
sents the basics of traffic theory: the fundamental mathematics for analyzing and pre-
dicting telecommunications network performance.

1.1 TELECOMMUNICATIONS STANDARD ORGANIZATIONS

Prior to the breakup of the Bell System on January 1, 1984, telecommunications stand-
ards in North America were essentially established by the dominant equipment de-
signer and supplier to the Bell System: Bell Telephone Laboratories and Western
Electric. Independent telephone companies that provided local service to the 20% of
the country not covered by the Bell System relied on the U.S. Independent Telephone
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Association [USITA,; later referred to as the U.S. Telephone Association (USTA)] to
formulate and disseminate standards, particularly for interconnecting with the Bell
System.

In anticipation of the divestiture of the Regional Bell Operating Companies
(RBOCs) from AT&T, the Exchange Carriers Standards Association (ECSA) was
formed in 1983 as a nonprofit trade association to represent the interests of all ex-
change carriers (RBOCs and independents). In February 1984 the ECSA sponsored
the establishment of the T1 standards committee to formulate new interconnection
standards for the U.S. national network. The T1 committee is accredited by the Ameri-
can National Standards Institute (ANSI) to ensure that standards approvals follow
principles of openness. Thus T1 committee standards are designated as ANSI T1.nnn-
date (T1 stands for Telecommunications standards entity number 1), Table 1.1 lists the
major subcommittees within T1 and the respective responsibilities.

Other organizations in North America that establish standards related to telecom-
munications are the Electronic Industries Association (EIA), the Institute of Electrical
and Electronic Engineers (IEEE), and Bell Communications Research (Bellcore).
Bellcore was an organization chartered to establish standards and qualify equipment
for the RBOCs. Bellcore has since been reorganized as Telcordia Technologies. The
IEEE is most known for its data communications standards listed in Table 1.2 but has
also established numerous standards for measuring and characterizing telecommuni-
cations equipment,

Most of the world outside of North America relies on international telecommuni-
cations standards committees established under the auspices of the International Tele-
communication Union (ITU). In the past, two major entities within the ITU were
established: the International Telegraph and Telephone Consultative Committee
(CCITT) and the International Radio Consultative Committee (CCIR). CCITT estab-
lished recommendations for telephone, telegraph, and data transmission circuits and
equipment. CCIR was concerned with coordinating the use of the radio spectrum.
CCITT and CCIR activities are no longer identified as being distinct from the ITU,
CCITT has become ITU-T and CCIR is now ITU-R. In the United States, use of the
radio spectrum is controlled by the Federal Communications Commission (FCO).

North American standards and ITU standards have often been incompatible in the
past. North American standards established by the Bell System were therefore incor-

TABLE 1.1 T1 Standards Subcommittees

Committee Responsibility

T1A1 Performance and signal processing

T1E1 Interfaces, power and protection for networks

TiM1 Internetwork operations, administration,
maintenance, and provisioning (IOAM&P)

T1P1 Wireless/mobile services and systems

T181 Services, architectures, and signaling

T1X1 Digital hierarchy and synchronization
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TABLE 1.2 |EEE Local Area Network/Metropolitan Area Network (LAN/MAN) Data
Communlcations Standards

8021 Overview and Architecturs, Bridging, Virtual bridged LAN (VLAN)
802.2 Logical Link Control (LLC)

802.3 Carrier Sense Multiple Access (CSMA) with Collision Detection (CD) (Ethernet)
8024 Token Bus (Archet)

802.5 Token Ring (IBM Ring)

802.6 Queued Packet Synchronous Exchange (QPSX)

802.7 Broadband

802.8 Optical Fiber Technologies

802.9 Integrated Services

802.10 Security

802.11 Wirgless

802.12 Demand Priority

802.14 Cable TV

porated into CCITT recommendations as a subset. Due to the need for more interna-
tional compatibility, the T1 subcommittees and ITU-T committees now work closely
together to establish joint standards. A first major example of the joint effort is the
standard for synchronous fiber transmission systems referred to as SONET in the
United States and Synchronous Digital Hierarchy (SDH) in ITU-T standards.

The International Standards Organization (ISO) is an organization with standards
activities in a wide range of subject matters, some of which involve telecommunica-
tions. Technical subcommittees within ISO work closely with ITU study groups in
formulating ITU recommendations, particularly those related to ISDN protocols that
adhere, as much as possible, to the ISO data communications standard for Open Sys-
tems Interconnection (OSI) Reference Model.

1.2 THE ANALOG NETWORK HIERARCHY

Because the analog telephone networks of the world evolved over a period of almost
100 years, a great amount of diversity in equipment implementations also developed.
Tt is a remarkable achievement that vast networks, like the U.S. network, could accom-
modate the myriad of equipment types and function properly. In 1980" in the United
States alone, there were 181 million telephones [2], almost all of which could directly
dial any public telephone number and have a good quality connection. This achieve-
ment was made possible by standardized interfaces and well-defined functional hier-
archies. As newer digital equipment was installed, it necessarily adhered to the

* Although there is no specific date at which digital technology took over from analog technology, 1980 is
significant in that it represents the time frame in which fiber optics emerged to begin displacing analog
radios for intercity transmission, the last stronghold of analog technology in the internal portions of the
public network.
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standardized practices of the analog network. The fact that the equipment was imple-
mented with digital technology was transparent to the rest of the network.

1.2.1 Bell System Hierarchy

Alexander Graham Bell invented the first practical telephone in 1876. It soon became
apparent, however, that the telephone was of little use without some means of chang-
ing connections on an “as-needed” basis. Thus the first switching office was estab-
lished in New Haven, Connecticut, only two years later. This switching office, and
others following, was located at a central point in a service area and provided switched
connections for all subscribers in the area. Because of their locations in the service ar-
eas, these switching offices are often referred to as central offices.

As telephone usage grew and subscribers desired longer distance connections, it
became necessary to interconnect the individual service areas with trunks between the
central offices. Again, switches were needed to interconnect these offices, and a sec-
ond level of switching evolved. Continued demand for even longer distance connec-
tions, along with improved long-distance transmission facilities, stimulated even more
levels of switching. In this manner the analog public telephone network in the United
States evolved to a total of five levels. These levels are listed in Table 1.3,

At the lowest level of the network are class 5 switching offices, also called central
offices (COs) or end offices (EOs). The next level of the network was composed of
class 4 toll offices. The toll network of the Bell System contained three more levels of
switching: primary centers, sectional centers, and regional centers,

To illustrate the structure and motivation for hierarchical networks, a symbolic,
three-level example is shown in Figure 1.2. In contrast, Figure 1.3 depicts a different
network structure for interconnecting all of the first-level switches: a fully connected
mesh structure. Obviously, the hierarchical network requires more switching nodes
but achieves significant savings in the number of trunks: the transmission links be-
tween switching offices. Determination of the total number of trunk circuits in either
network is necessarily a function of the amount of traffic between each pair of switch-
ing nodes. (Chapter 12 provides the mathematics for determining the number of trunk
circuits.) As a first approximation, the trunk costs of a mesh can be determined as the
total number of connections (trunk groups) N, between switching offices:

TABLE 1.3 Public Network Hierarchy of the Bell System (1982) [3]

Functional No. in No. in
Switch Class Designation Bell System Independents Total
1 Regional center 10 0 10
2 Sectional center 52 0 67
3 Primary center 148 20 168
4 Toll center 508 425 933
5 End office 9803 9000 18,803
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_1 1.1
N.=7NN-1) (1.1)

where N is the number of nodes.
Thus the mesh network of Figure 1.3 has 36 connections, as compared to 12 con-
nections in Figure 1.2. In the case of fiber optic transmission the cost comparison of

Third level
switch

Figure 1.2 Three-level switching hierarchy.

Figure 1.3 Mesh-connected network.
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the trunks is almost exactly 3 : 1 because a single fiber system can provide more voice
capacity than is needed between any two switches.

A less obvious difference between the networks of Figures 1.2 and 1.3 involves the
method of establishing connections between two offices. In the hierarchical network
there is one and only one route between any two switching nodes. In the mesh network
most connections would be established on the direct route between the two offices.
However, if the direct route is unavailable (because of a traffic overload or an equip-
ment failure) and the first-level switches can provide trunk-to-trunk connections
(called tandem switching functions), the mesh network provides many alternatives for
establishing connections between any two nodes. Hence the reliability of a network
architecture must be considered in addition to just the costs. In general, neither a pure
mesh nor a purely hierarchical network is desirable.

Taking these factors into account, Figure 1.4 depicts alternate routing as imple-
mented in the former Bell System. As indicated, the basic backbone hierarchical net-
work was augmented with high-usage trunks. High-usage trunks are used for direct
connections between switching offices with high volumes of interoffice traffic. Nor-
mally, traffic between two such offices is routed through the direct trunks. If the direct
trunks are busy (which may happen frequently if they are highly utilized), the back-
bone hierarchical network is still available for alternate routing,

Traffic was always routed through the lowest available level of the network. This
procedure not only used fewer network facilities but also implied better circuit quality
because of shorter paths and fewer switching points. Figure 1.4 shows the basic order
of selection for alternate routes, The direct interoffice trunks are depicted as dashed
lines, while the backbone, hierarchical network is shown with solid lines.

High-usage “""-..\

p trunks 5

Figure 1.4 Alternate routing in North American network.
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In addition to the high-usage trunks, the backbone network was also augmented
with additional switching facilities called tandem switches. These switches were em-
ployed at the lowest levels of the network and provided switching between end offices.
Tandem switches were not part of the toll network, as indicated in Figure 1.5, but were
(and are) part of what is referred to as an exchange area. Generally speaking, an ex-
change area is an area within which all calls are considered to be local calls (i.e., toll
free).

In general terms, any switching machine in a path between two end offices provides
a tandem switching function. Thus toll switches also provide tandem switching func-
tions. Within the public telephone network, however, the term tandem refers specifi-
cally to intermediate switching within the exchange area.

The basic function of a tandem office is to interconnect those central offices within
an exchange area having insufficient interoffice traffic volumes to justify direct
trunks. Tandem offices also provide alternate routes for exchange area calls that get
blocked on direct routes between end offices. Although Figure 1.5 depicts tandem of-
fices as being physically distinct from end offices and toll offices, tandem switches
were often colocated with either or both types. Operationally, exchange area switching
and toll network switching in the Bell system were always separated. The primary rea-
son for the separation was to simplify tandem switching by avoiding billing and net-
work routing. A toll switch had to measure call duration for billing purposes but a
tandem switch did not. Prior to the introduction of computer-controlled switching,
billing functions were a significant consideration. The operational separation also im-
plied that toll-connecting trunk groups were separate from tandem trunk groups. The
flexibility of computer-controlled switching has eliminated the need for the separa-
tion.

The separation of exchange facilities from toll facilities had an important effect on
the transmission and switching equipment utilized in the respective applications. Ex-
change area connections were usually short and only involved a few switching offices.
Toll connections, on the other hand, could involve numerous switching offices with

Toll network

Local distribution

Figure 1.5 Exchange area network.
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relatively long transmission links between them. Thus, for comparable end-to-end
quality, individual analog exchange area equipment did not have to provide as much
quality as did toll network counterparts.

1.2.2 Postdivestiture U.S. Network

In the decade of the 1980s the structure of the public telephone network in the United
States changed significantly as a result of changes in the technology and the regulatory
environment. The main technological changes were (1) extensive deployment of very
large digital switching machines, (2) the adaptation of computer-controlled switches
to provide multiple switching functions in one machine (e.g., the integration of end-
office, tandem, and toll switching functions), and (3) the deployment of fiber optic
transmission systems that could carry very large cross sections of traffic. Notice that
all three of these technological developments suggest a network with fewer and larger
switching offices. These technological influences on the network topology are dis-
cussed more fully in Chapters 8—10.

The most dramatic and immediate effect on the network occurred on January 1,
1984, when the breakup of AT&T officially took effect. Because the breakup involved
divestiture of Bell Operating Companies (BOCs) from AT&T, the network itself be-
came partitioned at a new level. The new partitioning is shown in Figure 1.6, which
depicts AT&T as one of several competing long-distance carriers referred to as inter-
exchange carriers (IXCs) and local access and transport areas (LATAs), which were
originally the exclusive domain of local exchange carriers (LECs). In addition to
AT&T, the other two main IXCs are MCI and U.S. Sprint. The LEC's originally in-
cluded 23 BOCs (organized into 7 RBOCs), former independent telephone companies
like GTE, Contel, and United Telecommunications, and some 1500 mostly small-
town telephone companies. Mergers within the industry have subsequently reduced
the number of LECs and RBOCs,

The number of LATASs in the United States was initially 164, but the number has
changed as adjustments in service boundaries are sometimes made. Because a LATA
entails an area that includes many exchange areas, LECs complete toll calls that trav-
erse different exchange areas within one LATA. The IXCs were not allowed to carry
intra-LATA traffic. Similarly, an LEC was not allowed to carry traffic between two
LATAs even when both LATAs might be service areas of a single BOC. Only an IXC
was allowed to carry inter-LATA traffic. To ensure that these service partitions were
adhered to, each IXC interfaced with a LATA at a single point in the LATA, referred
to as a point of presence (POP). IXC equipment at a POP could be a switching office
or merely a junction for collecting traffic carried elsewhere to be switched.

A major aspect of the modified final judgment (MFJ) that specified the divestiture
was the condition of equal access, which meant that an LEC (specifically a BOC) was
to treat all IXCs equally in regards to exchange access. The conditions of equal access
meant that access to all end offices in a LATA would be equal in type, quality, and
price for all IXCs. The LATA network structure [4] established to accomplish equal
access is shown in Figure 1.7,
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Figure 1.6 U.S. network partitioning.
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Figure 1.7 LATA hierarchy and access architecture.
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The design of the LATA network for intra-LATA traffic was left to the discretion
of the LECs. Thus intra-LATA connections can involve multiple switching offices be-
tween end offices. However, connections between an EO and a POP could involve at
most one intermediate switching office referred to as an access tandem (AT). With re-
spect to the previous Bell System hierarchy, an AT takes the place of a class 4 toll
switch, However, long-distance billing functions, which were formerly performed in
class 4 switches, are now performed within the IXC network. Although Figure 1.7
shows access tandem and basic tandem switching functions as being distinct, access
tandem functions can be integrated into regular tandem switches if the tandem switch
provides AT features. Foremost among these features are the ability to forward auto-
matic number identification (ANI) information to an IXC for billing and the ability to
route calls to different IXC POPs depending on presubscription or per-call three-digit
carrier designations.

In 1997 the FCC issued some rulings with the intent of stimulating competition in
both the local exchange and long-distance networks. Under this ruling, LECs that
want to enter the long-distance market can do so if they open their local exchange fa-
cilities to long-distance carriers or other competitive access providers. A key aspect
of making the local facilities available to competition is the establishment of unbun-
dled pricing for local services: the separation of the cost of the local loop, the local
switching equipment, maintenance, and ancillary services such as 911 emergency
calling. Another key requirement is number portability, which allows a subscriber to
change local service providers without having to change telephone numbers. The in-
troduction of competition for local distribution instigated the use of two terms: com-
petitive local exchange carrier (CLEC) for the competition and incumbent local
exchange carrier (ILEC) for the established carrier.

1.2.3 Switching Systems

Manual Switchboards

The first telephone switching equipment utilized operators at manual switchboards. The
operators asked a caller for the number they wanted to call and then established the con-
nection by plugging in a cord between terminal jacks. Although switchboards are no
longer used, a legacy of their existence lives on: the use of the terms “tip and ring.” As
shown in Figure 1.8, one wire of a wire pair was connected to the tip of a plug connector
and the other wire was connected to the ring. Ever since, one wire of a wire pair is com-

TR TR s

Switchboard
Switchboard plug

jack

Figure 1.8 Switchboard plug with corresponding jack (R, S, and T are ring, sleeve, and tip,
respectively). (From Freeman, Fundamentals of Telecommunications, Wiley, New York.)
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monly referred to as the tip and the other is referred to as the ring, even on digital wire
pairs, which have never used plugs in a switchboard. On some of the original switchboards
a third connection would be provided by the sleeve conductor shown in Figure 1.8.

Automated Switching
In general terms the equipment associated with any particular switching machine can
be categorized as providing one of the following functions;

1. Signaling
2. Control
3. Switching

The basic function of the signaling equipment is to monitor the activity of the incom-
ing lines and forward appropriate status or control information to the control element
of the switch. Signaling equipment is also used to place control signals onto outgoing
lines under direction of the switch control element.

The control element processes incoming signaling information and sets up connec-
tions accordingly. The switching function itself is provided by a switching matrix: an
array of selectable crosspoints used to complete connections between input lines and
output lines. These basic constituents of a switching machine are shown in Figure 1.9.

Electromechanical Switching. Prior to the introduction of digital electronic
switching machines in the late 1970s, switching offices in North America and around
the world were equipped with one of two basic types of electromechanical switches:
step-by-step” and crossbar. As shown in Figure 1.10, crosspoints of a step-by-step
switch are wiper contacts that move in direct response to dial pulses. As the pulses of
the first digit enter the switch, they immediately “step” the vertical wiper to a horizon-
tal row corresponding to the first digit. After the proper row is selected, the wiper is
rotated across another set of contacts uniil an idle line to the next stage of switching
is located. The next set of dial pulses, representing the second digit, then steps the sec-
ond stage in like manner. The process continues through however many stages are
needed for a particular switch size.

As the name implies, a step-by-step switch uses direct progressive control: Succes-
sive segments of a path through the switch are established as each digit is dialed. With
progressive control, the control elements of the switch are integrated into the switch-
ing matrix. This feature is very useful for implementing a variety of switch sizes and
allowing relatively easy expansion. A progressive control switch, however, has a
number of significant limitations:

1. A call may be blocked even though an appropriate path through the switch exists
but is not attempted because an unfortunate path gets selected in an early stage.

2. Alternate routing for outgoing trunks is not possible. That is, the outgoing line
is directly selected by incoming dial pulses and cannot be substituted.

A step-by-step switch is also referred to as a Strowger switch, in honor of its inventor Almon B. Strowger.
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Crosspoint
Matrix

Signaling > Control 3= Signaling

Figure 1.9 Switching system components.

3. Signaling schemes other than dial pulses (e.g., tone signaling) are not directly
usable.

4. Number translation is impossible.

In contrast to a step-by-step switch, a crossbar switch is one that used centralized,
common control for switch path selection. As digits were dialed, the control element
of the switch received the entire address before processing it. When an appropriate
path through the switch was determined (which may have involved number translation
or alternate routing), the control element transferred the necessary information in the
form of control signals to the switching matrix to establish the connection. The fun-
damental feature, and advantage, of a common control switch is that control function
implementation is separate from the switch implementation. Common control cross-

VERTICAL
COMMUTATOR
{USED IN LINE

VERTICAL FINDE RS)

LINE WIPER

Figure 1.10 Step-by-step switching element. (Copyright 1977 by Bell Telephone
Laboratories. Reprinted by permission.)
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bar systems introduced the ability to assign logical addresses (telephone numbers) in-
dependently of physical line numbers.

The crosspoints of a crossbar switch (Figure 1.11) are mechanical contacts with
magnets to set up and hold a connection. The term crosshar arises from the use of
crossing horizontal and vertical bars to initially select the contacts. Once established,
the switching contacts are held by electromagnets energized with direct current pass-
ing through the established circuit. When the circuit is opened, the loss of current
causes the crosspoints to be released automatically,

Because of the operational limitations of progressive control, step-by-step switches
were used primarily in smaller class 5 switching offices. Crossbar switches, on the
other hand, were used predominantly in metropolitan areas and within the toll net-
work. In some cases step-by-step switches were augmented with common control by
receiving the digits into special control equipment. After processing the request, the
control equipment generated pulses that set up a connection as if the switch was re-
ceiving dial pulses directly.

L} ¥
- O

—
1

Figure 1.11 Crossbar switching element. (Copyright 1977 by Bell Telephone Laboratories.
Reprinted by permission.)
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Stored Program Control.  Step-by-step and crossbar switching systems used elec-
tromechanical components for both the switching matrix and the control elements. In
some cases the electromechanical control elements in these switches represented ru-
dimentary forms of special-purpose digital computers. The hardwired electrome-
chanical logic, however, had limited capabilities and was virtually impossible to
modify.

A major milestone for telephony was established in 1965 when the Bell System in-
stalled its first computer-controlled switching system: the No. 1 Electronic Switching
System (ESS).” This switching system uses a stored-program digital computer for its
control functions. The stored-program control (SPC) feature of the No. 1 ESS allowed
the introduction of new features such as abbreviated dialing, call forwarding, call
waiting, and three-way calling.

The introduction of SPC not only provided significant advantages to end users but
also simplified many administrative and maintenance tasks for the operating compa-
nies. A large part of line administration that formerly required many manual modifi-
cations (mainframe cross-connects) could instead be accomplished with changes in
computer data tables of an SPC switch. Furthermore, physical line numbers were in-
dependent of the logical (directory) line numbers, thus making number changes easy.
Other benefits enabled by SPC are automated record keeping, lower blocking prob-
abilities, generation of traffic statistics, automated call tracing, and message unit ac-
counting (per-call charges as opposed to flat-rate billing for unlimited local calling).

The switching matrix of the No. 1 ESS (and also the No. 2 ESS, No. 3 ESS, and
No. 1A ESS) is implemented with electromechanical reed relays. Thus the term ESS
refers in general to computer-controlled switching and not to the nature of the switch-
ing matrix itself. However, AT&T’s No. 4 ESS, which was first installed in 1976, is
a high-capacity toll switch using computer control and digital electronics for its
switching matrix. Thus the No. 4 ESS is “electronic” in its control and its switching
matrix. Furthermore, the digital multiplex system (DMS) switches of Northern Tele-
com, the No. 3 electronic automatic exchange (EAX) of GTE, and the No. 5 ESS of
AT&T also utilize digital logic circuits for the crosspoint matrix.

F kT
Private Branch Exchanges. In the United States the term private branch ex-
change (PBX) refers generically to any switching system owned or leased by a busi-
ness or organization to provide both internal switching functions and access to the
public network. Thus a PBX in the United States may use either manual or automatic
control. The term PABX is also used in the United States, and particularly in other
countries, to refer specifically to automatically controlled PBXs.

The historical development of PBX systems has followed closely that of switches
in the public network. PBXs with computerized control became available in 1963 (be-
fore the No. 1 ESS) when AT&T’s No. 101 ESS was first installed. Since that time a

*Computer-controlled PBXs were available before 1965. The No. 1 ESS represents the first instance of
computer control in the public network hierarchy.
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large number of independent manufacturers have developed computer-controlled
PBXs. In fact, the PBX market has long been one of the most competitive businesses
in telecommunications.

The use of computer control for PBXs introduced numerous new features for users.
Not only were customized calling features (e.g., abbreviated dialing) provided, but nu-
merous facilities for cost management also became available. Some of the more use-
ful, commonplace features in a PBX are the following:

1. Accounting summaries by individual employee or department

2. Multiple classes of service with priorities and access restrictions to area codes,
WATS lines, and so on

3. Least-cost routing to automatically select tie lines, foreign exchange circuits,
WATS, DDD, and so forth

4, Auntomatic callback when circuits are available

5. Traffic monitoring and analysis to determine the utilization of existing circuits
or to ascertain blocking probabilities and network cost effectiveness

Centrex. Many of the features initially provided by PBXs are also offered by oper-
ating companies as Centrex features. As indicated in Figure 1.12, Centrex is a business
customer service offering supported by switching equipment in the central office.
Every telephone or data device at the customer premises has a dedicated channel to
the switch in the central office. Originally, each channel implied a dedicated pair of
wires. It is now more common to use multiplexing techniques (described in Section
1.2.5) to reduce the transmission costs. Nevertheless, from the central office point of
view each Centrex extension has a dedicated appearance at the CO with a unique pub-
lic network telephone number. A software partition in the central office treats the Cen-
trex lines as a closed user group to provide the following basic features:

Local Common Channel Signaling

Site 1 Site 2

Figure 1.12 Centrex service to multiple sites.
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1. Direct dialing to Centrex extensions from the public network,

2. Station-to-station calling using extension numbers as opposed to full, 7- (or 10-)
digit public nurnbers.

3. Common voice user features such as call forwarding, call transfer, call waiting,
call pick up, and three-way calling.

4. Multiple sites with transparent numbering plans and features. With citywide
Centrex the sites can be supported from multiple offices interconnected by
common-channel signaling (CCS) described in Section 1.2.10.

5. Centralized attendant/message desk with call origination information for
informed processing of forwarded calls.

6. High availability because CO equipment and directly connected analog phones
are powered at the CO with backup power sources.

7. Virtually unlimited growth.

1.2.4 Transmission Systems

Functionally, the communications channels between switching systems are referred to
as trunks. In the past, these channels were implemented with a variety of facilities, in-
cluding pairs of wires, coaxial cable, and point-to-point microwave radio links. Except
for special situations, trunk facilities now utilize optical fibers.

Open Wire

A classical picture of the telephone network in the past consisted of telephone poles
with crossarms and glass insulators used to support uninsulated open-wire pairs. Ex-
cept in rural environments, the open wire has been replaced with multipair cable sys-
tems or fiber, The main advantage of an open-wire pair is its relatively low attenuation
(a few hundredths of a decibel per mile at voice frequencies). Hence, open wire is par-
ticularly useful for long, rural customer loops. The main disadvantages are having to
separate the wires with crossarms to prevent shorting and the need for large amounts
of copper. (A single open-wire strand has a diameter that is five times the diameter of
a typical strand in a multipair cable. Thus open wire uses roughly 25 times as much
copper as does cable.) As aresult of copper costs and the emergence of low electronics
costs, open wire in rural environments has been mostly replaced with cable systems
using (digital) amplifiers to offset attenuation on long loops.

Paired Cable :

In response to overcrowded crossarms and high maintenance costs, multipair cable
systers were introduced as far back as 1883. Today a single cable may contain any-
where from 6 to 2700 wire pairs. Figure 1.13 shows the structure of a typical cable.
When telephone poles are used, a single cable can provide all the circuits required on
the route, thereby eliminating the need for crossarms. More recently the preferred
means of cable distribution is to bury it directly in the ground (buried cable) or use
underground conduit (underground cable),
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Table 1.4 lists the most common wire sizes to be found within paired-cable sys-
tems. The lower gauge (higher diameter) systems are used for longer distances where
signal attenuation and direct-current (dc) resistance can become limiting factors. Fig-
ure 1.14 shows attenuation curves [5] for the common gauges of paired cable as a func-
tion of frequency. An important point to notice in Figure 1.14 is that the cable pairs
are capable of carrying much higher frequencies than required by a telephone quality
voice signal (approximately 3.4 kHz).

In the past, the exchange areas of the telephone network used paired cable almost
exclusively for short-haul interoffice transmission. Up until the introduction of mul-

Figure 1,13 Multipair cable. (Copyright 1977 by Bell Telephone Laboratories. Reprinted by
permission,)
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TABLE 1.4 Wire Gauge and Reslstance of Common

Paired Cable
Direct-Current

Gauge Diameter (in.) Resistance (€/1000 ft)?
30 0.010 104

28 0.013 66

26 0.016 a4

24 0.020 26

22 0.025 16

20 0.032 10

19 0.036 8

#Note that the loop resistance of a pair is twice the resistance of a single
wire given in the table.
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Figure 1.14 Attenuation versus frequency of common gauges of paired cable. (From W. D.
Reeve, Subscriber Loop Signaling Transmission Handbook, TEEE Press, New York, Fig.
7-16a.)
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Figure 1.15 Single-wire transmission with ground return.
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Figure 1.16 Two-wire transmission.

tiplexing techniques, described later in this chapter, each voice circuit (trunk) was car-
ried on a separate pair of wires. Beginning in the early 1960s electronics began to be
used for short-haul interoffice transmission systems using multiplexing techniques to
carry multiple channels on a single pair of wires.

Two-Wire Versus Four-Wire

All wire-line transmission in the telephone network is based on transmission through
pairs of wires. As shown in Figure 1.15, transmission through a single wire (with a
ground return) is possible and has been used in the past. However, the resulting circuit
is too noisy for customer acceptance. Instead, balanced pairs of wires as shown in Fig-
ure 1.16 are used with signals propagating as a voltage difference between the two
wires. The electrical current produced by the difference signal flowing through the
wires in opposite directions is called a “metallic current.” In contrast, current propa-
gating in the same direction in both wires is referred to as common-mode or longitu-
dinal current. Longitudinal currents are not coupled into a circuit output uniess there
is an imbalance in the wires that converts some of the longitudinal signal (noise or in-
terference) into a difference signal. Thus the use of a pair of wires for each circuit pro-
vides much better circuit quality than does single-wire. transmission. Some older
switching systems used single-wire (unbalanced) transmission to minimize the num-
ber of contacts. Unbalanced circuits were only feasible in small switches where noise
and crosstalk could be controlled.

Virtually all subscriber loops in the telephone network are implemented with a sin-
gle pair of wires.” The single pair provides for both directions of transmission. If users
on both ends of a connection talk simultaneously, their conversations are superim-
posed on the wire pair and can be heard at the opposite ends. In contrast, wire-line (and
fiber) transmission over longer distances, as between switching offices, is best imple-
mented if the two directions of transmission are separated onto separate wire pairs.

“Tt is now commonplace to use fiber for the feeder portion of a subscriber loop, but the drop to a re sidence
is a single pair per telephone.
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Longer distance transmission requires amplification and most often involves multi-
plexing. These operations are implemented most easily if the two directions of trans-
mission are isolated from each other. Thus interoffice trunks typically use two pairs
of wires or two fibers and are referred to as four-wire systems. The use of two pairs
of wires did not necessarily imply the use of twice as much copper as a two-wire cir-
cuit. After 1960, four-wire systems increasingly used sore form of multiplexing to
provide multiple channels in one direction on one wire pair. Thus, a net savings in cop-
per could result.

Sometimes the bandwidth of a single pair of wires was separated into two subbands
that were used for the two directions of travel, These systems were referred to as de-
rived four-wire systems. Hence, the term four-wire has evolved to imply separate
channels for each direction of transmission, even when wires may not be involved. For
example, fiber optic and radio systems that use separate channels for each direction
are also referred to as four-wire systems.

The use of four-wire transmission had a direct impact on the switching systems of
the toll network. Since toll network circuits were four-wire, the switches were de-
signed to separately connect both directions of transmission. Hence, two paths
through the switch were needed for each connection. A two-wire switch, as used in
older analog end offices, required only one path through the switch for each connec-
tion.

Two-Wire-to-Four-Wire Conversion

At some point in a long-distance connection it is necessary to convert from two-wire
transmission of local loops to four-wire transmission on long-distance trunks. In the
past, the conversion usually occurred at the trunk interface of the (two-wire) end office
switch. Newer digital end office switches are inherently *“four-wire,” which means the
two-wire-to-four-wire conversion point is on the subscriber (line) side of the switch
as opposed to the trunk side. A generalized interconnection of two-wire and four-wire
facilities for a connection is shown in Figure 1.17. The basic conversion function is
provided by hybrid circuits that couple the two directions of transmission as shown,
Hybrid circuits have been traditionally implemented with specially interconnected
transformers. More recently, however, electronic hybrids have been developed. Ide-
ally a hybrid should couple all energy on the incoming branch of the four-wire circuit
into the two-wire circuit, and none of the incoming four-wire signal should be trans-
ferred to the outgoing four-wire branch.

— —— ]
Two-wire \ Two-wire
—
ey —; Z Four-wire 4 %— e —
e
— e
Hybrid Hybrid

Figure 1.17 Interconnection of two-wire and four-wire circuits,
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When the impedance matching network Z exactly matches the impedance of the
two-wire circuit, near-perfect isolation of the two four-wire branches can be realized.
Impedance matching used to be a time-consuming, manual process and was therefore
not commonly used. Furthermore, the two-wire circuits were usually switched con-
nections so the impedance that had to be matched would change with each connection.
For these reasons the impedances of two-wire lines connected to hybrids were rarely
matched. The effect of an impedance mismatch is to cause an echo, the power level of
which is related to the degree of mismatch. The effect of echoes on voice quality and
the means of controlling them is discussed later in this chapter.

Loading Coils

The attenuation curves shown in Figure 1.14 indicate that the higher frequencies of the
voice spectrum (up to 3.4 kHz) experience more attenuation than the lower frequen-
cies. This frequency-dependent attenuation distorts the voice signal and is referred to
as amplitude distortion. Amplitude distortion becomes most significant on long cable
pairs, where the attenuation difference is greatest.

The usual method of combating amplitude distortion on intermediate-length (3—
15-mile) wire pairs is to insert art1ﬁ01al inductance into the lines. The extra inductance
comes from loading coils that are inserted at 3000-, 4500-, or 6000-ft intervals. Figure
1.18 shows the effect of loading coils on a 24-gauge loop. Notice that the voiceband
response up to 3 kHz is greatly improved, but the effect on higher frequencies is dev-
astating,

Prior to the introduction of wire-line and fiber carrier systems, loading coils were
used extensively on exchange area interoffice trunks. Loading coils are also used on
the longer, typically rural, subscriber loops. Here, too, carrier systems have displaced
most of the single pairs of wires being used on long routes.
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Figure 1.18 Effect of loading on 24-gauge cable pair.
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1.2.5 Pair-Gain Systems

Providing service to rural subscribers has always been an expensive proposition be-
cause of the length of the routes involved and the small number of households to sup-
port the cost of both the initial installation and the maintenance. In the past, a common
means of reducing the costs was to use party lines, which involved sharing of a wire
pair among multiple households. A party line is particularly useful for satisfying new
service requests on routes with no spare pairs but is obviously objectionable due to the
lack of privacy and the lack of availability of the line.

A pair-gain system is an alternate approach to sharing pairs of wires that is much
more acceptable to the users. This section describes two basic types of palr-gam sys-
ters: concentrators (remote switches) and multiplexers (carrier systerns). N

K

Concentration

The first form of a pair-gain system in Figure 1.19 depicts a basic line concentration
system. When viewed from the station set end of the system, a pair-gain system pro-
vides concentration by switching some number of active stations to a smaller number
of shared output lines. At the other end of the system, deconcentration (expansion) oc-
curs by switching from the shared lines to individual inputs of the switching office cor-
responding to the active stations. Expanding the traffic back to the original number of
stations ensures that the system is operationally transparent to both the switch and the
user. Notice that a definition of which end provides concentration and which end pro-
vides expansion is dependent on the point of view.

N sources |
1 1
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M channels
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Figure 1.19. Pair-gain systems: concentration and multiplexing: (@) concentration (n > M):
() multiplexing,
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Since a concentrator is incapable of simultaneously connecting all stations it serv-
ices, a certain amount of blocking is necessarily introduced by concentration. When
the activity of individual stations is low enough, significant amounts of concentration
can be achieved with acceptable blocking probabilities. For example, 40 stations that
are each active only 7.5% of the time can be concentrated onto 10 lines with a blocking
probability of 0.001." This is an acceptable degradation in service since an equally ac-
tive called station is busy 75 times as often.

Notice that a concentration system requires the transfer of control information be-
tween the concentrator/expander switch terminals. When one end of the system estab-
lishes a new connection to one of the shared lines, the other end must be informed to
set up the appropriate reverse connection.

Multiplexing

As shown in Figure 1.14, the inherent bandwidth of a typical wire pair is considerably
greater than that needed for a single voice signal. Thus, multiplexing can be used to
carry multiple voice channels on a single pair of wires. The increase in attenuation im-
plied by the higher frequencies is offset by amplifiers in the multiplex equipment and
at periodic points in the transmission lines, The particular multiplexing technique
shown in Figure 1.19b is a frequency division multiplex system. Another form of mul-
tiplexing, time division multiplexing of digital voice signals, is the preferred multi-
plexing approach for digital pair-gain systems discussed later.

As shown in Figure 1.19b, there is a one-to-one relationship between the customer
lines and the subchannels of the multiplexer, Thus, unlike the concentration system,
there is no possibility of blocking in a multiplexing type of pair-gain system. Also,
there is no need to transfer switching information since the same one-to-one relation-
ship defines the correspondence between customer lines at one end and switching of-
fice lines at the other end. A major drawback of multiplexing pair-gain systems is that
the subchannels are highly underutilized if the sources are relatively inactive. In these
situations a combination of concentration and multiplexing is normally justified.

Time Assignment Speech Interpolation
Time assignment speech interpolation (TASI) is a pair-gain system that dynamically
assigns a channel to a circuit only when there is actual voice activity. Thus, a TASI
system senses voice activity from a number of sources N; assigns active sources to one
of M channels, where M is typically about half as large as N; and signals the far end
about the connections. Normally, each participant in a conversation is active for only
40% of the time, which indicates that if M = ; N,thereissomeamountofsparecapac-
ity to accommodate excess activity in one direction. If a source begins to talk when all
channels are utilized, the beginning of that speech segment gets clipped until a channel
becomes available. Chapter 12 provides mathematical formulations to determine the
probability of clipping as a function of N, M, and the voice activity factor.

Initial TASI applications involved improving the utilization of undersea cable
pairs. The obvious expense of these channels warranted the use of arather complicated

*A discussion of traffic analysis is provided in Chapter 12, from which this result can be obtained.
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multiplexing technique for the time. The same basic technique has since been used in
numerous applications with digital speech for satellite and land-line applications.
These systems are generally called digital speech interpolation (DSI) systems [6].

1.2.6 FDM Muttiplexing and Modulation

The introduction of cable systems into the transmission plant to increase the circuit
packing density of open wire is one instance of multiplexing in the telephone network.
This form of multiplexing, referred to as space division multiplexing, involves nothing
more than bundling more than one pair of wires into a single cable. The telephone net-
work uses two other forms of multiplexing, both of which use electronics to pack more
than one voice circuit into the bandwidth of a single transmission medium. Analog fre-
quency division multiplexing (FDM) has been used extensively in point-to-point mi-
crowave radios and to a much lesser degree on some obsolete coaxial cable and
wire-line systems. FDM is also utilized in fiber optic transmission systems, where it
is referred to as wavelength division multiplexing (WDM).” Digital time division mul-
tiplexing (TDM) is the dominant form of multiplexing used in the telephone networks
worldwide. (Even the fiber optic systems that utilize WDM commonly use digital
TDM within the signals of a particular wavelength.)

Frequency Division Multiplexing

As indicated in Figure 1.19b, an FDM system divides the available bandwidth of the
transmission medium into a number of narrower bands or subchannels. Individual
voice signals are inserted into the subchannels by amplitude modulating appropriately
selected carrier frequencies. As a compromise between realizing the largest number
of voice channels in a multiplex system and maintaining acceptable voice fidelity, the
telephone companies established 4 kHz as the standard bandwidth of a voice circuit.
If both sidebands produced by amplitude modulation are used (as in obsolete N1 or
N2 carrier systems on paired cable), the subchannel bandwidth is § kHz, and the cor-
responding carrier frequencies lie in the middle of each subchannel. Since double-
sideband modulation is wasteful of bandwidth, single-sideband (SSB) modulation
was used whenever the extra terminal costs were justified. The carrier frequencies for
single-sideband systems lie at either the upper or lower edge of the corresponding sub-
channel, depending on whether the lower or upper sideband is selected. The A5 chan-
nel bank multiplexer of AT&T used lower sideband modulation.

-

pS
FDM Hierarchy

In order to standardize the equipment in the various broadband transmission systems
of the original analog network, the Bell System established an FDM hierarchy as pro-
vided in Table 1.5. CCITT recommendations specify the same hierarchy at the lower

*Optical technology is customarily defined in terms of the wavelength of the optical signal as opposed to
the corresponding frequency.

T Actually, the usable bandwidth of an FDM voice channel was closer to 3 kHz due to guard bands needed
by the FDM separation filters,
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TABLE 1.5 FDM Hierarchy of the Bell Network

Number of Voice

Multiplex Level Circuits Formation Frequency Band (kHz)
Voice channel 1 04

Group 12 12 voice circuits 60-108
Supergroup 60 . 5 groups 312-552
Mastergroup 600 10 supergroups 564--3,084
Mastergroup Mux 1,200-3,600 Various 312,564-17,548
Jumbogroup 3,600 6 master groups 564-17,548
Jumbogroup Mux 10,800 3 jumbo groups 3,000-60,000

levels. Each level of the hierarchy is implemented using a set of standard FDM mod-
ules. The multiplex equipment is independent of particular broadband transmission
media.

All multiplex equipment in the FDM hierarchy used SSB modulation. Thus, every
voice circuit required approximately 4 kHz of bandwidth. The lowest level building
block in the hierarchy is a channel group consisting of 12 voice channels. A channel
group multiplex uses a total bandwidth of 48 kHz. Figure 1.20 shows a block diagram
of an A5 channel group multiplexer, the most common A-type channel bank used for
first-level multiplexing. Twelve modulators using 12 separate carriers generate 12
double-sideband signals as indicated. Each channel is then bandpass filtered to select
only the lower sideband of each double-sideband signal. The composite multiplex sig-
nal is produced by superposing the filter outputs. Demultiplex equipment in a receiv-
ing terminal uses the same basic processing in reverse order.

Notice that a sideband separation filter not only removes the upper sideband but
also restricts the bandwidth of the retained signal: the lower sideband. These filters
therefore represented a basic point in the analog telephone network that defined the
bandwidth of a voice circuit. Since FDM was used on all long-haul analog circuits,
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Figure 1.20 A5 channel bank multiplexer.
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long-distance connections provided somewhat less than 4 kHz of bandwidth. (The
loading coils discussed previously also produce similar bandwidth limitations into a
voice circuit.) ‘

As indicated in Table 1. 5, the second level of the FDM hierarchy is a 60-channel
multiplex referred to as a supergroup. Figure 1.21 shows the basic implementation of
an LMX group bank that multiplexes five first-level channel groups. The resulting 60-
channel multiplex output is identical to that obtained when the channels are individu-
ally translated into 4-kHz bands from 312 to 552 kHz. Direct translation requires 60
separate SSB systems with 60 distinct carriers. The LMX group bank, however, uses
only five SSB systems plus five lower level modules. Thus two-stage multiplexing,
as implied by the LMX group bank, requires more total equipment but achieves econ-
omy through the use of common building blocks. (Engineers at AT&T Laboratories
also developed a multiplexer that generated a supergroup directly [7].)

Because a second-level multiplexer packs individual first-level signals together
without guard bands, the carrier frequencies and bandpass filters in the LMX group
bank must be maintained with high accuracy. Higher level multiplexers do not pack
the lower level signals as close together. Notice that a master group, for example, does
not provide one voice channel for every 4 kHz of bandwidth, It is not practical to main-
tain the tight spacing between the wider bandwidth signals at higher frequencies. Fur-
thermore, higher level multiplex signals include pilot tones to monitor transmission
link quality and aid in carrier recovery.

1.2.7 Wideband Transmission Media

Wire pairs within multipair cables have usable bandwidths that range from a little un-
der 1 MHz up to about 4 MHz depending on the length, the wire gauge, and the type
of insulation used on the pairs. Multiplexed transmissions on these wire pairs conse-
quently have capacities that range from 24 channels (on analog N3 or digital T1 carrier
systems) up to 96 channels (on obsolete digital T2 carrier systems). In contrast, an ana-
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Figure 1.21 LMX group bank multiplexer.
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log LSE coaxial cable system was developed to carry 13,200 voice channels. Optical
fiber systems have been developed that carry in excess of 100,000 voice channels on
a single wavelength. Because optical transmitters [light-emitting diodes (ILEDs) and
lasers] function best in a pulsed mode of operation, fiber systems are primarily digital
in nature. Digital fiber optic transmission systems are described in Chapter 8. This sec-
tion discusses coaxial cable and point-to-point microwave radio systems.

Coaxial Cable

Coaxial cable systems were used predominantly to satisfy long-haul requirements of
the toll network, The first commercial system was installed in 1941 for transmission
of 480 voice circuits over a 200-mile stretch between Minneapolis, Minnesota, and
Stevens Points, Wisconsin [7]. To combat attenuation, repeater amplifiers were in-
stalled at 5.5-mile intervals. Considering the maximum capacity of 12 voice circuits
on open wire or cable at the time, the introduction of “coax” was a significant devel-
opment, After the first installation coaxial cable capacity was steadily increased by (1)
using larger diameter cables (0.375 in.) to reduce attenuation, (2) decreasing the dis-
tance between repeaters, and (3) improving the noise figure, linearity, and bandwidth
of the repeater amplifiers.

A summary of the analog coaxial cable systems used in the Bell System is provided
in Table 1.6. Notice that each system reserved one pair of tubes as spares in the event
of failure, a particularly important consideration since each tube carried a high volume
of traffic. Because optical fibers have wider bandwidths, lower attenuation, lower
maintenance, and lower cost, coaxial systems are obsolete.

Microwave Radio

Much of the impetus for terrestrial microwave radio systems came from the need to
distribute television signals nationwide. As the volume of long-distance traffic in-
creased, radio systems also became the most economical means of distributing voice
circuits in the long-distance network. Beginning in 1948, when the first system was
installed between New York and Boston, the number of microwave radio systems
grew to supply 60% of the voice circuit miles in the U.S. toll network in 1980 [7]. It
was just a few years after that that optical fibers began to take over for high-density
interoffice routes and eventually for the network as a whole.

TABLE 1.6 Coaxial Cable Systems In the Bell Network

Repeater
System Pairs per Spacing  Capacity per Total
Designation System?®  Signal Designation (miles) Pair Capacity
L1 B 3/6 Mastergroup 8 600 1,800
L3 56 Mastergroup Mux 4 1,860 9,300
L4 910 Jumbogroup 2 3,600 32,400
L5 10/11 Jumbogroup Mux 1 10,800 108,000

#The number of pairs are shown as werking/total.
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Microwave radio systems require line-of-sight transmission with repeater spacings
typically 26 miles apart. The major advantage of radio systems is that a continuous
right-of-way is not required-—only small plots of land spaced 2030 miles apart for
towers and equipment shelters. A major cost of guided transmission, for example, wire
pairs, coax, or fiber, is the right-of-way costs. In many metropolitan areas, microwave
routes became heavily congested and could not be expanded with allocated common-
carrier frequency bands. In these situations, finding a right-of-way for a coax or even-
tually an optical fiber system was sometimes the only choice for high-capacity
transmission.”

The frequency bands allocated by the FCC for common-carrier use in the United
States are listed in Table 1.7. Of these bands, 4 and 6 GHz have been the most popular.
The 2-GHz band has not been used extensively because the relatively narrow allocated
channel bandwidths do not permit implementation of economical numbers of voice
circuits. The basic drawback of the 11-GHz band is its vulnerability to rain attenu-
ation. However, 11-GHz radios have been used in some §hort-haul applications,

The microwave radio systems of the analog Bell network are listed in Table 1.8.
Notice that each radio system is designed to carry one of the multiplex hierarchies de-
scribed previously. All of these radios except the AR-6A used low-index frequency
modulation (FM) of the signal generated by the FDM multiplexer equipment, Thus,
the FM radios transmit the SSB FDM signal as a baseband signal with a bandwidth as
indicated in Table 1.5. FM modulation was chosen to permit the use of nonlinear
power amplifiers in the transmitters and to take advantage of FM signal-to-noise ratio
performance.

Examination of Tables 1.7 and 1.8 indicates that 13.3 kHz of bandwidth is utilized
per voice circuit in TD-2 radios and 14.3 kHz in TH-3 radios. Thus, the use of FM in-
troduced a significant increase in the 4 kHz bandwidth of the individual SSB voice cir-
cuit. In contrast, the SSB AR-6A radio introduced in 1981 provided 6000 voice
circuits in the 30-MHz channels at 6 GHz.

Since a large number of voice circuits are carried by each radio channel, microwave
systems usually include extra equipment and extra channels to maintain service de-
spite outages that may result from any of the following:

1. Atmospheric-induced multipath fading
2. Equipment failures
3. Maintenance

On some routes, the most frequent source of outage in a microwave radio system arises
from multipath fading. Figure 1.22 depicts a simple model of a multipath environment
arising as a result of atmospheric refraction, As indicated, the model involves two
rays: a primary ray and a delayed secondary ray. If the secondary ray arrives out of
phase with respect to the primary ray, the primary signal is effectively canceled. The

“Microwave bands with wide-bandwidth allocations at high carrier frequencies are available for some local
distribution services and are discussed in Chapter 11.
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TABLE 1.7 Microwave Frequencies Allocated for
Common-Carrler Use in the United States

Total Bandwidth  Channel Bandwidths

Band (MHz) (MHz) (MHz)
2110-2130 20 35
21602180 20 35
37004200 500 20
5925-6425 500 30
10,700-11,700 1000 40, 20

amount of cancelation is dependent on both the magnitude and the phase of the sec-
ondary ray. Quite often only nominal amounts of fading occur and can be accommo-
dated by excess signal power in the transmitter, called a fade margin. In some
instances, however, the received signal is effectively reduced to zero, which implies
that the channel is temporarily out of service.

Frequency Diversity
Fortunately, exceptionally deep fades normally affect only one channel (carrier fre-
quency) at a time. Thus, a backup channel including a spare transmitter and a spare
receiver can be used to carry the traffic of a faded primary channel. Selection of and
switching to the spare channel is performed automatically without a loss of service.
This remedy for multipath fading is referred to as frequency diversity. Notice that fre-
quency diversity also provides hardware backup for equipment failures.

A fully loaded TD-3 radio system used 12 channels: 10 main channels and 2

backup channels for protection. This is referred to variously as 2-for-10, 10-by-2, or

10x2 protectlon switching. Some short-haul systems used 1-for-1 protection switch-
ing because it is simpler {6 implement. However, since only half of the required band-
width is actually carrying traffic, systems with 1-for-1 protection were only allowed
in uncongested environments.

TABLE 1.8 Bell System Analog Microwave Radios

System Band (GHz) Voice Circuits  Application
TD-2 4 600-1500 Long haul
TD-3 4 1200 Long haul
TH-1 6 1800 Short/long haul
TH-3 6 2100 Short/long haul
T™M-1 6 600-900 Short/long hau!
TJ 11 600 Short haul
TL-1 11 240 Short haul
TL-2 11 600900 Short haul

AR-6A 6 6000 Long haul (SSB)

=D



.

A

}

32 BACKGROUND AND TERMINOLOGY

Figure 1.22 Two-ray model of multipath propagation.

Except in maintenance situations, protection switching must be automatic in order
to maintain service continuity. A typical objective was to restore service within 30
msec to minimize noticeable effects in the message traffic. A more critical require-
ment is to restore service before the loss of signal is interpreted by some signaling
schemes as a circuit disconnect. Inadvertent disconnects occur if an outage lasts for
more than 1-2 sec.

Space Diversity

Since deep fades only occur when a secondary ray arrives exactly out of phase with
respect to a primary ray, it is unlikely that two paths of different lengths experience
fading simultaneously. Figure 1.23 depicts a technique, called space diversity, using
different path lengths to provide protection against multipath fading, As indicated, a
single transmitter irradiates two receive antennas separated by some distance on the
tower, Although the path length difference may be less than a meter, this difference is
adequate at microwave frequencies, which have wavelengths on the order of tenths of
meters,

Rain is another atmospherically based source of microwave fading. As already
mentioned, rain attenuation is a concern mostly in higher frequency radios (11 GHz
and above). Unfortunately neither frequency diversity (at the high frequencies) nor
space diversity provides any protection against rain fades.

Satellites

Following the April 1965 launch of the Soviet Union’s Molniya domestic communi-
cations satellite and the first international communications satellite, INTELSAT I, the
use of satellites for international telephone traffic grew phenomenally. The 1970s and
early 1980s also produced significant use of satellites in the United States for televi-
sion program distribution and for corporate voice and data networks. The first domes-

Figure 1.23 Space diversity.
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tic system in North America was the Canadian Anik A in 1972 followed by Western
Union’s Westar system for U.S. service in 1974 [8].

In one sense a satellite system is a microwave radio system with only one repeater:
the transponder in outer space. In fact, some satellite systems use the same 4- and 6-
GHz frequency bands used by terrestrial microwave radios. In another sense, however,
the broadcast nature of the down link offers additional opportunities for new services
not available from point-to-point terrestrial systems. Distribution of network televi-
sion programming is one application particularly suited to the broadcast nature of sat-
ellites. Direct broadcast satellite (DBS) transmission to receive-only home receivers
is a prime example.” Two primary examples of DBS systems are the European DVB-T
system [9] and the North American digital satellite system (DSS) system developed
by Hughes Electronics Systems (HES).

Another application that is well suited to satellites is communications with mobile
stations. The international maritime satellite INMARSAT) system, for example, be-
gan supporting the maritime industry in 1982 and was augmented with digital
Skyphone [10] for aeronautical telephone service in 1989.

One drawback to satellite communications is the inherent propagation delay of the
long transmission path. For a stationary satellite, this delay (not including ground
links) is 250 msec up and down. A complete circuit with satellite links for both direc-
tions of travel therefore implies greater than a one-half-second round-trip propagation
time. Delays of this magnitude are noticeable in a voice conversation but not prohibi-
tive. The effects of the propagation delays can be alleviated somewhat by pairing each
satellite circuit with a ground-based circuit in the opposite direction. Thus, the round-
trip delay involves only one satellite link,

As is the case with point-to-point microwave radio, fiber optic transmission has
displaced the use of satellites for high-density, domestic and international telephone
communications. Hence the use of satellites is primarily directed at thin-route tele-
phone and data applications, some mobile systems, and broadcast applications.

1.2.8 Transmission Impairments

One of the most difficult aspects of designing an analog telephone network is deter-
mining how to allocate transmission impairments to individual subsystems within the
network. Using subjective evaluations by listeners, certain objectives for end-to-end
transmission quality were established in a relatively straightforward manner [11]. Af-
ter tempering the goals with economic feasibility, the end-to-end objectives were es-
tablished. However, considering the myriad of equipment types and connection
combinations in the older analog network, designing the individual network elements
to meet these objectives in all cases was a complex problem, A great deal of credit is
due the Bell System for having developed a nationwide analog network with the level
of consistent performance it had.

*ADBS system is designed to use receiver antennas that are about L 11 in diameter. The older home satellite

receiver systems that were common in the United States used 3- to 5-m antennas to receive (intercept)
commercial program distribution.
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The major factors to be considered in establishing transmission objectives for an
analog network are signal attenuation, noise, interference, crosstalk, distortion, ech-
oes, singing, and various modulation- and carrier-related imperfections.

Signal Attenuation

Subjective listening tests have shown that the preferred acoustic-to-acoustic loss [12]
in a telephone connection should be in the neighborhood of 8 dB. A study of local tele-
phone connections [13] demonstrates that the typical local call had only 0.6 dB more
loss than ideal. Surveys of the toll network [14] indicated that the average analog toll
connection had an additional 6.7 dB of loss. This same survey also showed that the
standard deviation of loss in toll connections was 4 dB (most of which was attributable
to the local loops).

Since trunks within the toll network used amplifiers to offset transmission losses,
it would have been straightforward to design these trunks with zero-decibel nominal
insertion loss. However, as discussed later, echo and singing considerations dictated
a need for certain minimum levels of net loss in most analog trunk circuits.

Interference

Noise and interference are both characterized as unwanted electrical energy fluctuat-
ing in an unpredictable manner. Interference is usually more structured than noise
since it arises as unwanted coupling from just a few signals in the network. If the in-
terference is intelligible, or nearly so, it is referred to as crosstalk.” Some of the major
sources of crosstalk are coupling between wire pairs in a cable, inadequate filtering or
carrier offsets in older FDM equipment, and the effects of nonlinear components on
FDM signals.

Crosstalk, particularly if intelligible, is one of the most disturbing and undesirable
imperfections that can occur in a telephone network. Crosstalk in analog systems is
particularly difficult to control since voice signal power levels vary considerably (i.e.,
across a dynamic range of 40 dB). The absolute level of crosstalk energy from a high-
level signal must be small compared to a desired low-Jevel signal. In fact, crosstalk is most
noticeable during speech pauses, when the power level of the desired signal is zero.

Two basic forms of crosstalk of concern to telecommunications engineers are near-
end crosstalk (NEXT) and far-end crosstalk (FEXT). Near-end crosstalk refers to cou-
pling from a transmitter into a receiver at a common location. Often this form of
crosstalk is most troublesome because of a large difference in power levels between
the transmitted and received signals. Far-end crosstalk refers to unwanted coupling
into a received signal from a transmitter at a distant location. Both forms of crosstalk
are illustrated in Figure 1.24.

Noise
The most common form of noise analyzed in communications systems is white noise
with a Gaussian (normal) distribution of amplitude values. This type of noise is both

*Crosstalk is also used to characterize signallike interferences in nonvoice networks. For example, crosstalk
in a data circuit would refer to an interfering signal being coupled in from another similar data circuit.
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Figure 1,24 Near-end and far-end crosstalk.
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easy to analyze and easy to find since it arises as thermal noise in all electrical com-
ponents. Battery systems used to power customer loops are also a source of this type
of noise. White noise is truly random in the sense that a sample at any instant in time
is completely uncorrelated to a sample taken at any other instant in time. The other
most common forms of noise in the telephone network are impulse noise and quanti-
zation noise in digital voice terminals (Chapter 3). Impulse noise can occur from
switching transients in older electromechanical switching offices or from rotary dial
telephones. Step-by-step switches were the most frequent culprits. More modern elec-
tromechanical switches that use glass-encapsulated reed relays for crosspoints pro-
duce much less noise. Whereas white noise is usually quantified in terms of average
power, impulse noise is usually measured in terms of so many impulses per second.
Impulse noise is usually of less concern to voice quality than background white noise.
However, impulse noise tends to be the greatest concern in a data communications cir-
cuit.

The power level of any disturbing signal, noise or interference, is easily measured
with a root-mean-square (rms) voltmeter. However, disturbances at some frequencies
within the passband of a voice signal are subjectively more annoying than others.
Thus, more useful measurements of noise or interference power in a speech network
take into account the subjective effects of the noise as well as the power level. The two
most common such measurements in telephony use a C-message weighting curve and
a psophometric weighting curve, as shown in Figure 1.25. These curves essentially
represent filters that weight the frequency spectrum of noise according to its annoy-
ance effect to a listener. C-message weighting represents the response of the 500-type
telephone set. As far as perceived voice quality is concerned, only the noise that gets
passed by the telephone set is important. Notice that disturbances between 1 and 2 kHz
are most, perceptible. C-message weighting is used in North America while
psophometric weighting is the European (ITU-T) standard.

A standard noise reference used by telephone engineers is 1 pW, whichis 10712 W,
or —90 dBm (dBm is power in decibels relative to a milliwatt). Noise measured rela-
tive to this reference is expressed as so many decibels above the reference (dBrn).
Thus, a noise level of 30 dBrn corresponds to —60 dBm, or 10~° W of power. If the
readings are made using C-message weighting, the power level is expressed by the ab-
breviation dBrnC. Similarly, psophometrically weighted picowatts are expressed by
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Figure 1.25 C-message and psophometic weighting.

the abbreviation pWp. The relationships between various noise power measurements
are given in Table 1.9,

The quality of an analog voice circuit is usually not specified in terms of the clas-
sical signal-to-noise ratio. The reason is that relatively low levels of noise or interfer-
ence are noticeable during pauses in speech, when there is no signal. On the other
hand, high levels of noise can occur during speech and be unnoticeable. Thus, absolute
levels of noise are more relevant than signal-to-noise ratios for specifying voice qual-
ity.” The objectives for maximum noise levels in the analog AT&T network were 28
dBrnC for connections up to 60 miles in length and 34 dBrnC for 1000-mile circuits. !

Distortlon

In a previous section signal attenuations were considered with the tacit assumption
that a received waveform was identical in shape to a source waveform but merely
scaled down in amplitude. Actually, a received waveform generally contains certain
distortions not attributable to external disturbances such as noise and interference but
that can be attributed to internal characteristics of the channel itself. In contrast to
noise and interference, distortion is deterministic; it is repeated every time the same
signal is sent through the same path in the network. Thus distortions can be controlled
or compensated for once the nature of the distortion is understood.

There are many different types and sources of distortion within the telephone net-
work. The telephone companies minimized those types of distortion that most affected
the subjective quality of speech. Later on they also became concerned with distortion
effects on data transmission. Some distortions arise from nonlinearities in the net-
work, such as carbon microphones, saturating voice-frequency amplifiers, and un-

"It is a common practice in the industry to specify the quality of a voice circuit in terms of a
test-tone-to-noise ratio. However, the test tone must be at a specific power level 5o the ratio, in fact,
specifies absolute noise power.

"These noise power values are related to a particular point in a circuit, called a zero-transmission-level
point, discussed later,
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TABLE 1.9 Relationships between Various Noise

Measurements
To Convert

From To
dBm dBrn Add 90 dB
dBm 3 kHz flat dBrnC Add 88 dB
dBm 3 kHz flat dBp Add 87.5dB
dBrn 3 kHz flat dBrnC Subtract 2 dB
dBC dBp Subtract 0.5 dB
pw 3 kHz flat pWp Multiply by 0.562

matched compandors (Chapter 3). Other distortions are linear in nature and are usually
characterized in the frequency domain as either amplitude distortion or phase distor-
tion,

Amplitude distortion refers to attenuating some frequencies in the voice spectrum
more than others. The loading coils discussed earlier represent one means of eliminat-
ing amplitude distortion on long voice-frequency wire pairs. Amplitude distortion
could also be introduced by spectrum-limiting filters in FDM equipment. Ideally these
filters should uniformly pass all voiceband frequencies up to 4 kHz and reject all oth-
ers. Practical designs, however, imply the need for gradual attenuation “roll-offs” be-
ginning at about 3 kHz. Figure 1.26 shows the attenuation-versus-frequency response
of a typical analog toll connection of the past.

Phase distortion is related to the delay characteristics of the transmission medium.
Ideally a transmission system should delay all frequency components in a signal uni-
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Figure 1.26 Insertion loss versus frequency of typical toll connection.
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formly so the proper phase relationships exist at the receiving terminal, If individual
frequency components experience differing delays, the time-domain representation at
the output becomes distorted because superposition of the frequency terms is altered
at the output. For reasons not discussed here the delay of an individual frequency com-
ponent is usually referred to as its envelope delay. For a good explanation of envelope
delay see reference [15].

Uniform envelope delay relates to a phase response that is directly proportional to
frequency. Thus systems with uniform envelope delay are also referred to as linear
phase systems. Any deviation from a linear phase characteristic is referred to as phase
distortion. The perceptual effects of phase distortion to a voice signal are small. Thus
only minimal attention need be given to the phase response of a voice network. The
phase response and corresponding envelope delay provided by a typical analog toll
connection is shown in Figure 1.27.

In addition to the distortions just mentioned, analog carrier systems sometimes in-
troduced other frequency-related distortions such as frequency offsets, jitter, phase
hits, and signal dropouts. The effects of these imperfections and phase distortion were
adequately controlled for voice traffic but presented difficulties for high-rate voice-
band data traffic.

Echoes and Singing

Echoes and singing both occur as a result of transmitted signals being coupled into a
return path and fed back to the respective sources, The most common cause of the cou-
pling is an impedance mismatch at a four-wire-to-two-wire hybrid. As shown in Fig-
ure 1.28, mismatches cause signals in the incoming branch of a four-wire circuit to get
coupled into the outgoing branch and return to the source. In the older network with
two-wire analog end office switches, it was impractical to provide good impedance
matches at this point for all possible connections since the two-wire side of the hybrid
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Figure 1.27 Envelope delay and phase response of typical toll connection.
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Figure 1.28 Generation of echos at two-wire-to-four-wire interface.

could be connected to many different local loops, each with its own characteristic im-
pedance.

If only one reflection occurs, the situation is referred to as “talker echo.” If a second
reflection occurs, “listener echo” results. When the returning signal is repeatedly cou-
pled back into the forward path to produce oscillations, singing occurs. Basically,
singing results if the loop gain at some frequency is greater than unity. If the loop gain
is only slightly less than unity, a near-singing condition causes damped oscillations.
Singing and near-singing conditions have a disturbing effect on both the talker and the
listener. Talker echo is usually the most noticeable and troublesome.

The degree of echo annoyance experienced by a talker is dependent on both the
magnitude of the returning signal and the amount of delay involved [16, 17]. On short
connections the delay is small enough that the echo merely appears to the talker as
natural coupling into his ear. In fact, a telephone is purposely designed to couple some
speech energy (called sidetone) into the earpiece. Otherwise, the telephone seems
dead to a talker. Near-instantaneous echoes merely add to the sidetone and go unno-
ticed. As the roundtrip delay increases, however, it becomes necessary to increasingly
attenuate the echoes to eliminate the annoyance to a talker. Hence, long-distance cir-
cuits require significant attenuation to minimize echo annoyance. Fortunately, an echo
experiences twice as much attenuation as does the forward-propagating signal since it
traverses twice the distance. Intermediate-length connections are typically designed
with 2—6 dB of path attenuation depending on the delay. All transmission links within
the Bell System were designed with specific amounts of net loss called via net loss
(VNL) that depended on the length of the link and the position in the hierarchy [17].
In general, the VNL network design established end-to-end attenuation in proportion
to the length of the circuit,

Connections that produce more than 45 msec of roundtrip delay (representing 1800
miles of wire) require more attenuation for echo control than can be tolerated in the
forward path. In these cases one of two types of devices was used to control the echo:
an echo suppressor or an echo canceller.

As shown in Figure 1.29, an echo suppressor operates on four-wire circuits by
measuring the speech power in each leg and inserting a large amount of loss (35 dB
typically) in the opposite leg when the power level exceeds a threshold. Thus, a return-
ing echo is essentially blocked by the high level of attenuation. Notice that an echo
suppressor converts a full-duplex circuit into a half-duplex circuit with energy sensing
being the means of turning the line around.

One drawback of echo suppressors for voice circuits was that they might clip be-
ginning portions of speech segments. If a party at one end of a connection begins talk-
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Figure 1.29 Echo suppressor.

ing at the tail end of the other party’s speech, the echo suppressor does not have time
to reverse directions. Echo suppressors with good performance are able to reverse di-
rections in 2—-5 msec [16]. For the fastest possible release of backward attenuation,
split-echo suppressors are necessary. A split-echo suppressor is one that separates the
echo control of each direction so the loss insertion of each direction is closest to the
point of echo occurrence.

A second, and much preferred, form of echo control is echo cancellation [18, 18a].
As shown in Figure 1.30, an echo canceller operates by simulating the echo path to
subtract a properly delayed and attenuated copy of a transmitted signal from the re-
ceive signal to remove (cancel) echo components. Thus echo cancellation requires
training to determine how much delay and attenuation are needed to simulate the echo
characteristics of the circuit. Notice in Figure 1.30 that echoes are canceled close to
the source so that delays in the echo canceller are minimized. The important feature
of an echo canceller is that it maintains a full-duplex circuit so clipping does not occur.
Satellite circuits with greater than 500 msec of roundtrip delay required echo cancel-
lers for acceptable performance. Because the cost of digital signal processing (DSP)
technology has dropped so dramatically, echo cancellers are now used in any situation
requiring echo control.

Full-duplex voiceband modems (V.32 and later) incorporate echo cancellers di-
rectly in their receive circuitry. Thus, network-based echo cancellers are unneces-
sary"—and sometimes undesirable because tandem echo cancelling may not work
properly if two echo cancellers do not cooperate in the training process. Network-
based echo cancellers can therefore be disabled by a modulated 2100-Hz tone (echo
suppressors were also disabled with a 2100-Hz tone) transmitted at the start of a con-
nection [19].

Another method of echo control involves impedance matching of the hybrids to re-
duce the magnitude of the echo. Some electronic hybrids provide dynarmic balancing
to automatically eliminate or reduce echoes. In fact, a common way of implementing
the impedance matching is to build an echo canceller with near-zero delay. These cir-
cuits eliminate, or greatly reduce, echoes occurring at the associated hybrid but do not
eliminate echoes that may occur elsewhere in the network. For a detailed discussion

*If the terminal (e.g., modem) echo canceller has insufficient delay buffering for very long echoes, the
network echo canceller at the far end of a connection may be necessary.
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of all types of echo control, see reference [20]. [n general, the procedures used to con-
trol echoes also control singing. On some fairly short connections, however, no echo
control is necessary, and singing may become a problem.

1.29 Power Levels

As indicated in previous paragraphs, voice signal power in a long-distance connection
needs to be rigidly controlied. The delivered signal power must be high enough to be
clearly perceived but, at the same time, not be so strong that circuit instabilities such
as echo and singing result. '

To maintain rigid control on the end-to-end power level of a circuit involving a va-
riety of transmission systems, telephone companies necessarily controlled the net at-
tenuation and amplification of each analog transmission system. These systems were
designed for a certain amount of net loss (VNL) as described previously.

To administer the net loss of transmission links, the transmission levels of various
points in a transmission system are specified in terms of a reference point. ITU-T rec-
ommendations call this point the zero-relative-level point and the North American
term is a zero-transmission-level point (0-TLP). The reference point may not exist as
an accessible point but has long been considered to be at the sending end terminal of
a two-wire switch. In North America the sending end of a four-wire switch is defined
to be a -2-dB TLP. Hence, a 0-dB TLP is only a hypothetical point on a four-wire cir-
cuit. Nevertheless, it is useful in relating the signal level at one point in the circuit to
the signal level at another point in the circuit.

If a 0-dBm (1-mW) test tone is applied at a 0-TLP, the power level at any other
point in the circuit is determined directly (in decibels referred to 1 mW) as the TLP
value at that point. It should be emphasized, however, that TLP values do not specify
power levels; they specify only the gain or loss at a point relative to the reference point.

Signal power levels or noise power levels are not normally expressed in terms of
local measured values. Instead, powers are expressed in terms of their value at the 0-
TLP. For example, if an absolute noise power of 100 pW (20 dBm or -70 dBm) is
measured at a —6-dB TLP, it is expressed as 26 dBm0. (The “0” indicates that the
specification is relative to the 0-TLP.) If noise power is measured with C-message
weighting, it is designated as so many dBrmCO0. Similarly, psophometric weighted
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noise is commonly expressed in units of picowatts psophometrically weighted
(dBmOp or pWp0).

Example 1.1.  Using Figure 1.31 for reference, determine each of the following: (a)
the signal power to be applied at point B to determine if points A and C are at the
proper levels; (b) the amount of gain (loss) a signal experiences when propagating
from A to C; and (c) the amount of noise that would be measured at C if 27 dbrnC of
absolute noise is measured at B and no additional noise occurs on the B-to-C link.

Solution.  (a) Because point B is a —13-dB TLP, the proper test tone level is —13 dBm
(0.05 mW). (b) Because the TLP valyes drop by 2 dBm, there is 2 dB net loss from A to
C. (¢) An absolute measurement of 27 dBmC at B is 40 dBmC0. This is also 40 dBrC0
at C. The absolute noise power measured at C would be 40 — 4 = 36 dBm(C.

To put signal and noise powers in perspective, a survey of voice signals in the Bell
System [21] indicated the average speech signal has —16 dBmO0 of power. In compari-
son, the noise power objective for a 1000-mile analog circuit was 34 dBrmC0 (-56
dBmCQ0). Thus, the noise is 40 dB below the signal power.

1.2.10 Signaling

The signaling functions of a telephone network refer to the means for transferring
network-related control information between the various terminals, switching nodes,
and users of the network. There are two basic aspects of any signaling system: spe-
cially encoded electrical waveforms (signals) and how these waveforms should be in-
terpreted. The most common control signals to a user are dial tone, ringback, and busy
tone. These signals are referred to as call progress tones and may never change. The
signaling procedures used internally to the network are not constrained by user con-
vention and were often changed to suit particular characteristics of transmission and
switching systems. As a result, the analog network used a wide variety of signaling
schemes to transfer control information between switching offices.

Signaling Functions

Signaling functions can be broadly categorized as belonging to one of two types: su-
pervisory or information bearing. Supervisory signals convey status or control of net-
work elements. The most obvious examples are request for service (off-hook), ready
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to receive address (dial tone), call alerting (ringing), call termination (on-hook), re-
quest for an operator or feature invocation (hook flash), called party ringing (ring-
back), and network or called party busy tones. Information bearing signals include
called party address, calling party address, and toll charges. In addition to call-related
signaling functions, switching nodes communicate between themselves and network
control centers to provide certain functions related to network management. Network-
related signals may convey status such as maintenance test signals, all trunks, busy,
or equipment failures or they may contain information related to routing and flow con-
trol. Chapter 7 discusses some of the basic considerations of network management for
routing and flow control.

In-Channel Signaling

Signals are transmitted with one of two basic techniques: in-channel signaling or
common-channel signaling. In-channel signaling (sometimes referred to as “per-trunk
signaling”) uses the same transmission facilities or channel for signaling as for voice.
Common-channel signaling, as discussed in the next section, uses one channel for all
signaling functions of a group of voice channels. In the past most signaling systems
in the telephone network were the in-channel variety.

Tn-channel signaling systems can be further subdivided into in-band and out-of-
band techniques. In-band systems transmit the signaling information in the same band
of frequencies used by the voice signal. The main advantage of in-band signaling is
that it can be used on any transmission medium. The main disadvantage arises from a
need to eliminate mutual interference between the signaling waveforms and a user’s
speech, The most prevalent example of in-band signaling was single-frequency (SF)
signaling, which used a 2600-Hz tone as an on-hook signal for interoffice trunks. Al-
though normal speech rarely produces a pure 2600-Hz signal, inadvertent disconnects
have occurred as a result of user-generated signals. Two other common examples of
in-band signaling are addressing by dual-tone multifrequency (DTMF) signals from
push-button telephones or multifrequency (MF) signaling between switching offices.

In-channel but out-of-band signaling uses the same facilities as the voice channel
but a different portion of the frequency band. Thus out-of-band signaling represents a
form of FDM within a single voice circuit. The most common instance of out-of-band
signaling is de signaling as used on most customer loops. With this form of signaling,
the central office recognizes the off-hook condition by the flow of direct current in the
line. Other commonly used loop signals are dial pulses generated by a rotary dial at a
rate of 10 pulses per second and a 20-Hz ringing voltage from the central office. All
of these signals use lower frequencies than those generated in speech. Thus there is no
possibility of one being mistaken for the other. The major disadvantage of out-of-band
signaling is its dependence on the transmission system. For example, SSB carrier sys-
tems filter out the very low frequencies associated with each voice channel. Thus, the
on-hook/off-hook signal must be converted to something like SF signaling for FDM
transmission, Qut-of-band signaling is also implemented with frequencies above the
cut-off frequency of voice separation filters but below the 4-kHz limit of a channel.
CCITT recommends the use of 3823 Hz for this purpose.
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Common-Channel Signaling

Instead of sending signaling information over the same facilities that carry the mes-
sage traffic (voice signals), common-channel signaling (CCS) uses a dedicated data
link between the stored-program control elements (computers) of switching systems.
Figure 1.32 depicts such a data link between two switching offices. Notice that the per-
trunk signaling equipment associated with the trunks has been eliminated. The data
link sends messages that identify specific trunks and events related to the tranks. Thus
the type of CCS shown in Figure 1.32 is referred to as “channel-associated” common-
channel signaling. The main advantages of CCS are:

1. Only one set of signaling facilities is needed for each associated trunk group
instead of separate facilities for each individual circuit.

2. A single dedicated control channel allows transfer of information such as
address digits directly between the control elements (computers) of switching
offices. In-channel systems, on the other hand, must have the control
information switched from the common control equipment of the originating
office onto the outgoing channel, and then the receiving office must switch the
incoming control information from the voice channel into its common control
equipment. The simpler procedure for transferring information directly between
switch processors is one of the main motivations for CCS.

3. Since separate channels are used for voice and control, there is no chance of
mutual interference,

4. Since the control channel of a common-channel system is inaccessible to users,
a major means for fraudulent use of the network is eliminated.

5. Connections involving multiple switching offices can be set up more rapidly
since forwarding of control information from one office can overlap a circuit set
up through the node. With in-channel systems the associated circuit must first
be established before the control information can be transferred across it, The
CCS data link can also operate at a much higher data rate than common analog
network signaling schemes, implying even faster connection setup.

6. The channel used for CCS does not have to be associated with any particular
trunk group. In fact, the control information can be routed to a centralized
control facility where requests are processed and from which switching offices
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Figure 1.32 Trunk-group-associated common-channel signaling.
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receive their connection control information. Figure 1.33 depicts a CCS
network that is disassociated from the message network structure. One
advantage of centralized control is its ability to process requests with knowledge
of networkwide traffic conditions. Centralized control is also attractive for

. managing multiple switching offices that are too small to warrant call

processing facilities of their own. The transition from in-channel signaling to
disassociated CCS at the network level is analogous to the lower level transition
from direct progressive control switches (step-by-step) to common control

switches.

The major disadvantages of CCS are:

1.

Control information pertaining to an established circuit, such as a disconnect,
must be relayed from one node to the next in a store-and-forward fashion. An
in-channel disconnect signal, on the other hand, automatically propagates
through the network, enabling all nodes involved in the connection to
simultaneously process the disconnect and release the associated facilities.

If one node in a common-channel system fails to relay the disconnect
information properly, facilities downstream from the disconnect will not be
released. Thus, a high degree of reliability is required for the common
channel—both in terms of physical facilities (duplication) and in terms of error
control for the data link.

_ Since the control information traverses a separate path from the voice signal,

there is no automatic test of the voice circuit as when the voice channel is used
to transfer control information. Initial usage of CCS systems included special
provisions for testing a voice circuit when it was set up.

. In some instances all trunks in a group do not logically terminate at the same

switch. Figure 1.34 depicts a multiplexed transmission link from a PBX to the
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e
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Figure 1.33 Dissociated common-channel signaling network.
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public network. As indicated, some of the channels compose a trunk group to
the local CO but other channels may represent tie lines to other PBXs or forei gn
exchange circuits to other COs. The digital cross-connect system (DCS) is a
specialized switching system (described in Chapter 5) that routes individual
circuits within a trunk group to individual locations, If CCS is implemented on
the trunk group (as in an ISDN primary rate interface, described in Chapter 11),
the signaling information for the latter two trunk groups terminates at the CO.
The CO must then forward the information to the respective destinations
(assuming those destinations are equipped with CCS). All-in-all these latter two
cases are easier to handle if the signaling information accompanies the message
channels as it does automatically with in-channel signaling.

As a final note, it should be pointed out that some signaling functions originating
or terminating with an end user inherently require in-channel implementations, For
example, data terminals wishing to disable echo suppressors or echo cancellers in dial-
up connections need to send special tones that get recognized by echo control elements
in the circuit. In similar fashion automatic originating facsimile equipment generate
1100-Hz tones to allow automatic recognition of the originating equipment type at the
destination,

1.2.11 Analog Interfaces

The design, implementation, and maintenance of any large and complex system re-
quire partitioning of the system into subsystems. Associated with each subsystem is
an interface that defines the inputs and outputs independent of internal implementa-
tions, Well-established interfaces are a fundamental requirement to maintain compati-
bility between old and new equipment. Within the U.S. telephone network
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standardized interfaces are particularly necessary to support competition among
equipment suppliers and service providers in almost all facets of the network. The
principal analog interfaces used in the periphery of the network are subscriber loops,
loop-start trunks, ground-start trunks, direct-inward-dial trunks, and E&M trunks.

Subscriber Loop Interface

The most common interface in the network involves the two-wire connection of indi-
vidual telephone lines to end office switches: the subscriber loop interface. Because
of the nature of industry standard telephones (2500 station sets) and the electrome-
chanical switches to which they were originally connected, this interface has a number
of characteristics that are difficult to satisfy with modern integrated circuit technology.
The fundamental characteristics of this interface are:

1. Battery: Application of dc power to the loop (48 V normally) to enable dc
signaling and provide bias current for carbon microphones.

2. Overvoltage Protection: Protection of equipment and personnel] from lightning
strikes and power line induction or shorts.

3. Ringing: Application of a 20-Hz signal at 86 V rms for ringer excitation. Typical
cadence is 2 sec on and 4 sec off.

4. Supervision: Detection of off-hook/on-hook by flow/no-flow of dc current.

5. Test: Access to the line to test in either direction—toward the subscriber or back
into the switch.

In the case of a digital end office, two more functions are necessarily required: two-
wire-to-four-wire conversion (hybrid) and analog-to-digital coding (and digital-to-
analog decoding). Taken together, these functions are referred to as BORSCHT. The
basic implementation of a BORSCHT interface is described in the context of digital
switching in Chapter 5.

Loop-Start Trunks

A loop-start (LS) trunk is a two-wire connection between switches (usually between
a central office and a PBX). From an operational point of view, an LS trunk is identical
to a subscriber loop. Thus an LS interface in a PBX emulates a telephone by closing
the loop to draw current for call origination and by detecting ringing voltages for in-
coming calls. To send address information, the PBX interface generally waits for a few
seconds and assumes that a dial tone is present before sending DTMF tones or gener-
ating dial pulses by interrupting loop current,Some PBXs provide dial tone detection
so faulty equipment or connections are moré easily recognized and addressing can be
sent as soon as the other end is ready. | ?

One significant difficulty with two-way LS trunks arises when both ends of the line
seize the line at the same time (or nearly the same time). Because both ends of the line
think they are originating a call, the line becomes hung. This situation is commonly
referred to as glare, If the PBX detects a dial tone before sending digits, it will recog-
nize the glare condition by timing out on the wait for dial tone and can then generate
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a disconnect to release the glare condition but drop the incoming call. More com-
monly, the PBX blindly sends the address digits and connects the originating PBX sta-
tion to the line. Generally, this means the incoming call gets connected to the wrong
station. For this reason, LS trunks are normally used only as one-way trunks: either
one-way incoming or one-way outgoing.

Ground-Start Trunks
The aforementioned problem with glare on two-way LS trunks can be largely resolved
by augmenting the call origination process to use ground-start (GS) procedures [22].
When originating a call, the end office applies a ground potential to the tip lead of the
tip and ring pair and waits for the PBX to acknowledge the seizure by drawing loop
current. When the PBX originates a call, it first applies ground to the ring lead and
closes the loop waiting for loop current. (The CO does not apply battery during an idle
state as it does in an LS interface.) The CO acknowledges the connect request by ap-
plying battery to the tip/ring pair and momentarily applying ground to the tip. (Main-
taining low-noise circuits requires removal of all paths to ground during the connected
state.) A GS protocol prevents simultaneous seizures unless the originations occur
within a few hundred milliseconds of each other. In contrast, an LS protocol allows
multiple seizures to occur with windows up to 4 sec (the silent interval between ring
bursts). Moreover, a glare condition on GS trunks can be recognized by the interface
equipment $o it can be resolved by redirecting the calls to different trunk circuits.
Another advantage of GS trunks is the ability of the CO to signal network discon-
nects to the PBX (the CO removes battery). With LS trunks the network does not gen-
erally provide disconnect signaling so the PBX must rely on the end user to hang up.
(A situation that often produces hung trunks with data connections.) Furthermore,
when the CO places an incoming call that eventually gets abandoned, because no one
answers, a CO immediately signals the abandonment by removing ground from the
tip lead. With LS trunks, abandoned calls can be recognized only by the absence of
ring voltage, which can take 6 sec.

Direct-Inward-Dial Trunks

Direct-inward-dial (DID) trunks are particularly simple two-wire trunk interfaces be-
cause they are always one-way trunks: incoming only with respect to a PBX, As im-
plied by the nare, they allow a serving CO to forward the extension number of
incoming calls so a PBX can immediately route the call to a destination without going
through an attendant. In contrast to LS and GS trunks, the PBX end of a DID trunk
provides battery voltage so the CO can signal an incoming call by merely closing the
loop to draw current. After the PBX reverses battery momentarily (winks) to signify
itis ready to receive digits, the CO either generates dial pulses or DTMF tones to send
the extension number (two, three, or four digits). After the designated station answers,
the PBX reverses battery again to signify the connected state and holds that state for
the duration of the call. DID trunks are also referred to as “loop reverse-battery super-
vision” trunks with variations in the signaling protocol depending on the type of CO
[22].
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E&M Trunks

As indicated in Figure 1.35, an E&M trunk is defined as an interface to a transmission
system and not a transmission system itself. The interface in Figure 1.35 has a four-
wire voice path, an E lead with an associated return lead (SG), and an M lead with an
associated return (SB). Thus there are eight wires in this interface (referred to as a type
II E&M interface). Other types of E&M interfaces are defined with as few as four
wires [23] (a two-wire voice path, an E lead, and an M lead with earth ground returns).

In any type of E&M interface, supervision signaling is always conveyed on the E
and M leads and not on the voice pair (or pairs). The PBX signifies off-hook by closing
the M-SB loop to draw current while the transmission equipment indicates off-hook
by closing the E-SG loop to draw current. How the transmission equipment conveys
the supervision is a function of the transmission link. A variety of timing protocols are
defined for the start of address signaling, which can be in-channel DTMF tones or dial
pulses generated by momentary opens on the respective E and M leads.

Although E&M signaling is formally defined as just an interface, they are often
used (with up to four pairs of wires) as direct connections between PBXGs. Because of
the requirement for multiple pairs, such applications usually occur when the PBXs are
located within a single building or campus complex. The availability of external con-
trol leads allows the use of E&M interfaces for special applications such as paging sys-
tems, where the M lead can be used to turn on the loudspeaker.

1.2.12 The Intelligent Network

The first common channel signaling facilities of AT&T were installed in the toll net-
work between a No. 4A crosshar switch in Madison, Wisconsin, and a No. 4 ESS
switch in Chicago, Illinois, in 1976 [24]. The 2400-bps CCS data links between SPC
switching offices replaced in-channe] SF/MF signaling facilities to reduce costs and
significantly speed up long-distance-call connect times. As more and more of the toll
switches were implemented with CCS capabilities, a CCS network evolved that not
only improved the performance of the existing network but also established a platform
for the introduction of new features. As indicated in Figure 1.36, the CCS network be-
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came a disassociated packet-switching network that separated control of the network
from the switching machines themselves.

The packet-switching nodes of the CCS network are referred to as signal transfer
points (STPs). The network control points (NCPs) of Figure 1.36 initially represented
network database servers that defined how to route calls, verify credit cards, or process
special services such as 800 numbers. The same basic structure is also installed within
the LATAS to extend CCS features all the way to the end offices. The original com-
munications protocol used between CCS entities was CCITT Signaling System No. 6
(CCS6). In the early 1980s this protocol was replaced by CCITT Signaling System
No. 7 (S87). See reference [25] for a good overview of $S7.

As the capabilities of the NCPs are expanded from being data base servers to proc-
essing service requests, the concept of an intelligent network (IN ) [26] begins to take
shape. In its ultimate form advanced services of the network are executed in the NCPs,
or service control points (SCPs), as they are called in the IN, and not in the switching
machines themselves. The switching machines provide only the switching fabric; con-
nection commands come from an SCP, The fundamental motivations behind develop-
ing the IN are:

1. To enable the deployment of network-based features such as citywide centrex
mentioned previously

2. To allow the introduction of new features without having to change the
hardware or software of switching vendors

3. To speed up the design/deployment cycle of new features becanse only the SCP
software needs upgrading

4. To allow customizing of services by the operating companies according to the
needs of their customers

The obvious disadvantage of such centralized control is the vulnerability of the net-
work to a failure in the $S7 network or the SCP. For this reason basic service is likely
to remain with the switching machines. In this case, software in the switching ma-
chines recognizes special service situations as software triggers to involve an SCP.
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Leaving basic service processing in the switching machines also reduces the load on
the SS7 links and the processing speed in the SCPs.

1.2.13 Dynamic Nonhierarchical Routing

The alternate routing procedures shown in Figure 1.4 for the hierarchical network of
the Bell System were necessarily simple and straightforward because of the original
reliance on mechanical switching machines. Such simplicity, however, leads to the
following limitations:

1. Even though the topology of the network would allow a large number of routing
alternatives, constraints on how the routes were selected limited the actual
choices to a relatively small number.

2. The routing patterns could not be changed according to the time of day or
network traffic patterns.

3. The process of progressive setup precluded retracing a path to a previous
switching node and trying a new, untried route when a previous choice led to a
node that was blocked.

4. A completed connection may have involved a large number of intermediate
facilities using a lot of network resources for one connection.

All of these deficiencies resulted from using relatively simple decision logic in each
node with no knowledge of the network status as a whole. The introduction of SPC
switching machines and CCS changed the situation so that more efficient routine pro-
cedures were possible. Along these lines, AT&T completed the deployment of dy-
namic nonhierarchical routing (DNHR) in 1987 [27, 28]. Specific features of DNHR
are:

1. Routing tables in the NCPs list all possible two-link routes in the order of cost
s0 use of network resources are minimized.

2. Routing is dynamic to take advantage of traffic noncoincidence.

3. Blocking at an intermediate node produces “crankback,” which allows selection
of untried routes from the originating node.

4. Routes that produce too much delay for the echo cancellers in the circuit are
excluded.

Reference [28] reports that DNHR reduced blocking on Thanksgiving Day from 34%
in 1986 to 3% in 1987. After installation of DNHR Mother’s Day traffic saw three to
four times as many first-attempt completions as before. The implementation of DNHR
demonstrates that a network architecture is as much a function of the software in the
network as of the physical topology. It also demonstrates that centralized control ofa
network is more vulnerable to failures. On January 15, 1990, an obscure bug in the
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CCS software of the No. 4 ESS switches in AT&T’s long-distance network prevented
completion of many calls during a 9-hour period [29]. Ironically, the bug occurred in
software intended to isolate the network from a node failure.

The combination of large digital switches, large-bandwidth (fiber optic) transmis-
sion links, and development of the SS7 network has stimulated a transition from hier-
archical networks to “flat” networks wherein switching nodes are interconnected in a
functional mesh—switches are either connected directly to each other or through
cross-connect facilities (DCSs and SONET rings described later).

1.2.14 Cellular Radio Telephone System

Prior to 1983 mobile telephone users in the United States were restricted to using the
services of radio common carriers (RCCs) that had limited bandwidth and limited re-
sources available for services. The service environment was necessarily one of limited
availability and extreme congestion. October 1983 marks a significant date for mobile
telephony as the time when commercial cellular mobile telephone service started in
Chicago, Illinois. As indicated in Figure 1.37, a cellular system consists of a number
of radio base stations connected to a (digital) switching office referred to as the mobile
telephone switching office (MTSQ). As a mobile subscriber moves from one cell to
another, the MTSO automatically switches connections with the respective base sta-
tions to maintain a continuous connection with the public switched network. The basic
advantages of the cellular architecture are:

1. The ability to reuse allocated channel frequencies within a serving area. Using
a combination of antenna directivity in the base stations and signal attenuation

Figure 1.37 Cellular mobile telephone topology.
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from distant cells, the same channel can be reused in one of every seven cells
[30].

2. Reduced transmit power requirements for the mobiles. The power savings
advantage for automobiles is primarily one of reducing the cost of the
transmitter. For hand-held units the power savings is important for battery size
and time between recharges. In fact, widespread acceptance and use of personal
radio systems require much lower transmit power levels and consequently
smaller cells [31].

3. Reduced occurrences of multipath propagation. Shorter distances imply less
chance of signal reflections causing multipath signal degradation.

4. Expandability. A system can be installed with comparatively large cells to
minimize start-up costs. After service requirements grow and revenue is being
received, the capacity of the system can be expanded by subdividing the
congested cells.

5. Reliability. Because the cells actually have significant overlapping coverage, if
one cell fails, neighboring cells can provide service until repairs are made.

The FCC in the United States has defined 728 mobile service areas referred to as cel-
lular geographic service areas (CGSAs). Each CGSA is allocated 832 radio channels,
which are equally divided between two competing service providers: one a wireline
carrier and the other a nonwireline carrier. The wireline carrier provides local tele-
phone service in the area but competes with the nonwireline carrier (RCC) for cellular
service. To ensure effective competition, the wireline carrier must not use facilities
that are shared with local telephone service. Specifically, the MTSOs must be separate
from the local switching offices. Thus, both types of carriers must backhaul all traffic
to their respective MTSOs. The service providers can have more than one MTSO in
an area but cannot interconnect them by the switched public network. They are typi-
cally interconnected by leased private lines (fiber) or digital microwave. Cellular net-
works have grown to cover large areas interconnected by dedicated long-distance
facilities that allow some catriers to offer free long-distance calling when using a cel-
lular phone.

When a mobile unit first activates itself, it scans the channels to determine which
idle channel of a predefined set of control channels has the strongest signal. Using that
channel the unit registers with the system to identify itself and place calls. After the
initialization process, the network continually monitors signals from the mobile and
controls it to switch channels when necessary. To complete calls to a mobile, the cel-
lular network pages for the designated subscriber beginning with its home cell (unless
the cellular control center already knows where the subscriber is located). When a sub-
scriber crosses an MTSO boundary, in addition to a cell boundary, a common-channel
signaling network is used to transfer the call to the new cell and the new MTSO. The
connection to the public network is unchanged. Thus, the original MTSO then be-
comes a tandem node to the public network.,

Examples of analog cellular systems are Advanced Mobile Phone Service (AMPS)
[30, 32], developed in the United States and deployed in North America; Total Access
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Communications System (TACS), developed in the United Kingdom and deployed in
several European countries; and the Nordic Mobile Telephone (NMT) system, de-
ployed in Scandinavia. As discussed in Chapter 9, digital cellular systems have been
developed to either replace the analog systems or provide service alternatives.

1.2.15 Voiceband Data Transmission

The primary concern of telephone companies, voice service, is sometimes referred to
as POTS: plain old telephone service. In addition to POTS, the telephone companies
also provide a number of special services such as program distribution of radio and
television, telephoto, teletype, facsimile, and data transmission, In most cases, these
services are supported by adapting the sources to use the ubiquitous voice-grade tele-
phone channel. An exception is television distribution, which was an initial stimulus
for the nationwide microwave radio network. To a certain extent, wideband FDM
voice signals were designed to conform to the network TV distribution facilities. Na-
tionwide TV distribution is now primarily by satellites and fiber.

One significant aspect of a voiceband telephone channel in regards to nonvoice ap-
plications is the absence of dc and low-frequency transmission. Although the metallic
circuit provided in customer loops passes frequencies down to and including dc, most
of the rest of the network does not. The equipments that are primarily responsible for
blocking the low frequencies are transformers in two-wire to four-wire hybrids, old
FDM separation filters, and digital voice encoders that purposely block low frequen-
cies to avoid 60-Hz hum (that arises from power line interference). Because baseband
signals from facsimile and most data applications have frequency content down to dc,
these signals must be modulated for voiceband transmission.

A second consideration when using the telephone network for data is the band-
width restriction of approximately 3 kHz originally imposed by FDM separation fil-
ters, loading coils, and more recently band-limiting filters in digital voice terminals
(Chapter 3). The main implication of a restricted bandwidth is a limitation on the sig-
naling rate, or baud rate, which in turn directly relates to the data rate. A common si g-
naling rate is 2400 symbols per second using carriers between 1700 and 1800 Hz.
Symbol rates of 4800 symbols per second have also been used in lower sideband mo-
dems with a carrier at 2850 Hz.

As mentioned, user acceptance of voice quality does not require stringent control
of the phase response (envelope delay) of the channel. High-speed data transmission,
however, requires comparatively tight tolerance on the phase response to prevent in-
tersymbol interference. Thus analog voice channels used for high-speed data trans-
mission sometimes required special treatment. The special treatment was originally
provided at additional monthly rates from the telephone companies in the form of C-
type conditioning for leased lines. C-type conditioning was available in several dif-
ferent grades that provided various amounts of control of both phase and amplitude
distortion. As digital signal processing technology became commercially viable, the
need for signal conditioning became less necessary because modem equalizers accom-
plished the same function.
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Most medium-rate (synchronous) modems include fixed equalization circuitry de-
signed to compensate for the phase distortion in a typical connection. For higher data
rates, automatically adjustable equalization is needed. An automatic equalizer first un-
dergoes a training sequence in which the characteristics of the transmission channel
are determined by measuring the response to known test signals. Then, equalizing cir-
cuitry in the receiver of each modem is adjusted (and continually readjusted during
transmission) to provide compensation for the amplitude and phase distortions in the
channel. High-speed transmission over dial-up lines requires automatic equalization
in the modems since the channel characteristics change with each connection.

Another form of conditioning, referred to as a D-type conditioning, provided lower
levels of noise and harmonic distortion than normally provided in leased lines, even
with C-type conditioning. D-type conditioning usually did not involve special treat-
ment of any particular line. Instead, the telephone company tested a number of differ-
ent circuits until one with suitable quality was found. Sometimes this meant avoiding
a cable that included pairs from a noisy switching office. Unlike voice, which is rea-
sonably tolerant of impulse noise, a data circuit is more susceptible to impulse noise
than to the normal background (white) noise. The elimination of older equipment
(e.g., step-by-step switches) has eliminated much of the impulse noise in the net-
work.

As more and more of the public network became digitized, fewer and fewer facili-
ties were analog and, hence, fewer analog impairments were likely to occur in a con-
nection. By the early 1990s virtually all of the internal portions of the public telephone
network had been digitized. The only remaining segments of a connection that were
analog were the subscriber loops and the interfaces in the associated end offices. The
principal source of impairment for voiceband modems then became the analog-to-
digital (A/D) conversion equipment in the line interfaces. Recognition of this situation
completely eliminated the need for any type of conditioning on leased lines (which
were often digital and not analog) and allowed for the development of V.90 modems
described in Chapter 11.

An important consideration for data transmission over long-distance circuits in the
analog network was the effect of echo suppressors. As mentioned in Section 1.2.8, an
echo suppressor blocked the signal in a return path when the corresponding forward
path of a four-wire circuit was active. Thus, operative echo suppressors effectively
precluded a full-duplex operation. Even in a half-duplex mode of operation the echo
suppressors might require 100 msec of deactivation time to reverse the direction of
propagation, For these reasons the common carriers provided a means of disabling the
echo suppressors by using an in-channel control signal from the data terminals. Echo
suppressors were disabled by transmitting a pure tone between 2010 and 2240 Hz for
400 msec. The echo suppressors remained disabled as long as there was continuous
energy in the channel. Thus, the modems could switch to signaling frequencies and
begin full-duplex data transmission after the suppressors were first disabled. If the en-
ergy in the channel was removed for 100 msec, the echo suppressors were reactivated.
Hence, rapid line turnaround was required for half-duplex modems utilizing the entire
bandwidth for each direction of transmission. Contemporary modems have echo can-
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cellers for full-duplex transmission and therefore automatically disable echo suppres-
sors (which are probably nonexistent).

1.3 THE INTRODUCTION OF DIGITS

Voice digitization and transmission first became feasible in the late 1950s when solid-
state electronics became available. In 1962 Bell System personnel established the first
commercial use of digital transmission when they began operating a T1 carrier system
for use as a trunk group in a Chicago area exchange [33]. After the T1 system a family
of T-carrier systems (T1, T1C, T1D, T2, T3, T4) were developed, all of which in-
volved time division multiplexing of digitized voice signals.

The world’s first commercially designed digital microwave radio system was es-
tablished in Japan by Nippon Electric Company (NEC) in 1968 [34]. In the early
1970s digital microwave systems began to appear in the United States for specialized
data transmission services. The first digital microwave link in the U.S. public tele-
phone network was supplied by NEC of Japan for a New York Telephone link be-
tween Brooklyn and North Staten Island in 1972 [34]. Digital microwave systems
were subsequently developed and installed by several U.S. manufacturers for use in
intermediate-length toll and exchange area circuits.

Bell System’s first commercial use of digital fiber optic transmission occurred in
September of 1980 on a short-haul route between Atlanta and Smyrna, Georgia [35].
Three years later the first long-haul system between New York and Washington, D.C.,
was put into service. .

In addition to transmission systems, digital technology has proven to be equaily
useful for implementing switching functions. The first country to use digital switching
in the public telephone network was France in 1970 [36]. The first application of digi-
tal switching in the public network of the United States occurred in early 1976 when
Bell System began operating its No. 4ESS [37] in a class 3 toll office in Chicago. Two
months later Continental Telephone Company began operation in Ridgecrest, Califor-
nia, of a digital toll switch [38]. The first digital end office switch in the United States
became operational in July of 1977 in the small town of Richmond Hill, Georgia [39].

1.3.1 Voice Digitization

The basic voice-coding algorithm used in T-carrier systems and most other digital
voice equipment in telephone networks around the world is shown in Figure 1.38. The
first step in the digitization process is to periodically sample the waveform. As dis-
cussed at length in Chapter 3, all of the information needed to reconstruct the original
waveform is contained in the samples if the samples occur at an 8-kHz rate. The sec-
ond step in the digitization process involves quantization: identifying which ampli-
tude interval of a group of adjacent intervals a sample value falls into. In essence the
quantization process replaces each continuously variable amplitude sample with a dis-
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Figure 1.38 Voice digitization process.

crete value located at the middle of the appropriate quantization interval. Since the
quantized samples have discrete levels, they represent a multiple-level digital signal.

For transmission purposes the discrete amplitude samples are converted to a binary
codeword. (For illustrative purposes only, Figure 1.38 shows 4-bit codewords.) The
binary codes are then transmitted as binary pulses. At the receiving end of a digital
transmission line the binary data stream is recovered, and the discrete sample values
are reconstructed. Then a low-pass filter is used to “interpolate” between sample val-
ues and re-create the original waveform. If no transmission errors have occurred, the
output waveform is identical to the input waveform except for quantization distortion:
the difference between a sample value and its discrete representation. By having a
large number of quantization intervals (and hence enough bits in a codeword to encode
them), the quantization intervals can be small enough to effectively eliminate percep-
tible quantization effects.

It is worth noting that the bandwidth requirements of the digital signal increase as
aresult of the binary encoding process. If the discrete, multiple-amplitude samples are
transmitted directly, the bandwidth requirements are theoretically identical to the



58 BACKGROUND AND TERMINOLOGY

bandwidth of the original signal. When each discrete sample is represented by a num-
ber of individual binary pulses, the signal bandwidth increases accordingly. The two-
level pulses, however, are much less vulnerable to transmission impairments than are
the multiple-amplitude pulses (or the underlying analog signal).

1.3.2 Time Division Multiplexing

Basically, time division multiplexing (TDM) involves nothing more than sharing a
transmission medium by establishing a sequence of time slots during which individual
sources can transmit signals. Thus the entire bandwidth of the facility is periodically
available to each source for a restricted time interval. In contrast, FDM systems assign
a restricted bandwidth to each source for all time. Normally, all time slots of a TDM
system are of equal length. Also, each subchannel is usually assigned a time slot with
a common repetition period called a frame interval. This form of TDM (as shown in
Figure 1.39) is sometimes referred to as synchronous time division multiplexing to
specifically imply that each subchannel is assigned a certain amount of transmission
capacity determined by the time slot duration and the repetition rate. In contrast, an-
other form of TDM (referred to as statistical, or asynchronous, time division multi-
plexing) is described in Chapter 10. With this second form of multiplexing,
subchannel rates are allowed to vary according to the individual needs of the sources.
The backbone digital links of the public telephone network (T-carrier, digital micro-
wave, and fiber optics) use a synchronous variety of TDM.

Time division multiplexing is normally associated only with digital transmission
links. Although analog TDM transmission can be implemented by interleaving sam-
ples from each signal, the individual samples are usually too sensitive to all varieties
of transmission impairments. In contrast, time division switching of analog signals is
more feasible than analog TDM transmission because noise and distortion within the
switching equipment are more controllable. As discussed in Chapter 5, analog TDM
techniques have been used in some PBXs before digital electronics became so inex-
pensive that the digitization penalty disappeared.

T-Carrier Systems
The volume of interoffice telephone traffic in the United States has traditionally
grown more rapidly than local traffic. This rapid growth put severe strain on the older
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Figure 1.39 Time division multiplexing,
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interoffice transmission facilities that are designed for Jower traffic volumes. Tele-
phone companies were often faced with the necessary task of expanding the number
of interoffice circuits. T-carrier systems were initially developed as a cost-effective
means for interoffice transmission: both for initial installations and for relief of
crowded interoffice cable pairs.

Despite the need to convert the voice signals to a digital format at one end of a T
line and back to analog at the other, the combined conversion and multiplexing cost
of a digital TDM terminal was lower than the cost of a comparable analog FDM ter-
minal. The first T-carrier systems were designed specifically for éxchange area trunks
at distances between 10 and 50 miles.

A T-carrier system consists of terminal equipment at each end of a line and a num-
ber of regenerative repeaters at intermediate points in the line. The function of each
regenerative repeater is to restore the digital bit stream to its original form before trans-
mission impairments obliterate the identity of the digital pulses. The line itself, includ-
ing the regenerative repeaters, is referred to as a span line. The original terminal
equipment was referred to as D-type (digital) channel banks, which came in numerous
versions. The transmission lines were wire pairs using 16- to 26-gauge cable. A block
diagram of a T-carrier system is shown in Figure 1.40,

The first T1 systems used D1A channel banks for interfacing, converting, and mul-
tiplexing 24 analog circuits. A channel bank at each end of a span line provided inter-
facing for both directions of transmission. Incoming analog signals were time division
multiplexed and digitized for transmission. When received at the other end of the line,
the incoming bit stream was decoded into analog samples, demultiplexed, and filtered
to reconstruct the original signals. Each individual TDM channel was assigned 8 bits
per time slot. Thus, there were (24)(8) = 192 bits of information in a frame. One ad-
ditional bit was added to each frame to identify the frame boundaries, thereby produc-
ing a total of 193 bits in a frame. Since the frame interval is 125 psec, the basic T1
line rate became 1.544 Mbps. This line rate has been established as the fundamental
standard for digital transmission in North America and Japan. The standard is referred
to as a DS1 signal (for digital signal 1),

A similar standard of 2.048 Mbps has been established by ITU-T for most of the
rest of the world. This standard evolved from a T1-like system that provides 32 chan-
nels at the same rate as the North American channels. Only 30 of the channels in the
El standard, however, are used for voice. The other two are used for frame synchro-
nization and signaling. Signaling and contro] information for T1 systems are inserted
into each voice channel (or transmitted separately by CCIS facilities). Digital signal-
ing and conirol techniques for both systems are discussed in Chapter 7.

1 —— je——> 1
2= > / chan —D Lr\} D Chan- 2
: nel nel .
: bank _H_d_ bank H
24 > le—— 24
SN Repeater line e

Figure 1.40 T1-carrier system,
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The greatly increased attenuation of a wire pair at the frequencies of a DS1 signal
(772 kHz center frequency) mandates the use of amplification at intermediate points
of a T1 span line. In contrast to an analog signal, however, a digital signal can not only
be amplified but also be detected and regenerated. That is, as long as a pulse can be
detected, it can be restored to its original form and relayed to the next line segment.
For this reason T1 repeaters are referred to as regenerative repeaters. The basic func-
tions of these repeaters are:

1. Equalization
2. Clock recovery
3. Pulse detection
4. Transmission

Equalization is required because the wire pairs introduce certain amounts of both phase
and amplitude distortion that cause intersymbol interference if uncompensated. Clock
recovery is required for two basic purposes: first, to establish a timing signal to sample
the incoming pulses; second, to transmit outgoing pulses at the same rate as at the input
to the line.

Regenerative repeaters are normally spaced every 6000 ft in a T1 span line. This
distance was chosen as a matter of convenience for converting existing voice fre-
quency cables to T-carrier lines. Interoffice voice frequency cables typically used
loading coils that were spaced at 6000-ft intervals. Since these coils were located at
convenient access points (manholes) and had to be removed for high-frequency trans-
mission, it was only natural that the 6000-ft interval be chosen. One general exception
is that the first regenerative repeater is typically spaced 3000 ft from a central office.
The shorter spacing of this line segment was needed to maintain a relatively strong
signal in the presence of impulse noise generated by older switching machines.

The operating experience of T1 systems was so favorable that they were continu-
ally upgraded and expanded. One of the initial improvements produced T1C systems
that provide higher transmission rates over 22-gauge cable. A T1C line operates at
3.152 Mbps for 48 voice channels, twice as many as a T1 system.

Another level of digital transmission became available in 1972 when the T2 system
was introduced. This system was designed for toll network connections. In contrast,
T1 systems were originally designed only for exchange area transmission. The T2 sys-
tem provided for 96 voice channels at distances up to 500 miles. The line rate was
6.312 Mbps, which is referred to as a DS2 standard. The transmission media was spe-
cial low-capacitance 22-gauge cable. By using separate cables for each direction of
transmission and the specially developed cables, T2 systems could use repeater spac-
ings up to 14,800 ft in low-noise environments. The emergence of optical fiber 8ys-
tems made copper-based T2 transmission systems obsolete.

TDM Hierarchy
In a manner analogous to the FDM hierarchy, AT&T established a digital TDM hier-
archy that has become the standard for North America. Starting with a DS1 signal as
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TABLE 1.10 Digital TDM Signals of North America and Japan

Digital Signal  Number of Bit Rate
Number Voice Circuits  Multiplexer Designation  (Mbps) Transmission Media
DSH 24 D channel bank 1.544 T1 paired cable
(24 analog inputs)
DS1C 48 M1C ' 3.152 T1C paired cable
(2 D31 inputs)
DSs2 96 M1i2 6.312 T2 paired cable
(4 DS1 inputs)
DS3 672 M13 44.736 Radio, Fiber
(28 DS1 inputs)
DS4 4032 M34 274176 T4M coax, WT4
(6 DS3 inputs) waveguide, radio

a fundamental building block, all other levels are implemented as a combination of
some number of lower level signals. The designation of the higher level digital mul-
tiplexers reflects the respective input and output levels. For example, an M12 multi-
plexer combines four DS1 signals to form a single DS2 signal.” Table 1.10 lists the
various multiplex levels, their bit rates, and the transmission media used for each. No-
tice that the bit rate of a high-level multiplex signal is slightly higher than the com-
bined rates of the lower level inputs. The excess bits are included for certain control
and synchronization functions discussed in Chapter 7. A similar digital hierarchy has
also been established by ITU-T as an international standard. As shown in Table 1.11,
this hierarchy is similar to the North American standard but involves different num-
bers of voice circuits at all levels.

Digital Pair-Gain Systems

Following the successful introduction of T1 systems for interoffice trunks, most major
manufacturers of telephone equipment developed digital TDM systems for local dis-
tribution. These systems are most applicable to long rural loops where the cost of the
electronics is offset by the savings in wire pairs. No matter what the distance is, un-
expected growth can be most economically accommodated by adding electronics, in-
stead of wire, to produce a pair-gain systemn. The possibility of trailer parks, apartment
houses, or Internet service providers springing up almost overnight causes nightmares
in the minds of cable plant forecasters. Pair-gain systems provide a networking alter-
native to dispel those nightmares.

Digital pair-gain systems are also useful as alternatives to switching offices in
small communities. Small communities are often serviced by small automatic switch-
ing systems normally unattended and remotely controlled from a larger switching of-
fice nearby. These small community switches are referred to as community dial offices

*Because T2 transmission systems have become obsolete, the M12 function exists only in a functional sense
within M13 multiplexers, which multiplex 28 D81 signals into 1 DS3 signal.
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TABLE 1.11 ITU Digital Hierarchy

Number of Voice Multiplexer
Level Number Circuits Designation Bit Rate (Mbps)
E1 30 2.048
E2 120 M12 8.448
E3 480 M23 34,368
E4 1920 M34 139.264
E5 7680 M45 565.148

(CDOs). A CDQO typically provides only limited service features to the customers and
often requires considerable maintenance. Because digital pair-gain systems lower
transmission costs for moderate-sized groups of subscribers, they are a viable alterna-
tive to a CDO: Stations in the small community are serviced from the central office
by way of pair-gain systems. A fundamental consideration in choosing between pair-
gain systems and remote switching involves the traffic volumes and calling patterns
within the small community. The basic techniques of analyzing traffic patterns and de-
termining trunk group sizes are provided in Chapter 12,

The first two digital pair-gain systems used in the Bell System were the subscriber
loop multiplex (SLM) system [40, 41] and, its successor, the subscriber loop carrier
(SLC-40) system [40, 42]. Although these systems used a form of voice digitization
(delta modulation) different from that used in T-carrier systems (pulse code modula-
tion), they both used standard T1 repeaters for digital transmission at 1.544 Mbps,
Both systems also converted the digitized voice signals back into individual analog in-
terfaces at the end office switch to achieve system transparency. Figures 1.41 and 1.42
show block diagrams of these systems. Notice that the SLM system provided both
concentration and multiplexing (80 subscribers for 24 channels) while the SLC-40
was strictly a multiplexer (40 subscribers assigned in a one-to-one manner to 40 chan-
nels).

The SLM and SLC-40 systems used delta modulation voice coding because it was
simpler than pulse code modulation as used in T1 systems and was therefore less
costly to implement on a per-channel basis—a desirable feature for modular system
implementations. The original T1 systems, on the other hand, minimized electronics
costs by using common encoders and decoders, which precluded implementation of
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Figure 1.41 Subscriber loop multiplexer.
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less than 24 channels (an unnecessary feature in an interoffice application). By the late
1970s low-cost, integrated circuit implementations of standard pulse code modulation
became available that led the way to the first (1979) installation of the SLC-96, a sub-
scriber carrier system using voice coding that was compatible with T1 systems and the
emerging digital end office switching machines [43].

The SLC-96 system (which is functionally equivalent to four T1 lines) can 1nter-
face directly with a digital end office and not be demultiplexed into 24 distinct analog
interfaces. Thus this capability, which is referred to as integrated digital loop carrier
(IDLC), greatly reduces the prove-in distance where the digital carrier becomes less
expensive than separate subscriber pairs. Subsequent enhancements of the SLC-96
system include use of fiber transmission, support for local switching functions in the
remote module, and configurability of analog interfaces from the central office [44,
45]. Many newer copper- and fiber-based digital loop carrier systems have been de-
veloped. These systems are discussed more thoroughly in Chapter 11 in the context of
digital subscriber access.

1.3.3 Data under Voice

After the technology of T-carrier systems had been established, AT&T began offering
leased digital transmission services for data communications. This service, known as
Dataphone Digital Service (DDS), uses T1 transmission links with special terminals
(channel banks) that provide direct access to the digital line. An initial drawback of
DDS arose because T-carrier systems were originally used only for exchange area and
short toll network trunks. Without some form of long-distance digital transmission,
the digital circuits in separate exchange areas could not be interconnected, AT&T’s
original response to long-distance digital transmission was the development of a spe-
cial radio terminal called the 1A radio digital terminal (1A-RDT) [46]. This terminal
encoded one DS1 signal (1.544 Mbps) into less than 500 kHz of bandwidth. As shown
in Figure 1.43, a signal of this bandwidth was inserted below the lowest frequency of
a master group multiplex (Table 1.5). Since this frequency band is normally unused
in TD or TH analog radio systems, the DS1 signal could be added to existing analog
routes without displacing any voice channels. The use of frequencies below those used
for voice signals leads to the designation “data under voice” (DUV).

It is important to point out that DUV represented a special development specifically
intended for data transmission and not for voice services. In fact, DUV was used only
to provide long-distance digital transmission facilities for DDS. The emergence of
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Figure 1.43 Data under voice.

long-distance fiber systems obviously eliminated the need for DUV equipment (and
even the analog radios themselves).

1.3.4 Digital Microwave Radio

In contrast to DUV systems, which piggyback 1.544 Mbps onto an analog radio for
data services, a common-carrier digital microwave system uses digital modulation ex-
clusively to transmit and receive higher level digital multiplex signals for voice traffic.
Digital radios use the same frequency bands allocated for analog radios as listed in Ta-
ble 1.7. Thus a primary design requirement of a digital radio was that it must confine
its radiated power to prevent excessive interference into adjacent, possibly analog,
channels. Moreover, the FCC stipulated that the digital radios had to be capable of pro-
viding roughly the same number of voice circuits as existing analog radios. Table 1.12
lists the minimum number of voice circuits and the resulting bit rate that must be pro-
vided by digital radios in each of the common-carrtier microwave bands [47].
Despite the design constraints imposed by compatibility requirements with analog
radios, digital radios proved to be more economical than analog radios in several ap-
plications. Because of lower terminal costs (multiplexing and demultiplexing), digital
radio systems were generally less expensive than analog radio systems for distances

TABLE 1.12 Minimum Volce Circuit Requirements of Digital Radios In the
United States

Equivalent
Frequency Band  Minimum Number Number of DS1 Resultant Bit Channel
(MHz) of Circuits Signals Rate (Mbps)?  Bandwidth (MHz)
2110-2130 96 4 6.144 35 '
2160-2180 96 4 6.144 3.5
3700-4200 1152 48 73.7 20
5925-6425 1152 48 73.7 30

10,700-11,700 1152 48 73.7 40

#The actual bit rate is usually slightly greater owing to extra framing and synchronization bits. Furthermore, most
radio systems provide significantly more voice circuits than the minimum.
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up to about 300 miles and on longer routes requiring channel access (drop-and-insert)
at intermediate points in the route [48]. The major impetus for digital radio in the
United States was the emergence of digital toll switches like the No. 4ESS. The inter-
connection of digital radio signals to digital switches avoided costly lower level mul-
tiplex equipment.

1.3.5 Fiber Optic Transmission

Of all the new technology introduced into the telephone network, fiber has certainly
had the most profound effect. Prior to its emergence, transmission engineers would
have considered the combination of extremely wide bandwidth, extremely low attenu-
ation, and immunity from interference as something akin to perpetual motion. Low at-
tenuation allows long repeater spacings, which equates to low maintenance costs—the
reason for wholesale replacement of long-haul analog radio systems. On December 5,
1986, AT&T completed the last section of a transcontinental fiber system [49]. By the
end of that decade virtually all of the high-density routes were converted to fiber. Ra-
dio systems are and will continue to be used for carrying low-density traffic where
right-of-way costs are a dominant consideration. However, because these routes are
relatively short spurs off of digital fiber arteries, interface costs imply digital imple-
mentations, thus completing the economic foundation for the all-digital network.

As discussed in Chapter 8, an optical fiber is not an inherently digital transmission
system. However, the interface electronics (drivers and receivers) and the application
of connecting to digital switches have stimulated their use of digital transmission.”
Furthermore, considering the amount of bandwidth available there is little incentive
to use analog transmission to conserve bandwidth, as was the original situation with
microwave radios.

1.3.6 Digital Switching

The original research into digital switching at Bell Laboratories was reported by Earle
Vaughan in 1959 [50]. Laboratory models were developed to demonstrate the concept
of integrating digital time division multiplex transmission systems with time division
switching systems. Unfortunately the necessary solid-state electronics had not ma-
tured sufficiently at that time so commercial development of digital switching was not
pursued, and development of the No. 1 ESS continued along the lines of space division
electromechanical technology. Almost 10 years later, however, Bell Labs began de-
velopment of a digital toll switch, the No. 4 ESS.

When placed in service in January 1976, the No. 4 ESS provided several new ca-
pabilities for the toll network. First, it was the first toll switch to be designed for
stored-program control at the outset.” Second, its capacity was three times that of the
prevailing electromechanical switch at the time: the No. 4A cross bar. The larger ca-

*Analog optical fiber systems have been widely used to carry television signals in feeders segments of
CATV systems.

Stored-program control was first implemented in the toll network beginning in 1969 by retrofitting
crossbar switches [51].
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pacity of the No. 4 ESS meant that many metropolitan areas could consolidate toll traf-
fic into one switch instead of several. Third, the digital time division design of the No.
4 ESS allowed direct connection to digital T-carrier lines, This last feature illustrates
the original attraction of digital switching for toll and tandem offices of the network.
By 1976, when the first No. 4 ESS was installed, it was clear that digital transmission
was dominating the exchange area and shorter intertoll trunks. Thus significant econo-
mies and improvements in transmission quality resulted by eliminating channel banks
at the interface between digital trunks and a switching system.

The early development of digital end office switches in the United States was un-
dertaken by independent equipment manufacturers with the first system being placed
in service in 1977. These systems were primarily designed for the smaller switching
offices of the independent telephone companies. Digital switches were particularly at-
tractive to rural telephone companies because they could provide significant copper
savings when directly connected to digital pair-gain transmission systems. The first
large digital end office switching system to be introduced into the North American
network was the DMS-100 provided by Northern Telecom. Table 1.13 lists digital
switching machines developed for the North American public telephone network.

The functional essence of a digital time division switching matrix is illustrated in
Figure 1.44. As indicated, all inputs are time division multiplex links. These links may
represent digital pair-gain systems, T-carrier interoffice trunks, or the outputs of colo-
cated channel banks used to interface analog lines to the digital switch. In any event
the switching matrix itself is designed to service only TDM input links.

Basically, the switching matrix is required to transfer information arriving in a
specified time slot (channel) on an incoming TDM link to a specified time slot on an

TABLE 1.13 Digltal Central Office Switching Systems of North America

Date of
Manufacturer Designation Introduction Application Line Size
AT&T 4 ESS 1976 Toll 107,000
AT&T 5ESS 1983 Local 100,000
CIT-Alcatel E 10-five 1982 Local 100,000
GTE 3 EAX 1978 Tolltandem 60,000
GTE 5 EAX 1982 Local 145,000
LM Ericsson AXE10 1978 Local/toll 200,000
NEC NEAX-61 1979 Local/toll 80,000
T System 1210 1978 Local/oll 26,000
Northern Telecom DMS-10 1977 Local 7,000
Northern Telecom DMS-100 1979 Local 100,000
Northern Telecomn DMS-200 1978 Toll 60,000
Siemens EWSD 1981 Local 200,000
Stromberg Carlson  DCO 1977 Local 32,000
Vidar ITS4 1977 Tolltandem 7,000

Vidar ITS4/5 1978 Local/toll 12,768
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Figure 1.44 Digital time division switching operation.

outgoing TDM link. Since an arbitrary connection involves two different physical
links and two different time slots, the switching process requires spatial translation
(space switching) and time translation (time switching). Thus the basic operation is
sometimes referred to as two-dimensional switching. Space switching is achieved
with conventional digital logic selector circuits, and time switching is achieved by
temporarily storing information in a digital memory or register circuit.

For convenience, the inputs to the switching matrix of Figure 1.44 are all shown
on the left, and the outputs are on the right. Since the links are inherently four-wire,
each input time slot is paired with the same time slot on a corresponding output link.
Hence, a full-duplex circuit also requires a “connection” in the reverse direction that
is achieved by transferring information from time slot 17 of link N to time slot 3 of
link 1 in the example shown. Operational and implementation details of a large range
of digital time division switches are provided in Chapter 3.

1.3.7 Digital Network Evolution

The evolution of the analog telephone network into one that is all digital except for
the access lines is summarized in Figure 1.45. The process began in the 1960s (a) with
T1 systems being installed on relatively short haul interoffice trunks within the ex-
change areas. Next, in the early 1970s (b), digital transmission was introduced into the
toll network with T2 systems for relatively short routes between toll offices. It was in
the late 1970s (c) that digitization really began to take over. T1 coverage expanded
greatly, digital loop carrier (DLC) systems came into use,” and digital switches be-
came available at all levels of the network: PBXs (DPBXs), end offices (DEQOs), tan-
dem offices, and toll offices (DTOs). Moreover, microwave digital radios (MDRs)
proved to be advantageous to use in both the exchange areas and the shorter toll net-
work routes due to low interface costs to digital switches. Thus, the late 1970s pro-
duced a number of integrated islands where digital switches within a region were
interconnected by digital transmission links but there was little digital connectivity be-
tween the islands. (Data under voice was installed as an overbuild to analog routes for

*Digital subscriber cartier systems were actually introduced in the early 1970s, but these systems utilized
a voice digitization technology (delta modulation) that was incompatible with the rest of the network and
therefore did not figure into the integrated network. These early digital loop carrier systems are now
obsolete.
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limited-capacity data services.) A fully integrated and interconnected digital network
became a reality in the early 1980s (d) when fiber optic transmission emerged as the
technology of choice for high-density long-haul routes. Digital connectivity to busi-
ness customer premises equipment also occurred in this time frame as T1 became the
preferred voice trunk interface for large PBXs.

End-to-end digital connectivity for voice or data services became a reality in the
late 1980s (e) with the introduction of ISDN basic rate (ISDN BR, 2B + D) and ISDN
primary rate (ISDN PR, 23B + D) digital connections to the customer. In addition, fi-
ber technology became much more ubiquitous as DS3 rate systems eliminated T2 sys-
tems in the toll network and fiber-based systems became the preferred technology for
loop carrier and feeder systems—even at relatively short distances.
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PROBLEMS

1.1 Express 33 dBmC of noise in terms of picowatts and milliwatts of absolute

power.
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1.2

1.3

14

1.5

1.6

1.7

BACKGROUND AND TERMINOLOGY

Twenty-seven picowatts of noise with a flat spectrum between 0 and 3 kHz is
how many dBrnC?

A value of 30 dBrnCO is how many picowatts of absolute noise power at a —3-dB
TLP?

An idle-channel noise power measurement of 21 dBmC occurs at a —7-dB TLP.
Express the noise power of this measurement in dBrnC0 and determine what
power measurement this noise would produce at another point in the circuit that
is designated as a —2-dB TLP.

A transmission link has 14 dBrn of absolute noise power at a —13-dB TLP input
test point and 27 dBrn of absolute noise power at a —3-dB TLP output test point.
How much absolute noise is added on the transmission link?

A transmission link with a —2-dB TLP at the transmit end and a —4-dB-TLP at
the receive end is part of a voice circuit that produces the following idle-channel
noise measurements: 18 dBrnCO at the transmit end and 20 dBmCO at the re-
ceive end. What is the contribution (in pWp0) of the transmission link toward
the total absolute power at the receive end?

Why is echo control unnecessary on short-delay voice connections? What about
singing?
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WHY DIGITAL?

The first chapter provides an overview of an analog telephone network and a brief in-
troduction to digital transmission and switching technology introduced to replace
older analog equipment. This chapter discusses the basic technical advantages of digi-
tal implementations that stimulated the replacement of the analog systems.

2.1 ADVANTAGES OF DIGITAL VOICE NETWORKS

A list of technical features of digital communications networks is provided in Table
2.1. These features are listed in the order that the author considers to be their relative
importance for general telephony. In particular applications, however, certain consid-
erations may be more or less significant. For instance, the last item, ease of encryption,
is a dominant feature favoring digital networks for the military.

Most of the features of digital voice networks listed in Table 2.1 and discussed in
the following paragraphs pertain to advantages of digital transmission or switching
relative to analog counterparts. In some instances, however, the features pertain only
to all-digital networks. Encryption, for example, is practical and generally useful only
if the secure form of the message is established at the source and translated back into
the clear form only at the destination. Thus an end-to-end digital system that operates
with no knowledge of the nature of the traffic (i.e., provides transparent transmission)
is a requirement for digital encryption applications. For similar reasons end-to-end
digital transmission is needed for direct transmission of data (no modem). When a net-
work consists of a mixture of analog and digital equipment, universal use of the net-
work for services such as data transmission dictates conformance to the least common
denominator of the network: the analog channel.

2.1.1 Ease of Multiplexing

As mentioned in Chapter 1, digital techniques were first applied to general telephony
in interoffice T-carrier (time division multiplex) systems. In essence, these systems
traded electronics costs at the ends of a transmission path for the cost of multiple pairs
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TABLE 2.1 Technical Advantages of Digital Communications Networks

. Ease of multiplexing

. Ease of signaling

. Use of modern technology

. Integration of transmission and switching

. Signal regeneration

. Performance monitorability

. Accommodation of other services

. Operability at low signal-to-noise/interference ratios
. Ease of encryption’

oo ~Ne G nw@p =

of wires between them, (A trade that is more cost effective every year.) Although
FDM of analog signals had also been used to reduce cable costs, FDM equipment is
much more expensive than TDM equipment, even when the cost of digitization is in-
cluded. After voice signals have been digitized, TDM equipment costs are quite small
by comparison. Since digitization occurs only at the first level of the TDM hierarchy,
high-level digital TDM is even more economical than high-level FDM counterparts.

It should be pointed out that TDM of analog signals is also very simple and does
not require digitization of the sample values. The drawback of analog TDM lies in the
vulnerability of narrow analog pulses to noise, distortion, crosstalk, and intersymbol
interference. These degradations cannot be removed by regeneration as in a digital
system. Hence, analog TDM is not feasible except for noiseless, distortion-free envi-
ronments.” In essence the ability to regenerate a signal, even at the expense of greater
bandwidth, is almost a requirement for TDM transmission.

2.1.2 Ease of Signaling

Control information (e.g., on-hook/off-hook, address digits, coin deposits) is inher-
ently digital and, hence, readily incorporated into a digital transmission system. One
means of incorporating control information into a digital transmission link involves
time division multiplexing the control as a separate but easily identifiable control
channel. Another approach involves inserting special control codes into the message
channel and having digital logic in the receiving terminals decode that control infor-
mation. In either case, as far as the transmission system is concerned, control infor-
mation is indistinguishable from message traffic.

In contrast, analog transmission systems required special attention for control sig-
naling. Many analog transmission systems presented unique and sometimes difficult
environments for inserting control information. An unfortunate result was that many
varieties of control signal formats and procedures evolved for the analog network. The
control formats depend on the nature of both the transmission system and its terminal

*Analog TDM has been used in a few telephone applications. Farinon’s Subscriber Radio System [1], for
example, used pulse-width-modulated TDM. As discussed in Chapter 5 some older PBXs also used analog
TDM.
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equipment. In some interfaces between network subsystems control information had
to be converted from one format to another. Signaling on analog links therefore rep-
resented a significant administrative and financial burden to the operating telephone
companies.

The move to common-channel signaling removed most of the signaling costs as-
sociated with interoffice trunks but did not change the situation for individual sub-
scriber lines, which must carry signaling on the same facility as the message channel.
The use of digital subscriber lines (DSLs) reduces the signaling costs relative to analog
subscriber lines, which helps offset the higher cost of a DSL and a digital telephone.
DSLs are a fundamental aspect of ISDN, as described in Chapter 11.

In summary, digital systems allow control information to be inserted into and ex-
tracted from a message stream independently of the nature of the transmission medium
(e.g., cable, fiber, microwave, satellite). Thus the signaling equipment can (and
should) be designed separately from the transmission system. It then follows that con-
trol functions and formats can be modified independently of the transmission subsys-
tem. Conversely, digital transmission systems can be upgraded without impacting
control functions at either end of the link.

2.1.3 Use of Modern Technology

A multiplexer or switching matrix for time division digital signals is implemented
with the same basic circuits used to build digital computers: logic gates and memory.
The basic crosspoint of a digital switch is nothing more than an AND gate with one
logic input assigned to the message signal and other inputs used for control (crosspoint
selection). Thus the dramatic developments of digital integrated circuit technology for
computer logic circuits and memory are applicable directly to digital transmission and
switching systems. In fact, many standard circuits developed for use in computers are
directly usable in a switching matrix or multiplexer. Figure 2.1 shows the basic im-
plementation of a 16-channel, bit-interleaved, digital time division multiplexer using
common digital logic circuits. As indicated, the multiplexing function involves noth-
ing more than cyclically sampling the 16 input data streams. Such an operation as-
sumes all of the data streams are synchronized to each other. As discussed in Chapter
7, the process of synchronizing the data streams requires logic circuitry that is much
more complicated than that shown. Nevertheless, the implementation of TDM is much
less expensive than analog FDM.

Even greater advantages of modern technology have been achieved by using large-
scale integrated (LSI) circuits designed specifically for telecommunications functions
such as voice encoding/decoding, multiplexing/demultiplexing, switching matrices,
and special-purpose and general-purpose digital signal processing (DSP). Digital sig-
nal processing functions are described in Section 2.2.

The relative low cost and high performance of digital circuits allows digital imple-
mentations to be used in some applications that are prohibitively expensive when im-
plemented with comparable analog components. Completely nonblocking switches,
for example, are not practical with conventional analog implementations, except in
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Figure 2.1 Sixteen-to-one TDM multiplexer.

small sizes. In a modem digital switch the cost of the switching matrix itself is rela-
tively insignificant, Thus, for medium-size applications, the size of the switch matrix
can be increased to provide nonblocking operations, if desired. The automatic call dis-
tributor developed by Collins-Rockwell [2] is an early example of a digital switch op-
erating in an analog environment. A digital implementation was chosen largely
because it could economically provide a nonblocking operation.

The benefits of modern device technology are not confined to digital circuits alone.
Analog integrated circuits have also progressed significantly, allowing traditional
analog implementations to improve appreciably. One of the primary requirements of
an analog component, however, is that it be linear. It appears, if only because of re-
search and development emphasis, that fast digital components are easier to manufac-
ture than linear analog counterparts. In addition, digital implementations appear to
have an inherent functional advantage over analog implementations. This advantage
is derived from the relative ease with which digital signals can be multiplexed. A ma-
Jor limitation with the full use of LSI components results from limited availability of
external connections to the device. With time division multiplex techniques, a single
physical pin can be used for multiple-channel access into the device. Thus the same
technique used to reduce costs in transmission systems can also be used within a local
module to minimize the interconnections and maximize the utilization of very large
scale integration. In the end, a “switch on a chip” is possible only if a great number of
channels can be multiplexed onto a relatively small number of external connections.

The technological development to have the most significant impact on the tele-
phone network is certainly fiber optic transmission. Although fibers themselves do not
favor digital transmission over analog transmission, the interface electronics to a fiber
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system function primarily in an on—off (nonlinear) mode of operation. Thus digital
transmission dominates fiber applications, although analog optical technology is com-
monly used in analog video distribution.

2.1.4 Integration of Transmisslon and Switching

Traditionally the analog transmission and switching systems of telephone networks
were designed and administered by functionally independent organizations. In the op-
erating telephone companies, these two equipment classes are referred to as outside
plant and inside plant, respectively. These equipments necessarily provide stand-
ardized intérfaces, but, other than that, transmission equipment was functionally inde-
pendent of switching equipment.

When TDM of digital voice signals was introduced into the exchange area and
communications engineers began considering digital switching, it became apparent
that TDM operations were very similar to time division switching functions. In fact,
as described in later chapters, the first stages of digital switches generate first-level
TDM signals by nature, even when interfaced to analog transmission links. Thus the
multiplexing operations of a transmission system can be easily integrated into the
switching equipment.

The basic advantage of integrating the two systems is shown in Figure 2.2. The de-
multiplexing equipment (channel banks) at the switching offices is unnecessary, and
first-stage switching equipment is eliminated. If both ends of the digital TDM trunks
are integrated into a digital switch, the channel banks at both ends of the trunk are
eliminated. In a totally integrated network voice signals are digitized at or near the
source and remain digitized until delivered to their destination. Furthermore, all inter-
office trunks and internal links of a switching system carry TDM signals exclusively.
Thus first-level multiplexing and demultiplexing are nonexistent except at the periph-
ery of the network. Although integration of DS1 signals into switching machines is

Time division link

Analog
switch
Channel Channel
bank bank
(@)

Time division link f
Digital Digital
switch

switch
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Figure 2.2 Integration of transmission and switching: (4) nonintegrated transmission and
switching, (b) integrated time time division switching and transmission.
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commonplace, integration of higher level signals is complicated by higher level mul-
tiplexing formats (pulse stuffing) described in Chapter 7. A newer multiplexing for-
mat (SONET) described in Chapter 8 has some operational modes that are more
amenable to direct interconnection into a switching system.

Integration of transmission and switching functions not only eliminates much
equipment but also greatly improves end-to-end voice quality. By eliminating multi-
ple analog-to-digital and digital-to-analog conversions and by using low-error-rate
transmission links, voice quality is determined only by the encoding/decoding processes.
In summary, the implementation benefits of a fully integrated digital network are:

1. Long-distance voice quality is identical to local voice quality in all aspects of
noise, signal level, and distortion.

2. Since digital circuits are inherently four-wire, network-generated echoes are
eliminated, and true full-duplex, four-wire digital circuits are available.

3. Cable entrance requirements and mainframe distribution of wire pairs is greatly
reduced because all trunks are implemented as subchannels of a TDM signal.

2.1.5 Signal Regeneration

As described more fully in the next chapter, the representation of voice (or any analog
signal) in a digital format involves converting the continuous analog waveform into a
sequence of discrete sample values. Each discrete sample value is represented by some
number of binary digits of information. When transmitted, each binary digit is repre-
sented by only one of two possible signal values (e.g., a pulse versus no pulse or a posi-
tive pulse versus a negative pulse). The receiver’s job is to decide which discrete
values were transmitted and represent the message as a sequence of binary-encoded
discrete message samples. If only small amounts of noise, interference, or distortion
are impressed upon the signal during transmission, the binary data in the receiver are
identical to the binary sequence generated during the digitization or encodin g process.
As shown in Figure 2.3, the transmission process, despite the existence of certain im-
perfections, does not alter the essential nature of the information. Of course, if the im-
perfections cause sufficient changes in the signal, detection errors occur and the binary
data in the receiver does not represent the original data exactly.

A fundamental attribute of a digital system is that the probability of transmission
errors can be made arbitrarily small by inserting regenerative repeaters at intermediate
points in the transmission link. If spaced close enough together, these intermediate
nodes detect and regenerate the digital signals before channel-induced degradations
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Figure 2.3  Signal regeneration in a digital repeater line.
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become large enough to cause decision errors. As demonstrated in Chapter 4, the end-
to-end error rate can be made arbitrarily small by inserting a sufficient number of re-
generation nodes in the transmission link.

The most direct benefit of the regeneration process is the ability to localize the ef-
fects of signal degradations. As long as the degradations on any particular regenerated
segment of a transmission link do not cause errors, their effects are eliminated. In con-
trast, signal impairments in analog transmission accumulate from one segment to the
next. Individual subsystems of a large analog network must be designed with tight
controls on the transmission performance to provide acceptable end-to-end quality.
An individual subsystem of a digital network, on the other hand, need only be de-
signed to ensure a certain minimum error rate—usually a readily realizable goal.

When an all-digital network is designed with enough regeneration points to effec-
tively eliminate channel errors, the overall transmission quality of the network is de-
termined by the digitization process and not by the transmission systems. The
analog-to-digital conversion process inherently introduces a loss of signal fidelity
since the continuous analog source waveform can only be represented by discrete sam-
ple values. By establishing enough discrete levels, however, the analog waveform can
be represented with as little conversion error as desired. The increased resolution re-
quires more bits and consequently more bandwidth for transmission. Hence, a digital
transmission system readily provides a trade-off between transmission quality and
bandwidth. (A similar trade-off exists for frequency-modulated analog signals.)

2.1.6 Performance Monitorability

An additional benefit of the source-independent signal structure in a digital transmis-
sion system is that the quality of the received signal can be ascertained with no knowl-
edge of the nature of the traffic. The transmission link is designed to produce
well-defined pulses with discrete levels. Any deviation in the receive signal, other than
nominal amounts planned for in the design, represents a degradation in transmission
quality. In general, analog systems cannot be monitored or tested for quality while in
service since the transmitted signal structure is unknown. FDM signals typically in-
clude pilot signals to measure channel continuity and power levels. The power level
of a pilot is an effective means of estimating the signal-to-noise ratio—only in a fixed-
noise environment. Hence, noise and distortion are sometimes determined by measur-
ing the energy level in an unused message slot or at the edge of the signal passband.
In neither case, however, is the quality of an in-service channel being measured di-
rectly.

One common method of measuring the quality of a digital transmission link is to
add parity, or cyclic redundancy check (CRC), bits to the message stream. The redun-
dancy introduced to the data stream enables digital logic circuits in a receiver to read-
ily ascertain channel error rates. If the error rate exceeds some nominal value, the
transmission link is degraded.

Another technique for measuring in-service transmission quality is used in T-carrier
lines. This technique involves monitoring certain redundancies in the signal waveform
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itself. When the redundancy pattern at the receiver deviates from normal, decision er-
rors have occurred. A complete description of the line coding format used in T-carrier
systems is provided in Chapter 4. Other methods of measuring transmission quality in
digital systems are discussed in Chapters 4 and 6.

2.1.7 Accommodation of Other Services

It was previously pointed out that a digital transmission system readily accommodates
control (signaling) information. This fact is representative of a fundamental aspect of
digital transmission: any digitally encoded message (whether inherently digital or
converted from analog) presents a common signal format to the transmission system.
Thus the transmission system need provide no special attention to individual services
and can, in fact, be totally indifferent to the nature of the traffic it carries.

In an analog network the transmission standard is the 4-kHz voice circuit. All spe-
cial services such as data or facsimile must be transformed to “look like voice.” In par-
ticular, data signals must be converted to an analog format through the use of modems.

The standard analog channel was necessarily optimized for voice quality. In so do-
ing, certain transmission characteristics (such as the phase response and impulse
noise) received less attention than more noticeable voice quality impairments. Some
less emphasized considerations, phase distortion in particular, are critical for high-rate
data services. Use of an analog network for nonvoice services often requires special
compensation for various analog transmission impairments. If the analog channel is
too poor, it may be unusable for a particular application. In contrast, the main parame-
ter of quality in a digital system is the error rate. Low-error-rate channels are readily
obtainable. When desired, the effects of channel errors can be effecti vely eliminated
with error control procedures implemented by the user.

An additional benefit of the common transmission format is that traffic from dif-
ferent types of sources can be intermixed in a single transmission medium without mu-
tual interference. The use of a common transmission medium for analog signals is
sometimes complicated because individual services require differing levels of quality.
For example, television signals, which require greater transmission quality than voice
signals, were not usually combined with FDM voice channels in a wideband analog
transmission system [3].

2.1.8 Operability at Low Signal-to-Noise/Interference Ratios

Noise and interference in an analog voice network become most apparent during
speech pauses when the signal amplitude is low. Relatively small amounts of noise oc-
curring during a speech pause can be quite annoying to a listener. The same levels of
noise or interference are virtually unnoticeable when speech is present. Hence it is the
absolute noise level of an idle channel that determines analog speech quality. Subjec-
tive evaluations of voice quality [4, 5] led to maximum noise level standards of 28
dBmC0 (62 dBmO) for short-haul systems and 34 dBmC0 (-56 dBm0) for long-haul
systems. For comparison, the power level of an active talker is typically —16 dBmo0.
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Thus representative end-to-end signal-to-noise ratios in analog networks are 46 and
40 dB for short- and long-haul systems, respectively. Signal-to-noise ratios on indi-
vidual transmission systems are necessarily higher.

In a digital system speech pauses are encoded with a particular data pattern and
transmitted at the same power level as active speech. Because signal regeneration vir-
tually eliminates all noise arising in the transmission medium, idle channel noise is de-
termined by the encoding process and not the transmission link. Thus speech pauses
do not determine maximum noise levels as they do in an analog system, As discussed
in Chapter 4, digital transmission links provide virtually error-free performance at signal-
to-noise ratios of 15-25 dB, depending on the type of line coding or modulation used.

The ability of a digital transmission system to reject crosstalk is sometimes more
significant than its ability to operate in relatively high levels of random noise. One of
the most troublesome considerations in the design and maintenance of the analog net-
work was the need to eliminate crosstalk between conversations. The problem was
most acute during pauses on one channel while an interfering channel was at maxi-
mum power. At these times relatively low level crosstalk would be noticeable. The
crosstalk was particularly undesirable if it was intelligible and therefore violated
someone’s privacy. Again, speech pauses do not produce low-amplitude signals on
digital transmission links. The transmission links maintain a constant-amplitude digi-
tal signal. Thus, low levels of crosstalk are eliminated by the regeneration process in
a digital repeater or receiver. Even if the crosstalk is of sufficient amplitude to cause
detection errors, the effects appear as random noise and, as such, are unintelligible.

Considering the fact that a digital system typically needs a greater bandwidth than
a comparable analog system and that wider bandwidths imply greater crosstalk and
noise levels, the ability to operate at lower SNRs is partly a requirement of a digital
system and partly an advantage.

2.1.9 Ease of Encryption

Although most telephone users have little need for voice encryption, the ease with
which a digital bit stream can be scrambled and unscrambled [6] means that a digital
network (or a digital cellular system) provides an extra bonus for users with sensitive
conversations. In contrast, analog voice is much more difficult to encrypt and is gen-
erally not nearly as secure as digitally encrypted voice. For a discussion of common
analog voice encryption techniques, see references [7], [8], and [9]. As mentioned pre-
viously, ease of encryption stimulated early use of digital voice systems by the mili-

tary.

2.2 DIGITAL SIGNAL PROCESSING

The preceding paragraphs emphasize the advantages of digital technology in imple-
menting the transmission and switching systems of a network. Another significant ap-
plication of digital technology is the area of signal processing. Basically, signal
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processing refers to an operation on a signal to enhance or transform its characteristics.
Signal processing can be applied to either analog or digital waveforms. Amplification,
equalization, modulation, and filtering are common examples of signal processing
functions.

Digital signal processing (DSP) refers to the use of digital logic and arithmetic cir-
cuits to implement signal processing functions on digitized signal waveforms. Some-
times analog signals are converted to digital representations for the express purpose
of processing them digitally. Then the digital representations of the processed signals
are converted back to analog. These operations are illustrated in Figure 2.4, where a
sine wave corrupted by noise is digitally filtered to remove the noise. The main ad-
vantages of digitally processing signal waveforms are listed in Table 2.2.

It is important to point out that DSP in this context refers to the technology used to
condition, manipulate, or otherwise transform a signal waveform (a digitized repre-
sentation thereof). In another context signal processing refers to the interpretation of
control signals in a network by the control processors of switching systems. In the lat-
ter case the logical interpretation of a control code is processed and not an underlying
signal waveform. :

2.21 DSP Applications

The following four sections identify applications of DSP that either represent lower
cost solutions to functions that have been traditionally implemented with analog tech-
nology or are functions that have no practical implementation counterpart with analog
technology.

Echo Cancellers

The cost and performance of DSP echo cancellers have improved to the point that they
can be justified for any long-distance circuit, thereby providing full-duplex circuits
(no echo suppression) and no artificial attenuation (no via net loss). A particularly
critical need for echo cancellation occurs in high-speed, full-duplex data modems that
incorporate near-end echo cancellation—an unnecessary requirement for voice cir-
cuits. Furthermore, low-cost echo canceling enables packet-switched voice applica-
tions that introduce artificial delays that are not accommodated in normal analog

A/D pDsp D/A
Analog Analog Digital Digital Analog
input to signal to output
digital processor analog

Figure 2.4 Digital signal processing of an analog si gnal.
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TABLE 2.2 Digital Signal Processing Features

Eeproducibility. The immunity of digital circuits to small imperfections and parasitic elements
implies that circuits can be produced with consistent operational characteristics without fine
adjustments or aging tolerances.

Programmability: A single basic structure can be used for a variety of signal types and
applications by merely changing an algorithmic or parametric specification in a digital memory.
Time sharing: A single digital signal processing circuit can be used for multiple signals by
storing temporary results of each process in random-access memory and processing each
signal in a cyclic (time-divided) fashion.

Automatic test: Since the inputs and outputs of a digital signal processing circuit are digital
data, tests can be performed routinely by comparing test responses to data patterns stored in
memory.

Versatility. Because of the decision-making capabilities of digital logic, digital signal
processing can perform many functions that are impossible or impractical with analog
implementations.

interfaces. The adaptation logic and delay requirements of a switched network echo
canceller virtually preclude any type of analog implementation.

Tone Receivers

Detection of DTMF, MF, SF, or other analog tones is easily and economically realized
by converting the analog signals to digital representations for the explicit purpose of
detecting the tone. Of course, a DSP implementation is even more economical when
the tones are already digitized, which is the case within a digital switch. The program-
mability feature of a DSP circuit is particularly useful for tone receivers because one
hardware implementation can be used for multiple functions by selecting different fil-
ter options (programs) depending on the application [10].

High-Speed Modems

Reliable operation (low bit error rates) of high-speed (e.g., 28.8-kbps) voiceband mo-
dems [11] over the switched telephone network requires sophisticated modulation
techniques (described in Chapter 6) and sophisticated signal conditioning referred to
as adaptive equalization. The only practical way to implement these functions is with
DSP circuitry. Reference [12] describes an early application of DSP to a 14,400-bps
modem. Reference [13] describes the use of DSP for adaptive equalization of a 400-
Mbps digital radio. Previous digital radios used analog adaptive equalizers because
they were cheaper. Very-high-rate digital radios require more sophisticated equaliz-
ers, which are easier to implement (perhaps only possible) with DSP.

Low-Bit-Rate Voice Encoding

The realization of low-bit-rate voice encoding algorithms described in Chapter 3 in-
volves extensive numerical processing to remove redundancy in the digitized voice
samples. DSP technology is the only economical means of implementing these algo-
rithms on a real-time basis. References [14], [15], and {16] describe DSP implemen-
tations for 32-, 16-, and 4.8-kbps voice coders, respectively. Reference [17] describes
more of the general theory and application of DSP to voice compression.
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2.3 DISADVANTAGES OF DIGITAL VOICE NETWORKS

The first part of this chapter discussed the basic technical advantages of digital net-
works. To balance the discussion, this section reviews the basic technical disadvan-
tages of digital implementations as listed in Table 2.3.

2.3.1 Increased Bandwidth

In the brief introduction to voice digitization presented in Chapter 1, mention is made
that transmission of samples of an analog waveform requires no more bandwidth than
the underlying waveform (at least in theory). The bandwidth expansion comes when
the samples are encoded into binary codes and transmitted with an individual pulse for
each bit in the code. Thus a T1 system requires approximately eight times as much
bandwidth as do 24 analog voice channels since each sample is represented by an 8-bit
codeword and each bit is transmitted as a separate discrete pulse. Although more so-
phisticated digitization algorithms can be used to encode voice at a lower bit rate than
that used on T1 systems (64 kbps), even the most sophisticated algorithms (described
in Chapter 3) cannot provide comparable voice quality without at least a two-to-one
bandwidth penalty,

In some portions of the analog network, such as the local loops, the bandwidth in-
crease did not represent much of a penalty since the inherent bandwidth was (and is)
underutilized. In long-haul radio systems, however, bandwidth was at a premium, and
digital systems were relatively inefficient in terms of the number of voice channels
provided. One mitigating aspect of a digital radio system is its ability to overcome
higher levels of noise and interference, which sometimes provides compensation for
the bandwidth requirements, particularly in congested transmission environments
where mutual interference can become a limiting consideration [3]. The inherent ro-
bustness of a digital system with respect to interference is one important attribute of
digital cellular systems described in Chapter 9.

The bandwidth penalty imposed by voice digitization is directly dependent on the
form of transmission coding or modulation used. With greater sophistication in the
modulation/demodulation equipment, greater efficiency in terms of the bit rate in a
given bandwidth is achievable. Basically, greater transmission efficiency is achieved
by increasing the number of levels in the line code. With limited transmit power, how-
ever, the distances between discrete signal levels in the receiver are reduced dramati-

TABLE 2.3 Disadvantages of Digital Inplementations

. Increased bandwidth

. Need for time synchronization

. Topologically restricted multiplexing

. Need for conference/extension bridges
. Incompatibilities with analog facilities
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cally. Thus, the transmitted signal is no longer as immune to noise and other imper-
fections as it is with lower information densities.

Using a combination of advanced digital modulation, lower rate digitization, and
error-correcting codes, point-to-point digital radios could provide voice channel effi-
ciencies comparable to or even better than analog microwave systems. Full develop-
ment along these lines never occurred, however, because the emergence of optical
fiber transmission eliminated the incentive to do so.

2.3.2 Need for Time Synchronization

Whenever digital information is transmitted from one place to another, a timing ref-
erence, or “clock,” is needed to control the transfer. The clock specifies when to sam-
ple the incoming signal to decide which data value was transmitted. The optimum
sample times usually correspond to the middle of the transmitted pulses. Thus, for op-
timum detection, the sample clock must be synchronized to the pulse arrival times. In
general, the generation of a local timing reference for detecting the digital signal is not
difficult. Chapter 4 discusses some of the design considerations needed to establish
proper sample clocking in the receiver of a digital transmission link.

More subtle problems arise, however, when a number of digital transmission links
and switches are interconnected to form a network. Not only must the individual ele-
ments of the network maintain internal synchronization, but also certain networkwide
synchronization procedures must be established before the individual subsystems can
interoperate properly. Chapter 7 discusses these basic network synchronization re-
quirements and implementations.

The need for some form of synchronization is not unique to digital networks. Single-
sideband FDM transmission systems present similar requirements for carrier synchro-
nization in analog networks. In analog systems, however, the synchronization
requirements are less critical by about two orders of magnitude {18).

2.3.3 Topologically Restricted Multiplexing

To the general public, the most apparent use of multiplexing is broadcast services for
radio and television. In these systems the airspace is shared by using FDM of individ-
ual broadcast channels. With this system there are no operational restrictions to the
geographic location of transmitters and receivers. As long as the transmitters confine
their emissions to their assigned bandwidth and each receiver uses a sufficiently se-
lective filter to pass only the desired channel, the network operates without mutual in-
terference. On the other hand, TDM is not nearly as amenable to applications
involving distributed sources and destinations. Since the time of arrival of data ina
time slot is dependent on the distance of travel, distributed TDM systems require a
guard time between time slots. FDM systems also require guardbands between the
channels to achieve adequate channel separation. The width of the FDM guardbands,
however, is not dependent on the geographic location of the transmitters. In a TDM
system the guard times must be increased as the geographic separation between trans-
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mitters increases. Furthermore, each time division source must duplicate the syhchro-
nization and time slot recognition logic needed to operate a TDM system. For these
reasons, TDM has been used primarily in applications (e.g., interoffice trunks) where
all of the information sources are centrally located and a single multiplexer controls
the occurrence and assignment of time slots,

Time division multiple access (TDMA) satellites and cellular systems are exam-
ples of applications of TDM for distributed sources. These systems use sophisticated
synchronization techniques so that each ground station or mobile unit times its trans-
mission to arrive at the satellite or base station at precisely defined times, allowing the
use of small guard times between time slots. Notice that these applications involve
only one destination: a satellite or a base station. If an application involves multiple,
distributed sources and destinations (with transmission in more than one direction),
larger guard times are unavoidable. Figure 2.5 shows such an application but uses
FDM instead of TDM. The main engineering consideration for this system is to ensure
that the FDM channels have sufficient isolation to allow a high-powered source to be
adjacent to a receiver with the worst-case receive level. Obviously, adequate FDM iso-
lation requires a certain amount of bandwidth overhead, but it is usually fairly easy to
design filters with adequate isolation for a large range of signal levels so distance con-
siderations are minimized.

2.3.4 Need for Conference/Extension Bridges

The process of combining multiple analog signals to form a conference call or func-
tion as multiple extensions on a single telephone line can be accomplished by merely
bridging the wire pairs together to superimpose all signals. Nowhere is this more con-
venient than when multiple extensions share a single two-wire line, as indicated in
Figure 2.6. When digitized voice signals are combined to form a conference, either the
signals must be converted to analog so they can be combined on two-wire analog
bridges or the digital signals must be routed to a digital conference bridge, as shown
in Figure 2.7. The digital bridge selectively adds the (four-wire) signals together (us-
ing digital signal processing) and routes separate sumns back to the conferees as shown.

FDM subchannels

FAVAVAVYA

A AVAC N

Figure 2.5 Frequency division multiplexing on distributed multipoint line,
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Figure 2.6 Analog telephones connected to two-wire line.

When conferencing is implemented in association with a switching system, the
need for a digital conference bridge is not much of a disadvantage and in fact can sig-
nificantly improve the quality of a conference by eliminating echoes and signal loss
caused by power division. However, when digital extensions need to have their signals
combined so multiple extensions can be active in a conversation, the need for a cen-
tralized bridge can be an onerous problem. Residential telephone wiring typically fol-
lows a daisy-chain pattern, as indicated in Figure 2.6. Thus the need to rewire all
outlets and install a centralized conference box is a significant impediment to the de-
ployment of digital station equipment in residential applications.

2.3.5 Incompatibillties with Analog Facillities

When digital equipment was first used in private and public telephone networks, it
necessarily provided standard analog interfaces to the rest of the network. Sometimes
these interfaces represented a major cost of the digital subsystem. The foremost ex-
ample of this situation arose in digital end offices. The standard analog subscriber loop
interface described in Chapter 1 is particularly incompatible with electronic switching
machines (analog or digital). Another aspect of digital switching that complicates its
use in analog environments is the artificial delay inserted by a typical digital matrix.
Both of these aspects of digital switching are discussed in Chapter 5.

One way to eliminate the problems with the analog interface is to use digital sub-
scriber loops and digital telephones. Unfortunately, the overwhelming investment in
the loop plant for analog telephones complicates a widespread deployment of digital
subscriber equipment, Most notable of the long-established practices that complicate

A B C
B+C+D ﬁ +C+D) ‘E A+B+D A—
D

A+B+C

Digital
Conference
Bridge

Figure 2.7 Use of conference bridge for digital telephones.
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a transition to digital loops are single wire pairs, loading coils, bridged taps,” high-
resistance or intermittent splices, and wiring gauge changes. The digital subscriber
loop systems described in Chapter 11 accommodate most of the above impediments
but do so with very sophisticated DSP circuitry.
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3

VOICE DIGITIZATION

Because of the interesting nature of the subject and its usefulness in a variety of ap-
plications, the field of voice digitization has been and continues to be an area of intense
research. This research has produced many different types of voice digitization algo-
rithms. The choice of a particular type is primarily dependent on the implementation
cost and the performance requirements implied by the application. The algorithm cho-
sen for T1 systems (companded PCM) provides excellent quality for all types of input
signals (e.g., voice or data) at a moderate data rate (64 kbps) at what was originally a
moderate cost. The algorithms used in the first-generation digital PBXs used lower
cost coding techniques (higher rate PCM or delta modulation) because, at the time, a
switching application was more sensitive to digital conversion cost and less sensitive
to quality or data rate. For example, the first digital PBX in the United States, intro-
duced by Rolm Corporation in 1975, used uncompanded PCM at a data rate of 144
kbps because it was cheaper than companded PCM at the time [1]. Subsequent advan-
tages derived from integrating transmission and switching and a dramatic drop in the
cost of T1-compatible digital voice coders have made obsolete the use of “switching-
only” voice digitization algorithms. Because of high-volume production, T1-compatible
coder/decoder integrated circuits (ICs) (codecs) can be used in switching applications
without a cost penalty. In fact, if the digital network were to be designed today, a more
complicated but economically viable codec with a data rate significantly below 64
kbps would probably be utilized.

Transmissions applications with strict bandwidth limits such as high frequency
(HF) or digital cellular radio require much more sophisticated voice digitization algo-
rithms to achieve data rates on the order of 8—16 kbps. As a help in reducing the data
rate, the performance requirements of these applications are also relaxed as much as
the application allows.

Another application for digitized voice is voice storage systems—either for re-
corded announcements or for voice messaging. Digital storage is particularly appro-
priate for recorded announcements because the playback quality does not deteriorate
with time and individual announcements stored in memory or on a compact disc (CD)
can be randomly accessed. Speech storage with limited memory is an example of an
application that can use very low rate digitization algorithms with significant quality
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reductions. The original Speak-and-Spell learning machine developed by Texas In-
struments, for example, stored words with a few hundred bits per word, representing
a data rate of about 850 bps [2]. In a similar example requiring better quality the same
encoding algorithm (LPC) was used in the Voice Alert System of Chrysler automo-
biles to store 20 sec of speech (40 words) in 32,000 bits of read-only memory—-a data
rate of 1600 bps [3].

The main reason voice messaging systems use digital storage is to have random ac-
cess to the individual messages. To minimize storage space, these systems typically
use 8-32-kbps data rates.

At the upper end of digital storage applications are high-fidelity recordings of voice
and music. Many of the same advantages of digital transmission, as opposed to analog
transmission, also apply to digital recordings. Foremost among these advantages is the
ability of defining the fidelity at the time of recording and maintaining the quality in-
definitely by periodically copying (regenerating) the digitally stored information be-
fore inevitable deterioration produces bit errors. Thus a high-quality (high-bit-rate)
digital recording of Bing Crosby, Elvis Presley, or Luciano Pavarotti (depending on
your taste in music) can be saved for posterity. This feat could not be accomplished
with analog recordings no matter how well cared for or preserved. As an example of
high-fidelity audio recording, compact disc players [4] record two channels of audio
at 705 kbps each.

Speech analysis and synthesis make up another area of widespread research closely
related to voice digitization. In fact, some of the lowest bit rate voice encoders and de-
coders use certain amounts of analysis and synthesis to digitally represent speech. In
its ultimate form, however, analysis and synthesis have unique goals and applications
fundamentally different from those of general voice digitization. Basically, goals of
analysis and synthesis are to recognize words [5] or produce machine-generated
speech (e.g., text-to-speech) [6].

One approach to analyzing speech is to process waveforms with the intent of rec-
ognizing speech phonemes—the basic units of speech from which spoken words are
constructed. Once the phonemes have been identified, they are assigned individual
codewords for storage or transmission. A synthesizer can then generate speech by re-
creating the combinations of phonemes. Analysis of this technique indicates that the
information content of speech can be transmitted with a data rate of 50 bps [7]. It must
be emphasized, however, that what is transmitted is the information content associated
with the words themselves, not the more subjective qualities of speech such as natu-
ralness, voice inflections, accents, and speaker recognizability. Thus such techniques,
by themselves, are not applicable to general telephony, which customarily includes
qualities other than the message content of spoken words.

Efficient encoding of facsimile images presents similar opportunities and limita-
tions. Facsimile machines typically scan at 200 dots per inch, which implies there are
3.74 million bits of raw information on a 8.5 x 11-in. piece of paper. If the paper con-
tains only recognizable text characters at 10 characters and 6 lines per inch, the same
information can be encoded as 5610 ASCII characters, or 39,270 bits, a savings of al-
most 100 to 1. Besides being restricted to text-oriented messages, character-oriented
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encoding and decoding produces the same output character font independent of the
source (which could conceivably be hand written). Facsimile machines achieve one
significant level of coding efficiency without sacrificing transparency by encoding
white space into run length codes. Although this does not reduce the number of bits
in a worst-case (random-dot) image, it greatly reduces the number of bits in the aver-
age image of interest. Similar processing is possible in voice applications by effi-
ciently encoding silence. However, the voice problem is more complicated because
real-time voice requires reconstructing the temporal aspects of the source, restricting
silence encoding to relatively large intervals.

Another level of speech analysis involves the actual recognition of spoken words.
High levels of success have been achieved, with the two main restrictions that the sys-
tem is trained on the speakers and the speakers are trained to speak with isolated
words. As an example of one implementation [8] that tries to achieve the ultimate goal
of speaker independence, continuous speech, and large vocabularies, 71-96% recog-
nition accuracy is possible depending on the level of the grammar specified. (A gram-
mar defines allowed sequences of words.)

Voice digitization techniques can be broadly categorized into two classes: those
digitally encoding analog waveforms as faithfully as possible and those processing
waveforms to encode only the perceptually significant aspects of speech and hearing
processes. The first category is representative of the general problem of analog-to-
digital and digital-to-analog conversions and is not restricted to speech digitization.
The three most common techniques used to encode a voice waveform are pulse code
modulation (PCM), differential PCM (DPCM), and delta modulation (DM). Except
in special cases, telephone equipment designed to transparently reproduce an analog
waveform used one of these techniques. Thus, when studying these common wave-
form encoding techniques, we are, in fact, studying the more general realm of analog-
to-digital conversion [9].

The second category of speech digitization is concerned primarily with producing
very low data rate speech encoders and decoders for narrowband transmission systems
or digital storage devices with limited capacity. A device from this special class of
techniques is commonly referred to as a “vocoder” (voice coder). Very low data rate
(e.g., 1200-bps) vocoder techniques generally produce unnatural or synthetic sound-
ing speech. As such, low-data-rate vocoders do not provide adequate quality for gen-
eral telephony.

A great deal of effort has been expended to develop medium-rate (e.g., 8-kbps)
voice coders with natural speech qualities, primarily for digital cellular applications.
These coders are implemented as a combination or hybrid of the low-bit-rate tech-
niques and the waveform coders. Thus, these techniques represent a third class of
voice digitization algorithm.

3.1 PULSE AMPLITUDE MODULATION

The first step in digitizing an analog waveform is to establish a set of discrete times at
which the input signal waveform is sampled. Prevalent digitization techniques are
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based on the use of periodic, regularly spaced sample times. If the samples occur often
enough, the original waveform can be completely recovered from the sample se-
quence using a low-pass filter to interpolate, or “smooth out,” between the sample val-
ues, These basic concepts are illustrated in Figure 3.1. A representative analog
waveform is sampled at a constant sampling frequency f; = 1/T and reconstructed us-
ing a low-pass filter. Notice that the sampling process is equivalent to amplitude
modulation of a constant-amplitude pulse train. Hence the technique represented in
Figure 3.1 is usually referred to as a pulse amplitude modulation (PAM).

3.1.1 Nyquist Sampling Rate

A classical result in sampling systems was established in 1933 by Harry Nyquist when
he derived the minimum sampling frequency required to extract all information in a
continuous, time-varying waveform. This result—the Nyquist criterion—is defined
by the relation

f.= @)BW)

where f; = sampling frequency
BW = bandwidth of input signal

The derivation of this result is indicated in Figure 3.2, which portrays the spectrum of
the input signal and the resulting spectrum of the PAM pulse train, The PAM spectrum
can be derived by observing that a continuous train of impulses has a frequency spec-
trum consisting of discrete terms at multiples of the sampling frequency. The input
signal amplitude modulates these terms individually. Thus a double-sideband spec-
trum is produced about each of the discrete frequency terms in the spectrum of the
pulse train. The original signal waveform is recovered by a low-pass filter designed
to remove all but the original signal spectrum. As shown in Figure 3.2, the reconstruc-
tive low-pass filter must have a cutoff frequency that lies between BW and f, - BW.
Hence, separation is only possible if f, - BW is greater than BW (ie., if f, > 2BW),

PAM samples
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Figure 3.1 Pulse amplitude modulation.
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Figure 3.2 Spectrum of PAM signal.

3.1.2 Foldover Distortion

Tf the input waveform of a PAM system is undersampled (f, < 2BW), the original
waveform cannot be recovered without distortion. As indicated in Figure 3.3, this out-
put distortion arises because the frequency spectrum centered about the sampling fre-
quency overlaps the original spectrum and cannot be separated from the original
spectrum by filtering. Since it is a duplicate of the input spectrum “folded” back on
top of the desired spectrum that causes the distortion, this type of sampling impairment
is often referred to as “foldover distortion.”

In essence, foldover distortion produces frequency components in the desired fre-
quency band that did not exist in the original waveform. Thus another term for this im-
pairment is “aliasing.” Aliasing problems are not confined to speech digitization
processes. The potential for aliasing is present in any sample data system. Motion pic-
ture taking, for example, is another sampling system that can produce aliasing. A com-
mon example occurs when filming moving stagecoaches in old Westerns. Often the
sampling process is too slow to keep up with the stagecoach wheel movements, and

Distortion energy

-BW W “af, —2f, 0 £ 2f 3
Input
spectrum

Figure 3.3 Foldover spectrum produced by undersampling an input.
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Figure 3.4  Aliasing of 5.5-kHz signal into a 2.5-kHz signal.

spurious rotation rates are produced. If the wheel rotates 355° between frames, it looks
to the eye as if it has moved backward 5°.

Figure 3.4 demonstrates an aliasing process occurring in speech if a 5.5-kHz si gnal
is sampled at an 8-kHz rate. Notice that the sample values are identical to those ob-
tained from a 2.5-kHz input signal. Thus after the sampled signal passes through the
4-kHz output filter, a 2.5-kHz signal arises that did not come from the source. This
example illustrates that the input must be bandlimited, before sampling, to remove fre-
quency terms greater than 2 f;, even if these frequency terms are ignored (i.e., are in-
audible) at the destination. Thus, a complete PAM system, shown in Figure 3.5, must
include a bandlimiting filter before sampling to ensure that no spurious or source-re-
lated signals get folded back into the desired signal bandwidth. The input filter of a
voice codec may also be designed to cut off very low frequencies to remove 60-cycle
hum from power lines.

Figure 3.5 shows the signal being recovered by a sample-and-hold circuit that pro-
duces a staircase approximation to the sampled waveform. With use of the staircase
approximation, the power level of the signal coming out of the reconstructive filter is
nearly the same as the level of the sampled input signal. The response of the recon-
structive filter, in this case, must be modified somewhat to account for the spectrum
of the wider “staircase” samples. (The modification amounts to dividin g the “flat” fil-
ter spectrum by the spectrum of the finite width pulse. See Appendix C.)

The bandlimiting and reconstructive filters shown in Figure 3.5 are implied to have
ideal characteristics.” Since ideal filters are physically unrealizable, a practical imple-
mentation must consider the effects of nonideal implementations. Filters with realiz-
able attenuation slopes at the band edge can be used if the input signal is slightly
oversampled.

As indicated in Figure 3.2, when the sampling frequency f; is somewhat greater
than twice the bandwidth, the spectral bands are sufficiently separated from each other
"An ideal filter is one with a frequency-independent time delay (linear phase), no attenuation in the

passband (except as might be desired for pulse shaping), an arbitrarily steep cutoff, and infinite attenuation
everywhere in the stopband.
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Figure 3.5 End-to-end PAM system.

that filters with gradual roll-off characteristics can be used. As an example, sampled
voice systems typically use bandlimiting filters with a 3-dB cutoff around 3.4 kHz and
a sampling rate of 8 kHz. Thus the sampled signal is sufficiently attenuated at the over-
lap frequency of 4 kHz to adequately reduce the energy level of the foldover spectrum.
Figure 3.6 shows a filter template designed to meet ITU-T recommendations for out-
of-band signal rejection in PCM voice coders. Notice that 14 dB of attenuation is pro-
vided at 4 kHz.

10 T
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Frequency (HZ)

Figure 3.6 Bandlimiting filter template designed to meet ITU-T recommendations for PCM
voice coders.
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As mentioned in Chapter 1, the perceived quality of a voice signal is not greatly
dependent upon the phase response of the channel (the relative delay of individual fre-
quency components). For this reason the phase responses of the bandlimiting filters
in the encoders and the smoothing filters in the decoders are not critical. Nonlinear
phase responses in these filters, however, do impact high-rate voiceband data signals
when digitized. Hence a somewhat paradoxical situation arises when voiceband data
are transmitted over a T-carrier line: the process of converting the voiceband data sig-
nal (28,800 bps typical maximum) to a virtually error free 64-kbps digital signal
causes distortion in the lower rate data signal. However, because of regeneration the
transmission process itself does not add to the signal degradation.

By interleaving the samples from multiple sources, PAM systems can be used to
share a transmission facility in a time division multiplex manner. As previously men-
tioned, PAM systems are not generally useful over long distances owing to the vul-
nerability of the individual pulses to noise, distortion, intersymbol interference, and
crosstalk.” Instead, for long-distance transmission the PAM samples are converted
into a digital format, thereby allowing the use of regenerative repeaters to remove
transmission imperfections before errors result.

3.2 PULSE CODE MODULATION

The preceding section describes pulse amplitude modulation, which uses discrete
sample times with analog sample amplitudes to extract the information in a continu-
ously varying analog signal. Pulse code modulation (PCM) is an extension of PAM
wherein each analog sample value is quantized into a discrete value for representation
as a digital codeword. Thus, as shown in Figure 3.7, a PAM system can be converted
into a PCM system by adding an analog-to-digital (A/D) converter at the source and
a digital-to-analog (D/A) converter at the destination. Figure 3.8 depicts a typical
quantization process in which a set of quantization intervals is associated in a one-to-
one fashion with a binary codeword. All sample values falling in a particular quanti-
zation interval are represented by a single discrete value located at the center of the
quantization interval. In this manner the quantization process introduces a certain
amount of error or distortion into the signal samples. This error, known as quantiza-

PAM samples \
\
Digitally
Analog encoded Analog
— AD ——————— —= D/A ——
input samples output
: Analog
Sample to

clock digital
Figure 3.7 Pulse code modulation.

"As discussed in Chapter 11 the emergence of sophisticated DSP equalization algorithms in V.90 modems
enables PAM transmission on analog subscriber loops.
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Figure 3.8 Quantization of analog samples.

tion noise, is minimized by establishing a large number of small quantization intervals.
Of course, as the number of quantization intervals increases, so must the number of
bits increase to uniquely identify the quantization intervals.

3.2.1 Quantization Noise

A fundamental aspect of the design and development of an engineering project is the
need for analytical measures of systems performance. Only then can a system be ob-
jectively measured and its cost effectiveness compared to alternate designs. One of the
measures needed by a voice communication engineer is the quality of speech delivered
to the listener. Measurements of speech quality are complicated by subjective attrib-
utes of speech as perceived by a typical listener. One subjective aspect of noise or dis-
tortion on a speech signal involves the frequency content, or spectrum, of the
disturbance in conjunction with the power level. These effects of noise as a function
of frequency are discussed in Chapter 1 with the introduction of C-message and
psophometric weighting,

Successive quantization errors of a PCM encoder are generally assumed to be dis-
tributed randomly and uncorrelated to each other. Thus the commutative effect of
quantization errors in a PCM system can be treated as additive noise with a subjective
effect that is similar to bandlimited white noise. Figure 3.9 shows the quantization
noise as a function of signal amplitude for a coder with uniform quantization intervals.
Notice that if the signal has enough time to change in amplitude by several quantiza-
tion intervals, the quantization errors are independent. If the signal is oversampled
(i.e., sampled much higher than the Nyquist rate), successive samples are likely to fall
in the same interval, causing a loss of independence in the quantization errors.

The quantization error or distortion created by digitizing an analog signal is cus-
tomarily expressed as an average noise power relative to the average signal power.
Thus the signal-to-quantizing-noise ratio (SQR, also called a signal-to-distortion ratio
or a signal-to-noise ratio) can be determined as
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Figure 3.9 Quantization error as a function of amplitude over a range of quantization
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O - 0

= (3.1)
E{[y®) - x(01*)

where E{-} = expectation or averaging
x(2) = analog input signal
¥(#) = decoded output signal

In determining the expected value of the quantization noise, three observations are
necessary;

1. The error y(t) — x(#) is limited in amplitude to g/2, where g is the height of the
quantization interval. (Decoded output samples are ideally positioned at the
middle of a quantization interval.)

2. A sample value is equally likely to fall anywhere within a quantization interval,
implying a uniform probability density of amplitude 1/4.

3. Signal amplitudes are assumed to be confined to the maximum range of the
coder. If a sample value exceeds the range of the highest quantization interval,
overload distortion (also called peak limiting) occurs.

If we assume (for convenience) a resistance level of 1 Q, the average quantization
noise power is determined in Appendix A as

Quantization noise power= 1—]2~ (3.2)
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If all quantization intervals have equal lengths (uniform quantization), the quanti-
zation noise is independent of the sample values and the SQR is determined as’

2
SQR (db) = 101og,, (?V/EJ

=108 +20 log;, (ﬂ (33)

where v is the rms amplitude of the input. In particular, for a sine wave input the SQR
produced by uniform quantization is

272
SQR (dB) = 10 1og,, [ﬁ)

=7.78 +20 log,, (%J (3.4)

where A is the peak amplitude of the sine wave.

Example 3.1. A sine wave with a 1-V maximum amplitude is to be digitized with
a minimum SQR of 30 dB. How many uniformly spaced quantization intervals are
needed, and how many bits are needed to encode each sample?

Solution. Using Equation 3.4, the maximum size of a quantization interval is
determined as

q= (] ) 10—(30—7.78)/20

=0.078V

Thus 13 quantization intervals are needed for each polarity for a total of 26 intervals
in all. The number of bits required to encode each sample is determined as

N =10g,(26) = 4.7 = 5 bits per sample

When measuring quantization noise power, the spectral content is often weighted
in the same manner as noise in an analog circuit. Unfortunately, spectrally weighted
noise measurements do not always reflect the true perceptual quality of a voice en-

“The SQRs commonly compare unfiltered decoder outputs to unfiliered quantization errors. In actual
practice, the decoder output filter reduces the power level of both the signal and the noise. The noise power
expetiences a greater reduction than the signal power, since the uncorrelated noise samples have a wider
spectrum than the correlated voice samples. Thus filtered signal-to-noise ratios are usually higher than the
values caleulated here by 1-2 dB.
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coder/decoder. If the spectral distribution of the quantization noise more or less fol-
lows the spectral content of the speech waveform, the noise is masked by the speech
and is much less noticeable than noise uncorrelated to the speech [10]. On the other
hand, if the quantization process produces energy at voiceband frequencies other than
those contained in particular sounds, they are more noticeable.

High-quality PCM encoders produce quantization noise that is evenly distributed
across voice frequencies and independent of the encoded waveforms. Thus quantiza-
tion noise ratios defined in Equation 3.4 are good measures of PCM performance. In
some of the encoders discussed later (vocoders in particular), quantization noise
power is not very useful. References [9], [11], and [12] describe other measures of en-
coder speech quality providing better correlations to quality as perceived by a listener.

3.2.2 |dle Channel Noise

Examination of Equations 3.3 and 3.4 reveals that the SQR is small for small sample
values. In fact, as shown in Figure 3.10, the noise may actually be greater than the sig-
nal when sample values are in the first quantization interval. This effect is particularly
bothersome during speech pauses and is known as idle channel noise. Figure 3.11 de-
picts one method of minimizing idle channel noise in PCM systems by establishing a
quantization interval that straddles the origin. In this case all sample values in the cen-
tral quantization interval are decoded as a constant zero output. PCM systems of this
type use an odd number of quantization intervals since the encoding ranges of positive
and negative signals are usually equal.

The quantization characteristics required to produce the output waveforms shown
in Figures 3.10 and 3.11 are shown in Figures 3.12 and 3.13, respectively. The first
characteristic (midriser) cannot produce a zero output level. The second characteristic
(midtread) decodes very low signals into constant, zero-level outputs. However, if the
signal amplitude is comparable to the size of the quantization interval or if a dc bias
exists in the encoder, midtread quantization will produce about as much idle channel
noise as midriser quantization.

As mentioned in Chapter 1, noise occurring during speech pauses is more objec-
tionable than noise with equivalent power levels during speech. Thus idle channel

22 Unfiltered output
1.0 Decoder output levels /
me 1
—1.0 .Sample times
-2.0

Figure 3.10 Idle channel noise produced by midriser quantization.



3.2 PULSE CODE MODULATION 103

Input Decoder output
5 /R \
h| e
_‘-———-'-.—- \‘——-l!

5

1.5
Figure 3.11 Elimination of idle channel noise by midtread quantization.

noise is specified in absolute terms separate from quantization noise, which is speci-
fied relative to the signal level. For example, Bell system D3 channel bank specifica-
tions list the maximum idle channel noise as 23 dBrnCO [13].

3.2.3 Uniformly Encoded PCM

An encoder using equal-length quantization intervals for all samples produces code-
words linearly related to the analog sample values. That is, the numerical equivalent
of each codeword is proportional to the quantized sample value it represents. In this
manner a uniform PCM system uses a conventional analog-to-digital converter to gen-
erate the binary sample codes. The number of bits required for each sample is deter-
mined by the maximum acceptable noise power. Minimum digitized voice quality
requires a signal-to-noise ratio in excess of 26 dB [14]. For a uniform PCM system to
achieve a SQR of 26 dB, Equation 3.4 indicates that gy = 0.123A. For equal positive
and negative signal excursions (encoding from —A to A), this result indicates that just
over 16 quantization intervals, or 4 bits per sample, are required.”

]

Figure 3.12 Midriser quantizer characteristic.

“This SQR objective is for minimum acceptable performance and assumes all degradations occur in a sin gle
encoder, If additional signal impairments occur (such as multiple A/D conversions), the encoder must use
more bits to provide noise margin for other elements in the network.
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—

Figure 3.13 Midtread quantizer characteristic.

In addition to providing adequate quality for small signals, a telephone system must
be capable of transmitting a large range of signal amplitudes, referred to as dynamic
range. Dynamic range (DR) is usually expressed in decibels as the ratio of the maxi-
mum amplitude signal to the minimum amplitude signal:

P
DR = 10 log,,, (Pm“]

mr

V.
=20log,, (V:ﬂ 3.5)
A typical minimum dynamic range is 30 dB [14]. Thus signal values as large as 31
times A must be encoded without exceeding the range of quantization intervals. As-
suming equally spaced quantization intervals for uniform coding, the total number of
intervals is determined as 496, which requires 9-bit codewords.*

The performance of an n-bit uniform PCM system is determined by observing that

2Amax
9= (3.6)
where Ay, is the maximum (nonoverloaded) amplitude.
Substituting Equation 3.6 into Equation 3.4 produces the PCM performance equa-
.tion for uniform coding:

SQR = 1.76+ 6.02n + 20 log,, (AAJ 3.7)
max

"This result is derived with the assumnption of minimum performance requirements. Higher performance
objectives (less quantization noise and greater dynamic range) require as many as 13 bits per sample for
uniform PCM systems. This coding performance was established when it was likely that multiple
conversions would occur in an end-to-end connection. Now that the possibility of multiple A/D and /A
conversions has been eliminated, end-to-end voice quality is much better than it was in the analog network.
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The first two terms of Equation 3.7 provide the SQR when encoding a full-range sine
wave. The last term indicates a loss in SQR when encoding a lower level signal. These
relationships are presented in Figure 3.14, which shows the SQR of a uniform PCM
system as a function of the number of bits per sample and the magnitude of an input
sine wave.

Example 3.2, What is the minimum bit rate that a uniform PCM encoder must
provide to encode a high-fidelity audio signal with a dynamic range of 40 dB? Assume
the fidelity requirements dictate passage of a 20-kHz bandwidth with a minimum
signal-to-noise ratio of 50 dB. For simplicity, assume sinusoidal input signals.

Solution. To prevent foldover distortion, the sampling rate must be at least 40 kHz.
Assuming an excess sampling factor comparable to that used in D-type channel banks
(4000/3400), we choose a sampling rate of 48 kHz as a compromise for a practical
bandlimiting filter. By observing that a full-amplitude signal is encoded with an SQR
of 40 + 50 =90 dB, we can use Equation 3.7 to determine the number of bits n required
to encode each sample:

_90-176
YY)

=15 bits
Thus the required bit rate is

(15 bits/sample)(48,000 samples/sec) = 720 kbps

Number of
bits/sample

Signal-to-quantizing noise ratio (dB}

I I | L
- 40 -30 —20 -10 0
AlAy,, dB)

Figure 3.14 SQR of uniform PCM coding.
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3.2.4 Companding

In a uniform PCM system the size of every quantization interval is determined by the
SQR requirement of the lowest signal level to be encoded. Larger signals are also en-
coded with the same quantization interval. As indicated in Equation 3.7 and Figure
3.14, the SQR increases with the signal amplitude A. For example, a 26-dB SQR for
small signals and a 30-dB dynamic range produces a 56-dB SQR for a maximum-
amplitude signal. In this manner a uniform PCM system provides unneeded quality
for large signals. Moreover, the large signals are the least likely to occur. For these rea-
sons the code space in a uniform PCM system is very inefficiently utilized.

A more efficient coding procedure is achieved if the quantization intervals are not
uniform but allowed to increase with the sample value. When quantization intervals
are directly proportional to the sample value, the SQR is constant for all signal levels.
With this technique fewer bits per sample provide a specified SQR for small signals
and an adequate dynamic range for large signals. When the quantization intervals are
not uniform, a nonlinear relationship exists between the codewords and the samples
they represent.

Historically, the nonlinear function was first implemented on analog signals using
nonlinear devices such as specially designed diodes [15). The basic process is shown
in Figure 3.15, where the analog input sample is first compressed and then quantized
with uniform quantization intervals. The effect of the compression operation is shown
in Figure 3.16. Notice that successively larger input signal intervals are compressed
into constant-length quantization intervals. Thus the larger the sample value, the more
it is compressed before encoding. As shown in Figure 3.15, a nonuniform PCM de-
coder expands the compressed value using an inverse compression characteristic to re-
cover the original sample value. The process of first compressing and then expanding
a signal is referred to as companding. When digitizing, companding amounts to as-
signing small quantization intervals to small samples and large quantization intervals
to large samples.

Various compression—expansion characteristics can be chosen to implement a
compandor. By increasing the amount of compression, we increase the dynamic range
at the expense of the signal-to-noise ratio for large-amplitude signals. One family of
compression characteristics used in North America and Japan is the p-law charac-
teristic, defined as

Y

Input Compressed Qutput
—_— > A/D ————-2 D/A p—
signal digital signal

codewords
Compression Linear Linear Expansion
PCM PCM
encoder decoder

Figure 3.15 Companded PCM with analog compression and expansion.
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Figure 3.16 Typical compression characteristic.

In(1 + plxl)
F x)=s (3.8)
() = sgn(x) In(l + )
where x = input signal amplitude (-1 <x=1)
sgn(x) = polarity of x
p = parameter used to define amount of compression

Because of the mathematical nature of the compression curve, companded PCM is
sometimes referred to as log-PCM. A logarithm compression curve is ideal in the
sense that quantization intervals and, hence, quantization noise are proportional to the
sample amplitude. The inverse or expansion characteristic for a pi-law compandor is
defined as

F'0) = sgn(y) (ﬁ] [(1+w™-1] (3.9)

where y= the compressed value, =F,(x) (-1$y=<1)
sgn(y) = polarity of y
Il =" companding parameter

The first T-carrier systems in the United States used D1 channel banks [16], which
approximated Equation 3.8 for p = 100. The compression and expansion functions
were implemented with the specially biased diodes mentioned previously. Figure 3.17
depicts a block diagram of a D1 channel bank. Notice that the time division multiplex-
ing and demultiplexing functions are implemented on analog PAM samples. Thus the
companding and encoding/decoding functions were shared by all 24 voice channels,
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Figure 3.17 Functional block diagram of D1 channel bank.

The ability to share this relatively expensive equipment was one of the reasons that
PCM was originally chosen as the means of digitally encoding speech. Subsequent de-
velopment of integrated circuit PCM codecs diminished the need to share this equip-
ment, Thus later generation systems could use per-channel codecs and provide more
flexibility in implementing various system sizes. When most of the cost of a channel
bank is in the common equipment, as in the original channel banks, less than fully pro-
visioned systems are overly expensive,

Each sample produced by a D1 channel bank was encoded into 7 bits: 1 polarity
bit and 6 compressed magnitude bits. In addition, 1 signaling bit was added to each
channel to produce an 8-bit codeword for each time slot. Since the sampling rate was
8 kHz, a 64-kbps channel resulted. Even though the D1 channel banks have been su-
perceded by newer channel banks utilizing a different coding format, the 64-kbps
channel rate has persisted as a standard.

3.25 Easily Digitally Linearizable Coding

The success of the first T1 systems for interoffice exchange area transmission paved
the way for further use of digital time division multiplex systems. As it became appar-
ent that digital transmission was useful within the toll network, it also became clear
that the form of PCM encoding used in the D1 channel banks was inadequate. In con-
trast to the exchange area, an end-to-end connection through the toll network could
have conceivably involved as many as nine tandem connections. Since digital switch-
ing was not in existence at the time that T-carrier systems for the toll network were
being developed, each of these tandem connections implied an extra D/A and A/D
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conversion. Thus the quality of each conversion had to be improved to maintain the
desired end-to-end quality. The D2 channel bank [17] was therefore developed with
improved digitized voice quality.

When the D2 channel bank was being developed, digital switching was recognized
as a coming technology, implying that channel banks would be paired on a dynamic
basis, as opposed to the one-to-one basis in T-carrier systems. Thus a greater degree
of uniformity in companding characteristics would be required to allow pairing of
channel banks on a nationwide basis, The main features incorporated into the D2 chan-
nel bank (and ensuing channel banks such as D3, D4, and D5) to achieve the improved
quality and standardization are:

1. Eight bits per PCM codeword

2. Incorporation of the companding functions directly into the encoder and
decoder

3. A new companding characteristic (L255)

The D1 channel banks use 1 bit per time slot for signaling and 7 bits for voice. Thus
a signaling rate of 8 kbps was established, which was more than necessary for basic
voice service. To provide a higher data rate for voice, signaling between D2 and all
subsequent channel banks is inserted into the least significant bit position of 8-bit
code-words in every sixth frame, Thus every sixthp255 PCM codeword contains only
7 bits of voice information, implying that the effective number of bits per sample is
actually 7% bits instead of 8. The use of 1 bit in every sixth frame for signaling is often
referred to as “robbed bit signaling.” When common-channel signaling is utilized, the
associated T-carrier systems no longer need to carry signaling information on a per-
channel basis and a full 8 bits of voice can be transmitted in every time slot of every
frame.

The compression and expansion characteristics of the D1 channel banks were im-
plemented separately from the encoders and decoders. The D2 channel bank incorpo-
rates the companding operations into the encoders and decoders themselves. In these
channel banks a resistor array is used to establish a sequence of nonuniformly spaced
decision thresholds. A sample value is encoded by successively comparing the input
value to the sequence of decision thresholds until the appropriate quantization interval
is located. The digital output becomes whatever code is used to represent the particular
quantization interval. (See Appendix B for a detailed description of the direct encod-
ing procedure used in the D2 channel banks.) By incorporating the companding func-
tions directly into the encoders and decoders, D2 channel banks avoid certain
problems associated with parameter variability and temperature sensitivity of com-
panding diodes in D1 channel banks.

The D2 channel banks also introduced improved performance in terms of the effect
of channel errors on the decoded outputs. Of paramount concern in a PCM system is
the effect of a channel error in the most significant bit position of a codeword. Bit er-
rors in other positions of a codeword are much less noticeable to a listener. A channel
error in the most significant bit of a codeword produced by a D1 channel bank causes
an output error that is always equal to one-half of the entire coding range of the coder.
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The D2 channel bank, on the other hand, uses a sign-magnitude coding format. With
this format, a channel error in the polarity bit causes an output error that is equal to
twice the sample magnitude (i.e., the polarity is inverted). In the worst case this error
may correspond fo the entire encoding range. Maximum-amplitude samples are rela-
tively rare, however, so most channel errors in a D2 coding format produce outputs
with error magnitudes less than one-half the coding range. Thus, on average, the sign-
magnitude coding format of the D2 and ensuing channel banks provide superior per-
formance in the presence of channel errors [17].

In addition to a need for improved voice quality, it also became apparent that as
more of the network began using digital techniques, it would be necessary, or at least
desirable, to implement many signal processing functions directly on digital signals
and not convert them to an analog format for processing. Most signal processing func-
tions (such as attenuating a signal or adding signals together) involve linear opera-
tions. Thus before processing a log-PCM voice signal, it is necessary to convert the
compressed transmission format into a linear (uniform) format.

To simplify the conversion process, the particular companding characteristic with
H =255 was chosen. This companding characteristic has the property of being closely
approximated by a set of eight straight-line segments also referred to as chords. Fur-
thermore, the slope of each successive segment is exactly one-half the slope of the pre-
vious segment, The first four segments of a n255 approximation are shown in Figure
3.18. The overall result is that the larger quantization intervals have lengths that are
binary multiples of all smaller quantization intervals. Because of this property, a com-
pressed codeword is easily expanded into a uniform representation. Similarly, the uni-
form representation is easily converted into a compressed representation.” In fact,
commercially available PCM codecs digitally compress uniform codewords instead of
using direct compressed encoding, as in the D2 channel banks. These techniques use
a uniform encoder with a relatively large number of bits to cover the entire dynamic
range of the signal. As described in Appendix B, the least significant bits of large sam-
ple values are discarded when compressing the code. The number of insignificant bits
deleted is encoded into a special field included in the compressed-code format. In this
manner digital companding is analogous to expressing a number in scientific notation.

As shown in Figure 3.18, each major segment of the piecewise linear approxima-
tion is divided into equally sized quantization intervals. For 8-bit codewords the num-
ber of quantization intervals per segment is 16. Thus an 8-bit u255 codeword is
composed of 1 polarity bit, 3 bits to identify a major segment, and 4 bits for identifying
a quantizing interval within a segment. Table 3.1 lists the major segment endpoints,
the quantization intervals, and the corresponding segment and quantization interval
codes.

The quantization intervals and decoded sample values in Table 3.1 have been ex-
pressed in terms of a maximum-amplitude signal of 8159 so that all segment endpoints
and decoder outputs are integers. Notice that the quantizing step is doubled in each of
"The inexorable advance of semiconductor technology has obviated much of the ingenuity that went into

selecting EDL coding formats. Brute-force table look-up conversion between codes using read-only
memories (ROMs) is now the most cost-effective approach,
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Figure 3.18 First four segments of straight-line approximation to |1255 compression curve.

eight successive linear segments. Tt is this property that facilitates the conversion to
and from a uniform format. A complete encoding table is provided in Appendix B
along with a detailed description of the conversion process to and from uniform codes.

The straight-line approximation of the pu255 companding curve is sometimes re-
ferred to as a 15-segment approximation. The 15 segments arise because, although
there are 8 positive segments and 8 negative segments, the 2 segments nearest the ori-
gin are colinear and therefore can be considered as 1. When viewed in this manner,
the middle segment contains 31 quantization intervals with 1 segment straddling the
origin (from —1 to +1 in Table 3.1). Codewords for this middle quantization interval
arise as a positive value less than +1 or a negative value greater than —1. There are, in
effect, a positive zero and a negative zero. As represented in Table 3.1, these values
are encoded as 00000000 and 10000000, respectively. However, p255 PCM codecs
invert all codewords for transmission. The smaller amplitude signals, with mostly 0
bits in the segment code, are most probable and would therefore cause less than 50%
pulses on the transmission line. The density of pulses is increased by inversion of the
transmitted data, which improves the timing and clock recovery performance of the
receiving circuitry in the regenerative repeaters. Thus the actual transmitted code-
words corresponding to a positive zero and a negative zero are respectively 11111111
and 01111111, indicating strong timing content for the line signal of an idle channel.

In the interest of ensuring clock synchronization in the T1 repeaters, u255 PCM
codecs alter the transmitted data in one other way. As indicated in Table 3.1, a maximum-
amplitude negative signal is all 1's, which would normally be converted to all 0’s for
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TABLE 3.1 Encoding/Decoding Table for u255 PCM#

In
Ar?1l;j)tlitude Segment Quantization Decoder
Range Step Size Code 8 Code Q Code Value Amplitude
0-1 1 0000 0 0
1-3 0001 1 2
3-5 2 000 0010 2 4
29-31 1111 15 30
31-35 0000 16 33
i 4 001 : 3 :
91-95 1111 31 93
95-103 0000 32 99
: 8 010 E : :
215-223 111 47 219
223-239 0000 48 231
P 16 o : i :
463479 1111 63 471
479-511 0000 64 495
i 32 100 i i i
959-991 111 79 975
991-1055 000 80 1023
i 64 101 : : i
1951-2015 1111 95 1983
2015-2143 0000 96 2079
: 128 110 i : i
39354063 1111 111 3099
4063—-4319 0000 12 4191
i 256 111 ; i :
7903-8159 1111 127 8031

#This table displays magnitude encoding anly. Polarity bits are assigned a “0” for positive and a *1" for negative.
In transmission all bits are inverted.

transmission. Instead, for the all-0 codeword only, the second least significant bit is
set to 1 so that 00000010 is transmitted. In effect, an encoding error is produced to pre-
clude an all-0 codeword. Fortunately, maximum-amplitude samples are extremely un-
likely so that no significant degradation occurs. (If the least significant bit were forced
to a 1, a smaller decoding error would result. However, in every sixth frame this bit is
“stolen” for signaling purposes and therefore is occasionally set to 0 independently of
the codeword. To ensure that “all-zero” codewords are never transmitted, the second
least significant bit is forced to a 1 when necessary.)

Example 3.3. Determine the sequence of codewords for a u255 PCM encoded
channel bank format representing a half-maximum-power 1-kHz digital signal.
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Solution.  Since the sampling rate of the standard u255 PCM channel bank is 8 kHz,
a sequence of eight samples can be repeated in cyclic fashion to generate the 1-kHz
waveform. For convenience, the phases of the samples are chosen to begin at 22.5°,
Thus the eight samples correspond to 22.5°, 67.5°, 112.5°, 157.5°, 202.5°, 247.5°,
292.5°, and 337.5°. With these phases, only two different magnitudes corresponding
to 22.5° and 67.5° are required. The maximum amplitude of a half-maximum-power
sine wave is 0.707 x 8159 = 5768. Thus the two amplitudes contained in the sample
sequences are

(5768)5in(22.5°) = 2207 (5768)sin(67.5%) = 5329

Using the encoding table in Appendix B, we determine the codes for these sample
magnitudes to be 1100001 and 1110100, respectively. The sequence of eight samples
can now be established as follows:

Sample Phase

(deq) Polarity Segment Quantization

225 0 1 1 0 0 0 0 1

67.5 0 1 1 1 0 1 0 0
112.5 0 1 1 1 0 1 0 0
157.5 0 1 1 0 0 0 0 1
202.5 1 1 1 0 0 ] 0 1
2475 1 1 1 1 0 1 0 0
292.5 1 1 1 1 0 1 0 0
337.5 1 1 1 0 0 0 0 1

Note: This sequence defines a 1-kHz test signal at a power level of 1 mW at the transmission level
point (0 dBmO). However, the actual transmitted data pattern is the complement of that provided above.
Because only two amplitude samples are required to produce the test tone, this tone does not test all
encoding/decoding circuitry. In general, a 1004-Hz tone is a better test tone since it is not harmonically
related to an 8000-Hz sampling rate and will therefore exercise all encoder and decoder levels.

Performance of a p255 PCM Encoder

As mentioned, the main motivation for changing the encoding algorithm of the D1
channel bank was to provide better speech quality for digital toll network transmission
links. The SQR for a maximum-amplitude sine wave in the first segment of a u253
codec is determined easily from Equation 3.4 as

SQR(A =31) =7.78 + 20 log,, (3—21]

=31.6 dB

The SQRs for larger amplitude sinusoids are not as easy to calculate since the
lengths of the quantization intervals vary with the sample size. Thus a general calcu-
lation of the quantizing noise power involves finding the expected value of the power
of the quantization errors:
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7
. 1 2
noise power = 5 Z A (3.10)
=0

where p; = probability of a sample in ith segment
g; = quantization size for segment i, = 21 for segmented 255 coding

Using Equation 3.10, we determine the SQR power for a full-range sinusoid as

SQR(A =8159)=39.3 dB

For comparison, if all quantization intervals had the maximum length of 256 as in
the upper segment, Equation 3.4 provides an SQR of 37.8 dB. The difference of only
1.5 dB reflects the fact that a full-scale sine wave spends 67% of the time in the upper
segment where the quantization intervals are maximum (i.e., p; = 0.67). A voice sig-
nal, on the other hand, has a higher peak-to-average ratio than a sine wave. The aver-
age quantization error is smaller, but so is the average signal power. Hence the SQR
is approximately the same.

The dynamic range of a segmented PCM encoder is determined as the signal power
difference between a low-level signal occupying the entire range of the first segment
and a high-level signal extending to the limits of the code. Thus the dynamic range of
a segmented 255 coder is determined as

DR(A =31 to A =8159) = 20 log,,(8159/31) = 48.4 dB

In summary, an 8-bit u255 PCM codec provides a theoretical SQR greater than 30 dB
across a dynamic range of 48 dB. For comparison, Equation 3.4 or Figure 3.14 reveals
that a uniform PCM encoder/decoder requires 13 bits for equivalent performance.
(The extra quality of uniform encoding at high signal levels is unneeded.)

The theoretical performance of an 8-bit segmented 255 coder is shown in Figure
3.19 as a function of the amplitude of a sine wave input. Also shown is the theoretical
performance of an unsegmented 11255 coder and a 7-bit 11100 coder used in the D1
channel bank. Notice that the 8-bit coders provide about 5 dB improvement over the
7-bit coder for high-level signals and even more improvement for low-level signals.
The performance shown for the 8-bit coders does not include the effect of using only
7 bits for voice coding in every sixth frame. When this effect is included, the 8-bit
coders lose 1,76 dB in performance.

The scalloped effect of the segmented coder occurs because the quantization inter-
vals change abruptly at the segment endpoints instead of continuously as in analog
companding. Also as shown in Figure 3.19, note the required performance of a D3
channel bank and codecs designed to meet this specification [13]. This specification
assumes all noise measurements are made using C-message weighting. C-message
weighting reduces the effective noise level by 2 dB and therefore improves the SQR.
Thus an ideal 8-bit n255 coder actually exceeds the specification by more than that
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Figure 3.19 SQR of p-law coding with sine wave inputs.

shown in Figure 3.19. When the least significant bit of every sixth frame is used for
signaling, however, the SQR is reduced by a comparable 1.76 dB.

A-Law Companding

The companding characteristic recommended by ITU-T for Europe and most of the
rest of the world is referred to as an A-law characteristic. This characteristic has the
same basic features and implementation advantages as does the u-law characteristic.
In particular, the A-law characteristic can also be well approximated by straight-line
segments to facilitate direct or digital companding and can be easily converted to and
from a uniform format. The normalized A-law compression characteristic is defined as

Alxl 1
sgn(x) [1 n ln(A)} 0= 1

Fyx)= (3.11)
sgn(x) [ﬂbﬂ} % shi=

—

1 +In(A)

The inverse or expansion characteristic is defined as
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i+ 1

sgn0) =4 = )
Flly) = (3.12)
i1+n(a)}-1 1
< <
sgn(y) A 1+1n(A)_|y|_1

where y = F4(X) and A = 87.6.

Notice that the first portion of the A-law characteristic is linear by definition. The
remaining portion of the characteristic (1/4 < Ixl £ 1) can be closely approximated by
linear segments in a fashion similar to the p-law approximation. In all, there are eight
positive and eight negative segments, The first two segments of each polarity (four in
all) are colinear and therefore are sometimes considered as one straight-line segment.
Thus the segmented approximation of the A-law characteristic is sometimes referred
to as a “13-segment approximation.” For ease in describing the coding algorithms of
the segmented companding characteristic, however, a 16-segment representation is
used, just as in the case of the segmented p-law characteristic.

The segment endpoints, quantization intervals, and corresponding codes for an 8-
bit segmented A-law characteristic are shown in Table 3.2. The values are scaled tb a
maximum value of 4096 for integral representations. Figure 3.20 displays the theoreti-
cal performance of the A-law approximation and compares it to the performance of a
H-law approximation presented in Figure 3.19. Notice that the A-law characteristic
provides a slightly larger dynamic range. However, the A-law characteristic is inferior
to the p-law characteristic in terms of small-signal quality (idle channel noise). The
difference in small-signal performance occurs because the minimum step size of the
A-law standard is 2/4096 whereas the minimum step size of the pu-1aw is 2/8159. Fur-
thermore, notice that the A-law approximation does not define a zero-level output for
the first quantization interval (i.e., uses a midriser quantizer). However, the difference
between midriser and midtread performance at 64 kbps is imperceptible [18].

3.26 Syllabic Companding

A significant attribute of the companding techniques described for PCM systems is
that they instantaneously encompass the entire dynamic range of the coder on a sample-
to-sample basis. Thus p-law and A-law companding is sometimes referred to as in-
stantaneous companding. However, because the power level of a speech signal
remains fairly constant for 100 or more 8-kHz samples, it is wasteful of code space to
be able to encode very low level signals adjacent to very high level signals. Tn other
words, it is unnecessary to allow for instantaneous changes in the dynamic range of a
signal. One technique of reducing the amount of transmission bandwidth allocated to
dynamic range is to reduce the dynamic range of the signal at the source before en-
coding and then restore the original dynamic range of the signal at the receiver while
decoding. When the adjustments to the dynamic range occur on a periodic basis that
more or less corresponds to the rate of syllable generation, the technique is referred to
as syllabic companding. Because the dynamic range adjustments occur only every 30
msec or so, there is very little bandwidth needed to communicate the adjustments.
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TABLE 3.2 'Segmented A-Law Encoding/Decoding Table?

Input
Ar?'lplitude Segment Quantization Decoder
Range Step Size Code 8 Code Q Code Value Amplitude
0-2 0000 0 1
2—4 000 0001 1 3
30-32 2 1111 15 3
32-34 0000 16 33
: 001 i : :
62-64 1111 31 63
6468 0000 32 66
: 4 010 : - :
124--128 1111 47 126
128-136 0000 48 132
: 8 011 : : :
248-256 1111 63 252
256272 0000 64 264
: 16 100 : ; H
496-512 1111 79 504
512-544 0000 80 528
i 32 101 : : :
992-1024 1111 95 1008
1024—1088 0000 96 1056
: 64 110 d : :
19842048 1111 111 2016
2048-2176 0000 112 2112
i 128 111 : : :
3968-4096 1111 127 4032

4n transmission, every other bit is inverted.

Syllabic companding was first developed for use on noisy analog circuits to im-
prove the idle channel noise. As shown in Figure 3.21, the power level of low-level
syllables is increased (compressing the dynamic range) for transmission but attenu-
ated upon reception (expanding the dynamic range). The process of attenuating the re-
ceived signal restores the low-power syllable to its original level but attenuates any
noise arising on the transmission link. Thus the receiver signal-to-noise ratio (SNR)
is improved for low-level signals. The amount of amplification applied at the source
is dependent on the short-term (syllabic) power level of the transmitted signal. Simi-
larly, the compensating attenuation applied at the receiving terminal is determined
from the short-term power level of the received signal.

Syllabic companding on digital systems provides the same basic improvement in
SQRs as it does on noisy analog transmission links. When the digital encoders and de-
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coders are considered as part of the transmission link, the process of amplifying low-
level signals before encoding and attenuating them after decoding effectively reduces
the quantization noise with no net change in signal level. In practice, syllabic com-
panding as implemented in digitized voice terminals does not amplify the signal at the
source and attenuate it at the destination, Instead, an equivalent process of controlling
the step sizes in the encoder and decoder is used. As far as the transmitted bit stream
is concerned, it makes no difference if the signal is amplified and encoded with fixed
quantization or if the signal is unmodified but encoded with smaller quantization in-
tervals. Thus syllabic compandors in digital voice terminals typically reduce the quan-
tization intervals when encoding and decoding low-power syllables but increase the
quantization intervals for high-power syllables.

Although syllabic companding can be used in conjunction with any type of voice
coding, the technique has been applied most often to differential systems described in
the following sections. In many of the applications, the adaptation time has been re-
duced to 5 or 10 msec, which is somewhat shorter than the duration of a typical sylla-
ble (approximately 30 msec). The technique is still generally referred to as syllabic
companding, however, to distinguish it from the instantaneous variety.

To adjust the step sizes in the decoder in synchronism with adjustments made in
the encoder, some means must be established to communicate the step size informa-
tion from the source to the destination. One method explicitly transmits the step size
information as auxiliary information. A generally more useful approach is to derive
the step size information from the transmitted bit stream. Thus, in the absence of chan-
nel errors, the decoder and the encoder operate on the same information. This proce-
dure is analogous to syllabic companded analog systems in which the receiver determines
its attenuation requirements from the short-term power level of the received signal. In a
digital system the bit stream is monitored for certain data patterns that indicate the power
level of the signal being encoded. Indications of high power level initiate an increase in
the step size, whereas indications of low levels cause a decrease.

Determining the step size information from the transmitted bit stream is generally
better than explicitly transmitting the step sizes for the following reasons. Because
there is no explicit transmission of step size, the transmission of sampled speech in-
formation is never interrupted, and the speech sample rate is equal to the transmission
rate. Also, the bit stream does not have to be framed to identify step size information
separately from the waveform coding. Furthermore, if the step size adjustments are
made on a more gradual basis, the individual increments are small enough that occa-
sional incorrect adjustments in the receiver caused by channel errors are not critical.
However, on transmission links with very high error rates (one error in a hundred bits
or s0), better decoded voice quality can be obtained if the step size is transmitted ex-
plicitly and redundantly encoded for error correction [19].

3.2.7 Adaptive Gain Encoding

In the syllabic companding example of Figure 3.21 the dynamic range of a signal is
reduced by a factor of 2 (in dBm). Thus, if an uncompanded signal has 36 dB of dy-
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namic range, the encoder sees only 18 dB. The 18-dB reduction implies three fewer
bits are needed for dynamic range encoding. In the limit, if the power level of all input
signals is adjusted to a single value, no bits of the encoder need to be allocated to dy-
namic range encoding, A process that adjusts all signals to a standard value is referred
to as automatic gain control (AGC). AGC is traditionally used on carrier transmission
systems to adjust all received signals to a standard value, thereby removing variations
in propagation attentuation. AGC cannot be applied to a source voice signal without
allowances for speech pauses when there is no signal present. Otherwise, idle channel
noise would be amplified to the average level of active voice. Notice that with AGC
there is no residual information in the power level of the encoded signal as there is in
syllabic companding. To ascertain the original power level, AGC must be augmented
with adaptive gain encoding (AGE), as indicated in Figure 3.22.

There are two basic modes of operation for gain encoding depending on how gain
factors are measured and to which speech segments the factors are applied. One mode
of operation, as implied in Figure 3.22, involves measuring the power level of one seg-
ment of speech and using that information to establish a gain factor for ensuing speech
segments. Obviously, this mode of operation relies on gradually changing power lev-
els. This mode of operation is sometimes referred to as “backward estimation.”

Another mode of operation involves measuring the power level of a speech seg-
ment and using the gain factor thus derived to adapt the encoder to the same segment,
This approach, referred to as “forward estimation,” has the obvious advantage that the
encoder and decoder use gain factors specifically related to the speech segments from
which they are derived. The disadvantage is that each speech segment must be delayed
while the gain factor is being determined. Although the availability of digital memory
has made the cost of implementing the delay insignificant, the impact of the delay on
echoes and singing in a partially analog network must be considered. (As long as the
subscriber loops are analog, the network is partially analog.)

Adaptive gain control with explicit transmission of gain factors is not without
shortcomings. First, when the periodic gain information is inserted into the transmit-
ted bit stream, some means of framing the bit stream into blocks is needed so gain in-
formation can be distinguished from waveform coding. Second, periodic insertion of
gain information disrupts information flow, causing higher transmitter clock rates that
might be inconveniently related to the waveform sample clock. Third, correct recep-
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Figure 3.22 Adaptive gain encoding.
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tion of gain factors is usually critical to voice quality, indicating a need to redundantly
encode gain information.

Reference [20] describes a modified form of PCM using forward estimation of gain
factors that is referred to as nearly instantaneously companded PCM. The need for
transmitting speech segments in blocks is not a disadvantage in the application men-
tioned (mobile telephone) because repetitive bursts with error checking are used as a
means of overcoming short-lived multipath fading. This system provides a bit rate re-
duction of 30% with respect to conventional PCM. Another example of the use of
AGE is the subscriber loop multiplexer (SLM) system developed by Bell Labs [21].
The SLM system became obsolete when low-cost PCM codecs became available and
the subscriber carrier systems could be integrated into digital end offices (with SLC
96 and later DLC systems). All of the encoding algorithms described in the following
sections use syllabic companding or AGE in some form to reduce the bit rate.

3.3 SPEECH REDUNDANCIES

Conventional PCM systems encode each sample of an input waveform independently
from all other samples, Thus a PCM system is inherently capable of encoding an at-
bitrarily random waveform whose maximum-frequency component does not exceed
one-half the sampling rate, Analyses of speech waveforms, however, indicate there is
considerable redundancy from one sample to the next. In fact, as reported in reference
[10], the correlation coefficient (a measure of predictability) between adjacent 8-kHz
samples is generally 0.85 or higher. Hence the redundancy in conventional PCM
codes suggests significant savings in transmission bandwidths are possible through
more efficient coding techniques. All of the digitization techniques described in the
rest of this chapter are tailored, in one degree or another, to the characteristics of
speech signals with the intent of reducing the bit rate.

In addition to the correlation existing between adjacent samples of a speech wave-
form, several other levels of redundancy can be exploited to reduce encoded bit rates.
Table 3.3 lists these redundancies. Not included are higher level redundancies related
to context-dependent interpretations of speech sounds (phonemes), words, and sen-

TABLE 3.3 Speech Redundancles

Time-domain redundancies

1, Nonuniform amplitude distributions

2. Sample-to-sample correlations

3. Cycle-to-cycle correlations (periodicity)

4. - Pitch-interval to pitch-interval correlations
5. Inactivity factors (speech pauses)

Frequency-domain redundancies
6. Nonuniform long-term spectral densities
7. Sound-specific short-term spectral densities
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tences. These topics are not covered because techniques that analyze speech wave-
forms to extract only information content eliminate subjective qualities essential to
general telephony.

3.3.1 Nonuniform Amplitude Distributions

As mentioned in the introduction to companding, lower amplitude sample values are
more common than higher amplitude sample values. Most low-level samples occur as
aresult of speech pauses in a conversation, Beyond this, however, the power levels of
active speech signals also tend to occur at the lower end of the encoding range. The
companding procedures described in the previous section provide slightly inferior
quality (i.e., lower signal-to-noise ratios) for small signals compared to large signals.
Thus the average quality of PCM speech could be improved by further shortening
lower level quantization intervals and increasing upper level quantization intervals.
The amount of improvement realized by such a technique is minimal and probably
would not justify the additional complexities. The most beneficial approach to proc-
essing signal amplitudes in order to reduce encoder bit rates involves some form of
adaptive gain control, as discussed earlier,

3.3.2 Sample-to-Sample Correlation

The high correlation factor of 0.85 mentioned in Section 3.3 indicates that any signifi-
cant attempt to reduce transmission rates must exploit the correlation between adja-
cent samples. In fact, at 8-kHz sampling rates, significant correlations also exist for
samples two to three samples apart. Naturally, samples become even more correlated
if the sampling rate is increased.

The simplest way to exploit sample-to-sample redundancies in speech is to encode
only the differences between adjacent samples, The difference measurements are then
accumulated in a decoder to recover the signal. In essence these systems encode the
slope or derivative of a signal at the source and recover the signal by integrating at the
destination. Digitization algorithms of this type are discussed at length in later sec-
tions,

3.3.3 Cycle-to-Cycle Correlations

Although a speech signal requires the entire 300-3400-Hz bandwidth provided by a
telephone channel, at any particular instant in time certain sounds may be composed
of only a few frequencies within the band. When only a few underlying frequencies
exist in a sound, the waveform exhibits strong correlations over numerous samples
corresponding to several cycles of an oscillation. The cyclic nature of a voiced sound
is evident in the time waveform shown in Figure 3.23. Encoders exploiting the cycle-
to-cycle redundancies in speech are markedly more complicated than those concerned
only with removing the redundancy in adjacent samples. In fact, these encoders more
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Figure 3.23 - Time waveform of voiced sound.

or less represent a transition from the relatively high rate, natural-sounding waveform
encoders to the relatively low rate, synthetic-sounding vocoders.

3.3.4 Pitch-Interval-to-Pitch-Interval Correlations

Human speech sounds are often categorized as being generated in one of two basic
ways. The first category of sounds encompasses “voiced” sounds that arise as a result
of vibrations in the vocal cords, Each vibration allows a puff of air to flow from the
lungs into the vocal tract. The interval between puffs of air exciting the vocal tract is
referred to as the pitch interval or, more simply, the rate of excitation is the piich. Gen-
erally speaking, voiced sounds arise in the generation of vowels and the laiter portions
of some consonants. An example of a time waveform for a voiced sound is shown in
Figure 3.23. '

The second category of sounds includes the fricatives, or “unvoiced” sounds. Frica-
tives occur as a result of continuous air flowing from the lungs and passing through a
vocal tract constricted at some point to generate air turbulence (friction). Unvoiced
sounds correspond to certain consonants such as f, j, s, and x. An example of a time
waveform of an unvoiced sound is shown in Figure 3.24. Notice that an unvoiced
sound has a much more random waveform than a voiced sound.

As indicated in Figure 3.23, not only does a voiced sound exhibit the cycle-to-cycle
redundancies mentioned in Section 3.3.3, but also the waveform displays a longer
term repetitive pattern corresponding to the duration of a pitch interval. Thus one of
the most efficient ways of encoding the voiced portions of speech is to encode one
p1tch interval waveform and use that encoding as a template for each successive pitch
1nterv5al in the same sound _Pitch intervals typlcally last from 5 to 20 msec for men and
from 2.5 to 10 msec for ‘women. Since a typical voiced sound Jasts for approximately
100 msec, there may be as many as 20-40 pitch intervals in a single sound. Although
pitch interval encoding can provide significant reductions in bit rates, the piich is
sometimes very difficult to detect. (Not all voiced sounds produce a readily identifi-

Figure 3.24 Time waveform of unvoiced sound.
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able pitch interval as in Figure 3.23.) If the pitch gets encoded erroneously, strange
sounds result.

Aninteresting aspect of pitch interval encoding is that it provides a means of speed-
ing up speech while maintaining intelligibility. By deleting some percentage of pitch
intervals from each sound (phoneme), the rate of sound generation is effectively in-
creased in a manner analogous to more rapid word formation. The pitch of the sounds
remains unchanged. In contrast, if the rate of reconstruction is merely increased, all
frequencies including the pitch increase proportionately. Moderate speedups produce
obvious distortion while greater speedups become unintelligible. Devices designed to
simulate faster word formation have demonstrated that we are capable of assimilating
spoken information much faster than we can generate it.

3.3.5 Inactivity Factors

Analyses of telephone conversations have indicated that a party is typically active
about 40% of a call duration, Most inactivity occurs as a result of one person listening
while the other is talking. Thus a conventional (circuit-switched) full-duplex connec-
tion is significantly underutilized. Time assignment speech interpolation (TAST) de-
scribed in Chapter 1 is a technique to improve channel utilization on expensive analog
links, Digital speech interpolation (DSI) is a term used to refer to a digital circuit coun-
terpart of TASI. DSl involves sensing speech activity, seizing a channel, digitally en-
coding and transmitting the utterances, and releasing the channel at the completion of
each speech segment.

Digital speech interpolation is obviously applicable to digital speech storage sys-
tems where the duration of a pause can be encoded more efficiently than the pause it-
self. In recorded messages, however, the pauses are normally short since a
“half-duplex” conversation is not taking place. DSI techniques have been used to ex-
pand the voice channel capacity of digital TDM links, The inputs are standard PCM
signals that are digitally processed to detect speech activity. The DSI operation is often
combined with speech compression algorithms to implement digital circuit multipli-
cation (DCM) equipment. When a 2 : 1 voice compression algorithm is combined with
a 2.5 : 1 DSI concentration factor, an overall 5 : 1 circuit expansion is achieved. De-
pending on the quality of speech desired, even greater concentration factors are pos-
sible. The use of such equipment in a network must be carefully managed to ensure
that voiceband data and digital data channels bypass the DCM operations.

3.3.6 Nonuniform Long-Term Spectral Densities

The time-domain redundancies described in the preceding sections exhibit charac-
teristics in the frequency domain that can be judiciously processed to reduce the en-
coded bit rate. Frequency-domain redundancies are not independent of the
redundancies in the time domain, Frequency-domain techniques merely offer an alter-
nate approach to analyzing and processing the redundancies.



3.3 SPEECH REDUNDANCIES 125

0 T | I T
@
h-)
% - =
;
g -2 .
K]
[1]
o
—30 | L | |
500 1000 2000 4000 8000
Frequency (Hz)

Figure 3.25 Long-term power spectral density of speech.

A totally random or unpredictable signal in the time domain produces a frequency
spectrum that is flat across the bandwidth of interest. Thus a signal that produces un-
comrelated time-domain samples makes maximum use of its bandwidth. On the other
hand, a nonuniform spectral density represents inefficient use of the bandwidth and is
indicative of redundancy in the waveform.

Figure 3.25 shows the long-term spectral density of speech signals averaged across
two populations: men and women [22]. Notice that the upper portions of the 3-kHz
bandwidth passed by the telephone network have significantly reduced power levels.
The lower power levels at higher frequencies are a direct consequence of the time-
domain sample-to-sample correlations discussed previously. Large-amplitude signals
cannot change rapidly because, on average, they are predominantly made up of lower
frequency components.

A frequency-domain approach to more efficient coding involves flattening the
spectrum before encoding the signal. The flattening process can be accomplished by
passing the signal through a high-pass filter to emphasize the higher frequencies be-
fore sampling. The original waveform is recovered by passing the decoded signal
through a filter with a complementary, low-pass characteristic. An important aspect
of this process is that a high-pass filter exhibits time-domain characteristics of a dif-
ferentiator and a low-pass filter has time-domain characteristics analogous to an inte-
grator. Thus the spectrum-flattening process essentially means the slope of the signal
is encoded at the source, and the signal is recovered by integrating at the destination—
the basic procedure described previously for sample-to-sample redundancy removal
in the time domain.

Tn studying Figure 3.25 it is natural to think that the remarkably low levels of signal
energy at the higher frequencies (2—3.4 kHz) means that more bandwidth is being al-
located to a voice signal than is really necessary. The error in such a conclusion, how-
ever, lies in the distinction between energy content and information content of the
voice frequency spectrum. As any beginning computer programmer $oon learns,” the

I am assuming that beginning programmers still encounter older languages or file systems with
seven-character name lirnitations.
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meaning of a program variable can often be retained even though it is shortened by
deleting all of the vowels. In speech the vowels require most of the energy and pri-
marily occupy the lower portion of the frequency band. The consonants, on the other
hand, contain most of the information but use much less power and generally higher
frequencies. Hence merely reproducing a high percentage of the original speech en-
ergy is an inadequate goal for a digital speech transmission or storage system.

3.3.7 Short-Term Spectral Densities

The speech spectrums shown in Figure 3.25 represent long-term averages of the spec-
tral densities. Over shorter periods of time the spectral densities vary considerably and
exhibit sound-specific structures with energy peaks (resonances) at some frequencies
and energy valleys at others. The frequencies at which the resonances occur are called
formant frequencies, or simply formants. Voiced speech sounds typically contain
three to four identifiable formants, These features of the short-term spectral density are
illustrated in the spectogram of Figure 3.26. A spectogram is a display of speech spec-
tral energy as a function of time and frequency. The horizontal axis represents time,
the vertical axis represents frequency, and the shadings represent energy levels. Thus
the darker portions in Figure 3.26 indicate relatively high energy levels (formants) at
particular instants in time.

Frequency-domain voice coders provide improved coding efficiencies by encoding
the most irnportant components of the spectrum on a dynamic basis. As the sounds
change, different portions (formants) of the frequency band are encoded. The period
between formant updates is typically 10—20 msec. Instead of using periodic spectrum
measurements, some higher quality vocoders continuously track gradual changes in
the spectral density at a higher rate. Frequency-domain vocoders often provide lower
bit rates than the time-domain coders but typically produce less natural sounding
speech.

3.4 DIFFERENTIAL PULSE CODE MODULATION

Differential pulse code modulation (DPCM) is designed specifically to take advantage
of the sample-to-sample redundancies in a typical speech waveform. Since the range
of sample differences is less than the range of individual samples, fewer bits are
needed to encode difference samples. The sampling rate is often the same as for a com-
parable PCM system. Thus the bandlimiting filter in the encoder and the smoothing
filter in the decoder are basically identical to those used in conventional PCM systemms,

A conceptual means of generating the difference samples for a DPCM coder is to
store the previous input sample directly in a sample-and-hold circuit and use an analog
subtracter to measure the change. The change in the signal is then quantized and en-
coded for transmission. The DPCM structure shown in Figure 3.27 is more compli-
cated, however, because the previous input value is reconstructed by a feedback loop
that integrates the encoded sample differences. In essence, the feedback signal is an
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Figure 3.27 Functional block diagram of differential PCM.

estimate of the input signal as obtained by integrating the encoded sample differences.
Thus the feedback signal is obtained in the same manner used to reconstruct the wave-
form in the decoder.

The advantage of the feedback implementation is that quantization errors do not ac-
cumulate indefinitely. If the feedback signal drifts from the input signal, as a result of
an accumulation of quantization errors, the next encoding of the difference si gnal
automatically compensates for the drift. In a system without feedback the output pro-
duced by a decoder at the other end of the connection might accumulate quantization
errors without bound.

As in PCM systems, the analog-to-digital conversion process can be uniform or
companded. Some DPCM systems also use adaptive techniques (syllabic compand-
ing) to adjust the quantization step size in accordance with the average power level of
the signal. (See reference [9] for an overview of various techniques.)

Example 3.4.  Speech digitization techniques are sometimes measured for quality
by use of an 800-Hz sine wave as a representative test signal, Assuming a uniform
PCM system is available to encode the sine wave across a given dynamic range,
determine how many bits per sample can be saved by using a uniform DPCM system.

Solution. A basic solution can be obtained by determining how much smaller the
dynamic range of the difference signal is in comparison to the dynamic range of the
signal amplitude. Assume the maximum amplitude of the sine wave is A, so that

x(1) = A sin(2w - 8001
The maximum amplitude of the difference signal can be obtained by differentiating

and multiplying by the time interval between samples:

id:V; = A(2r)(800) cos(2r -800¢)
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IAx(D) 5= A(2T)(800) (ﬁ] =0.628A

The savings in bits per sample can be determined as

log, (%155} 0.67 bits

Example 3.4 demonstrates that a DPCM system can use % bit per sample less than
a PCM system with the same quality. Typically DPCM systems provide a full 1-bit
reduction in codeword size. The larger savings is achieved because, on average,
speech waveforms have a lower slope than an 800-Hz tone (see Figure 3.25).

3.4.1 DPCM Implementations

Differential PCM encoders and decoders can be implemented in a variety of ways de-
pending on how the signal processing functions are partitioned between analog and
digital circuitry. At one extreme the differencing and integration functions can be im-
plemented with analog circuitry, while at the other extreme all signal processing can
be implemented digitally using conventional PCM samples as input. Figure 3.28
shows block diagrams of three different implementations with differing amounts of
digital signal processing.

Figure 3.28a depicts a system using analog differencing and integration. Analog-
to-digital conversion is performed on the difference signal, and D/A conversion for the
feedback loop is immediately performed on the limited-range difference code. Analog
summation and storage in a sample-and-hold (S/H) circuit is used to provide integration.

Figure 3.28b shows a system that performs the integration function digitally. In-
stead of immediately converting the difference code back to analog for feedback, the
difference code is summed and stored in a data register to generate a digital repre-
sentation of the previous input sample. A full-scale D/A converter is then used to pro-
duce the analog feedback signal for differencing. Notice that the D/A converters in
Figure 3.28b must convert the full amplitude range whereas the D/A converters in Fig-
ure 3.28a convert the more limited difference signal.

Figure 3.28¢ shows a system where all signal processing is performed by digital
logic circuits. The A/D converter produces full-amplitude-range sample codes, which
are compared to digitally generated approximations of the previous amplitude code.
Notice that the A/D converter in this case must encode the entire dynamic range of the
input whereas the A/D converters in the other two versions operate on only the differ-
ence signals.

Due to the availability of digital signal processing components, some of which con-
tain internal A/D converters, digital processing (as in Figure 3.28¢) is generally the
most effective means of implementing a DPCM algorithm. In fact, most DPCM ap-
plications involve processing speech signals that have already been digitized into
standard 64-kbps PCM formats. Thus the DPCM implementation usually requires no
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analog processing. As an aid in processing log-PCM signals, some DSP components
provide internal |I-law and A-law conversion functions.

The decoders in all three implementations shown in Figure 3.28 are exactly like the
feedback implementations in the corresponding encoder. This reinforces the fact that
the feedback loop generates an approximation of the input signal (delayed by one sam-
ple). If no channel errors occur, the decoder output (before filtering) is identical to the
feedback signal. Thus the closer the feedback signal matches the input, the closer the
decoder output matches the encoder input.

> D/A

Decoder

D/A

Encoder
(a)

& + R
—iMN £ pf o > [ F—
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Decoder
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+ R
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Figure3.28 DPCM implementations: (a) analog integration; (b) digital integration; (c) digital
differencing.
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3.4.2 Higher Order Prediction

A more general viewpoint of a DPCM encoder considers it as a special case of a linear
predictor with encoding and transmission of the prediction error. The feedback signal
of a DPCM system represents first-order prediction of the next sample value, and the
sample difference is a prediction error. Under this viewpoint the DPCM concept can
be extended to incorporate more than one past sample value into the prediction cir-
cuitry. Thus the additional redundancy available from all previous samples can be
weighted and summed to produce a better estimate of the next input sample. With a
better estimate, the range of the prediction error decreases to allow encoding with
fewer bits. For systems with constant predictor coefficients, results have shown that
most of the realizable improvement occurs when using only the last three sample val-
ues. The basic implementation of Jinear prediction using the last three sample values
is shown in Figure 3.29. For conceptual purposes this implementation shows analog
differencing and integration as in Figure 3.284. The most effective implementations
use digital memory, multiplication, and addition in a DSP component in lieu of the
analog processing shown, particularly because most applications involve already dig-
itized (PCM) signals.

As mentioned in Section 3.4, analysis of differential PCM systems with first-order
predication typically provides a 1-bit-per-sample reduction in code length relative to
PCM systems with equivalent performance. Extended DPCM systems utilizing third-
order prediction can provide reductions of % -2 bits per sample [23]. Thus a standard
DPCM system can provide 64-kbps PCM quality at 56 kbps, and third-order linear
prediction can provide comparable quality at 48 kbps. However, some subjective
evaluations have indicated that somewhat higher bit rates are needed to match 64-kbps
PCM quality.

3.4.3 Adaptive Differential PCM

Relatively straightforward implementations of DPCM can provide savings of 1-2 bits
per sample with respect to standard PCM encoding. Even greater savings can be

AlD —————3 DA

D/A

Encoder

Figure 3.29 Extension of DPCM to third-order prediction.
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achieved by adding adaptation logic to the basic DPCM algorithm to create what is
referred to as adaptive differential PCM (ADPCM). Many forms of ADPCM have
been investigated and used in various applications. Two of the most prevalent appli-
cations are voice messaging and DCM equipment for increasing the number of voice
channels on a T1 line. With respect to the latter application, ITU-T has established a
32-kbps ADPCM standard (Recommendation G.721) [24]. This algorithm has been
extensively tested and characterized to not significantly degrade toll quality voice cir-
cuits when inserted into the internal portions of the network. Design considerations of
the standard are:

1. Multiple tandem encodings and decodings between both PCM and analog
interfaces

2. End-to-end signal quality for voice, voiceband data, and facsimile

3. Effects of random and bursty channel errors

4. Performance on analog signals degraded by loss, noise, amplitude distortion,
phase distortion, and harmonic distortion

5. Easy transcoding with p-law and A-law PCM

The 32-kbps rate implies a 2 : 1 savings in channel bandwidth with respect to standard
PCM. A significant impairment introduced by implementations of the ADPCM stand-
ard is the corruption of modem signals carrying data rates greater than 4300 bps [24].
Voiceband data at rates of 4800 bps and below are adequately supported,

The G.721 ADPCM algorithm is conceptually similar to that shown in Figure 3.29
but more sophisticated in that it uses an eighth-order predictor, adaptive quantization,
and adaptive prediction. Furthermore, the algorithm is designed to recognize the dif-
ference between voice or data signals and use a fast quantizer adaptation mode for
voice and a slow adaptation mode for data.
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Figure 3.30 Average MOS versus number of encodings for PCM and ADPCM: (g) linear
microphone; (b) carbon microphone.
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Subjective evaluation [25] of the G.721 algorithm using the mean opinion score
(MOS) method of evaluating speech quality is shown in Figure 3.30. The MOS
method uses trained listeners to evaluate the speech quality on a scale of 1 : 5. Figure
3,30 shows the average scores of 32-kbps ADPCM and 64-kbps PCM as a function of
the number of analog tandem encodings. The speech quality associated with multiple
digital transcodings (to and from PCM) does not degrade beyond the first transcoding
as long as there are no digital transmission impairments such as channel errors or slips
(Chapter 7). The performance of ADPCM (or any other coder) used to be an important
consideration when the public network was composed of mixtures of analog and digi-
tal equipment. Because the internal portions of the network are all digital, performance
with multiple analog conversions is no longer a consideration. (Multiple PCM-to-
ADPCM conversions can still occur when multiple DCM systems are encountered
within a network.)

Because ADPCM at 32 kbps provides good quality at a moderate cost and power
consumption, it is used in several cordless telephone or low-tier” digital cellular sys-
tems:

Personal Access Communications System (PACS) (North America)
Second Generation Cordless Telephones (CT2) (Europe)

Digital European Cordless Telephones (DECT) (Europe)

Personal Handyphone System (PHS) (Japan)

3.5 DELTA MODULATION

Delta modulation (DM) is another digitization technique that specifically exploits the
sample-to-sample redundancy in a speech waveform. In fact, DM can be considered
as a special case of DPCM using only 1 bit per sample of the difference signal. The
single bit specifies merely the polarity of the difference sample and thereby indicates
whether the signal has increased or decreased since the last sample. An approximation
to the input waveform is constructed in the feedback path by stepping up one quanti-
zation level when the difference is positive (“one”) and stepping down when the dif-
ference is negative (“zero™). In this way the input is encoded as a sequence of “ups”
and “downs” in a manner resembling a staircase. Figure 3.31 shows a DM approxima-
tion of a typical waveform. Notice that the feedback signal continues to step in one
direction until it crosses the input, at which time the feedback step reverses direction
until the input is crossed again. Thus, when tracking the input signal, the DM output
“bounces” back and forth across the input waveform, allowing the input to be accu-
rately reconstructed by a smoothing filter.

Since each encoded sample contains a relatively small amount of information (1
bit), DM systems require a higher sampling rate than PCM or multibit DPCM systems.
In fact, the sampling rate is necessarily much higher than the minimum (Nyquist) sam-

"A low-tier cellular system utilizes simple, low-power mobile units, and small cells and only supports
pedestrian speeds.
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Figure 3.31 Waveform encoding by delta modulation.

pling rate of twice the bandwidth. From another viewpoint, “oversampling” is needed
to achieve better prediction from one sample to the next.

The main attraction of DM is its simplicity. Figure 3.32 shows a basic implemen-
tation of a DM encoder and decoder. Notice that the A/D conversion function is pro-
vided by a simple comparator, A positive-difference voltage produces a 1, and a
negative-difference voltage produces a 0. Correspondingly, the D/A function in the
feedback path, and in the decoder, is provided by a two-polarity pulse generator. In
the simplest form the integrator can consist of nothing more than a capacitor to accu-
mulate the charge from the pulse generator.

In addition to these obvious implementation simplicities, a delta modulator also al-
lows the use of relatively simple filters for bandlimiting the input and smoothing the
output [26]. As discussed in Section 3.1, the spectrum produced by a sampling process
consists of replicas of the sampled spectrum centered at multiples of the sampling fre-
quency. The relatively high sampling rate of a delta modulator produces a wider sepa-
ration of these spectrums, and, hence, foldover distortion is prevented with less
stringent roll-off requirements for the input filter.

3.5.1 Slope Overload

The conceptual operation of a delta modulator shown in Figure 3.31 indicates that the
encoded waveform is never much more than a step size away from the input signal.
Sometimes a delta modulator, or any differential system such as DPCM, may not be
able to keep up with rapid changes in the input signal and thus fall more than a step

= l = . i D. =25
- S —
g 1r

Decoder

Figure 3.32 Delta modulation encoder and decoder.



3.5 DELTAMODULATION 135

size behind. When this happens, the delta modulator is said to be experiencing “slope
overload.” A slope overload condition is shown in Figure 3.33.

Basically, slope overload occurs when the rate of change of the input exceeds the
maximum rate of change that can be generated by the feedback loop. Since the maxi-
mum rate of change in the feedback loop is merely the step size times the sampling
rate, a slope overload condition occurs if

i)

where x(t) = input signal
q = step size
f. = sampling frequency

The design of a DM (or DPCM) necessarily involves a trade-off between two types
of distortion: the more or less random quantization noise, sometimes referred to as
granular noise, and the slope overload noise. As indicated in Figure 3.33, granular
noise is a predominant consideration for slowly changing signals, whereas slope over-
load is dominant during rapidly changing signals. Obviously, granular noise is small
if step sizes are small, but small step sizes increase the likelihood of slope overload.
The optimum DM step size in terms of minimizing the total of granular and slope over-
load noise has been considered by Abate [27].

The perceptual effects of slope overload on the quality of a speech signal are sig-
nificantly different from the perceptual effects produced by granular noise. As indi-
cated in Figure 3,33, the slope overload noise reaches its peaks just before the encoded
signal reaches its peaks. Hence, slope overload noise has strong components identical
in frequency and approximately in phase with a major component of the input. Dis-
tortion that is correlated in this manner to the speech signal is effectively “masked” by
the speech energy and therefore is less noticeable than “uncorrelated” distortion. In
fact, overload noise is much less objectionable to a listener than random or granular
noise at an equivalent power level [28]. Hence, from the point of view of perceived
speech quality, the optimum mix of granular and slope overload noise is difficult to
determine.

Figure 3.33 Slope overload and granular noise of delta modulation system.
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Slope overload is not a limitation of just a DM system, but an inherent problem
with any system, such as DPCM in general, that encodes the difference in a signal
from one sample to the next. A difference system encodes the slope of the input with
a finite number of bits and hence a finite range. If the slope exceeds that range, slope
overload occurs. In contrast, a conventional PCM system is not limited by the rate of
change of the input, only by the maximum encodable amplitude. Notice that a differ-
ential system can encode signals with arbitrarily large amplitudes, as long as the large
amplitudes are attained gradually.

Many versions of DM for voice encoding were investigated in the 1960s and 1970s
(29, 30]. All of these efforts focused on ways of implementing adaptive delta modu-
lation (ADM) to improve the performance at a given bit rate. The intense interest at
that time was related to the simplicity, good tolerance of channel errors, and relatively
low cost implementation. The cost factor is no longer relevant because even relatively
complicated coding algorithms now have insignificant costs compared to most system
costs. ADM is still used in some old PBXs, in some military secure voice radio sys-
tems, and as a means of encoding the residual error signal of some predictive coders
described in the following sections.

3.6 ADAPTIVE PREDICTIVE CODING

The differential systems described in the previous sections (DPCM, ADPCM, ADM)
operate with lower data rates than PCM systems because they encode a difference sig-
nal that has lower average power than the raw input signal. The ratio of the input signal
power to the power of the difference signal is referred to as the prediction gain, Simple
DPCM systems (first-order predictors) provide about 5 dB of prediction gain.
ADPCM provides greater levels of prediction gain depending on the sophistication of
the adaptation logic and the number of past samples used to predict the next sample.
The prediction gain of ADPCM is ultimately limited by the fact that only a few past
samples are used to predict the input and the adaptation logic only adapts the quan-
tizer, not the prediction weighting coefficients (the o's in Figure 3.29).

Adaptive predictive coding (APC) [31, 32] provides greater levels of prediction
gain by adapting the prediction coefficients to individual speech segments and, in
most cases, using higher orders of prediction (e.g., up to 12). If the coefficients are de-
termined from past history and used to predict subsequent speech segments (backward
estimation), 13 dB of prediction gain is possible [10]. If speech segments are delayed
so predictor coefficients can be used on the same speech segments from which they
were derived (forward estimation), 20 dB of prediction gain is possible [33].

A block diagram of a basic APC encoder/decoder is shown in Figure 3.34. The in-
put to the encoder and the output from the decoder are assumed to be uniform PCM,
most likely representing conversions from and to log PCM. The transmitted data
stream is necessarily composed of blocks containing three types of information: (1)
the encoded difference signal (residual), (2) a gain factor, and (3) the predictor coef-
ficients. The most significant difference between this coder and a' DPCM or ADPCM
coder involves the periodic determination and transmission of the predictor coeffi-
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cients. Notice that the integrated residual signal at point A is identical to the input sig-
nal delayed by one sample (except for residual quantization error). Thus the corre-
sponding point in the decoder is the reconstructed PCM output.

Explicit transmission of a gain factor, as opposed to deriving a gain factor from the
transmitted residual, is useful in this application because a block-structured transmis-
sion format is required for transmitting the predictor coefficients anyway. Residual
encoding may use any of the waveform algorithms described previously. Arbitrarily
accurate reconstruction of the input can be achieved if enough bits are used in encod-
ing the residual. Of course, the purpose of the adaptive prediction is to achieve a low
data rate. Single-bit PCM that conveys only the polarity of the residual provides ade-
quate performance for low-data-rate applications [33]. Notice that because of the feed-
back path, single-bit encoding of the residual essentially produces a delta modulator
with very sophisticated feedback logic that is periodically changed to match the shape
and energy level of corresponding (forward-estimated) speech segments.

A large variety of algorithms have been investigated for calculating the predictor
coefficients, most of which involve extensive computation. If the application is for
voice response systems, the computations do not have to occur in real time and are
therefore sometimes done on a large mainframe computer. Real-time encoding re-
stricts the algorithm to one that can be realized with a DSP or special-purpose IC de-
signed to implement a specific coefficient determining algorithm. A linear predictive
coding (LPC) algorithm as described in Section 3.8.3 is a common algorithm because
it provides good performance and is available in custom parts, The U.S. defense de-
partment adopted an APC algorithm using a fourth-order LPC coefficient analysis as
a government standard for secure voice transmission at 9.6 kbps [34]. This system
transmits blocks of 240 bits containing 180 one-bit samples of the residual, 54 bits for
parameters and gain factors, 5 bits for error corrections of critical most significant bits,
and 1 framing bit,

3.7 SUBBAND CODING

A subband coder is one form of coder using a frequency-domain analysis of the input
signal instead of a time-domain analysis as in previously described coders. As shown
in Figure 3.35, the coder first divides the input spectrum into separate bands using a
bank of bandpass filters. The signal passing through each of the relatively narrow sub-
bands is individually encoded with separate adaptive APCM, PCM, or ADPCM en-
coders. After each subband is encoded, the individual bit streams are multiplexed for
transmission to the decoder, where they are demultiplexed, decoded, and combined to
reconstruct the input.

Separately encoding each subband is advantageous for several reasons. First, by us-
ing separate adaptation for each band, the quantization step sizes can be adjusted ac-
cording to the energy level in each band. Those bands with relatively high energy
levels can be encoded with relatively coarse quantization. In this manner the spectrum
of the quantization noise is matched to the short-term spectrum of the signal. This
property is very desirable in a perceptual sense because it allows the speech signal to
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Figure 3.35 Subband coder.

mask the quantization noise. (The human ear perceives speech by measuring the short-
term energy level of individual frequency bands. Hence, relatively low noise in a band
with no speech energy is perceptually more significant than greater noise in a band
with significant speech energy.)

A second advantage of subband coding is that the bit rate (quality) assigned to each
band can be optimized according to the perceptual importance of each individual
band. In particular, a relatively large number of bits per sample can be used for Jow
frequencies where it is important to preserve the pitch and formant structure of voiced
sounds. At higher frequencies, however, fewer bits per sample can be used because
noiselike fricatives do not require comparable quality in reproduction.

As reported in reference [10], subband coders provide significant bit rate reduc-
tions compared to the more common and simpler coding algorithms: adaptive delta
modulation and adaptive differential PCM. Specifically, subband coders at 16 kbps
are reported to be perceptually equivalent to ADPCM coders at 22 kbps. A subband
coder at 9.6 kbps is reported to be equivalent to an ADM coder at 19.5 kpbs. Extensive
description and performance analysis of subband coding are available in reference
[35].

A particularly significant example of subband coding is the ITU-T recommenda-
tion G.722 for wideband speech coding [36, 37). This standard provides for encoding
7-kHz speech bandwidth with 64 kbps. Thus it provides a means of significantly im-
proving voice fidelity when end-to-end digital channels are available. Applications
that can benefit most from the higher fidelity are teleconferencing and speakerphones.
Because it is not intended for internal equipment of the network, it does not have
to process voiceband data signals or support tandem analog conversions. Tran-
scodings to and from uniform PCM are required in support of conference bridge
arrangements.

As shown in Figure 3.36 [36], the G.722 algorithm divides the input speech band-
width from 50 to 7000 Hz into two approximately equal-sized subbands. Both sub-
bands are encoded with ADPCM: the lower subband at 48 kbps and the upper subband
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Figure 3.36 G.722 7-kHz audio codec. (From reference [36], p- 10.)

at 16 kbps. The upper band does not require as high a data rate because it is not as im-
portant perceptually and has significantly less energy. The algorithm permits the
lower band to be encoded at 40 or 32 kbps, which allows 8 or 16 kbps for an auxiliary
data channel in teleconferencing applications or for the use of 56-kbps channels when
64 kbps is not available. Figure 3.37 shows the MOS performance of the G.722 algo-
rithm for speech and music at three basic rates [38].

Figure 3.37
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3.8 VOCODERS

For the most part, the encoding/decoding algorithms described previously have been
concerned primarily with reproducing the input waveform as accurately as possible.
Thus they assume little or no knowledge of the nature of the signal they process and
are basically applicable to any signal occurring in a voice channel. Exceptions occur
when subband coding and adaptive predictive coding are designed for particularly low
bit rates (20 kbps or less). At these bit rates the encoders have been closely tailored to
the statistics of a speech signal and cannot provide comparable quality for other sig-
nals. Differential systems, such as DPCM and DM, also exhibit a certain amount of
speech-specific properties by virtue of their high-frequency encoding deficiencies
(slope overload).

The digitization procedures described in this section very specifically encode
speech signals and speech signals only. For this reason these techniques are referred
to collectively as “vocoders,” an acronym for voice coders. Since these techniques are
designed specifically for voice signals, they are not applicable to portions of the public
telephone network in which other analog signals (such as modem signals) must be ac-
commodated.”

The basic goal of a vocoder is to encode only the perceptually important aspects of
speech with fewer bits than the more general waveform encoders. Thus they can be
used in limited-bandwidth applications where the other techniques cannot.

Some of the main applications for vocoders are recorded (e.g., “wrong number”)
messages, encrypted voice transmission over narrowband HF radio, digital cellular te-
lephony, digital circuit multiplication, computer output, games, and telephony over
the Internet. A particularly interesting, early use of an LPC vocoder provided multiple
voice channels over a single voice frequency leased line. Using a well-conditioned
leased line to obtain a 9600-bps circuit, four 2400-bps voice signals were time division
multiplexed into a single line [39]. This is one of the first cases (early 1980) where
digitization was used to actually decrease the bandwidth of a voice signal. This system
provided intelligible voice, but the overall quality was below telephone standards.
This particular system became obsolete when long-distance leased-line costs dropped
to the point that the sacrifice in voice quality was unjustified.

This section describes three of the most basic vocoding techniques: the channel vo-
coder, the formant vocoder, and the aforementioned LPC. Many other forms and vari-
ations of vocoders have been proposed and studied. For a discussion of some of the
other techniques and an extensive bibliography on the subject, see reference [10].
Most commercial applications for vocoders have concentrated on adaptations of the
LPC algorithm, particularly for digital cellular and voice over data networks.

Phase Insensitivity
A fundamental requirement for maintaining good speech quality involves preserving
the short-term power spectrum of the signal. The phase relationship between individ-

“Vocoders can be inserted into internal portions of a network if the interfaces are equipped to detect the
presence of voiceband modem or fax signals and process them accordingly.
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Figure 3,38 Effect of phase shift in the superposition of two tones.

ual frequency components is perceptually much less important. One of the best exam.-
ples of the ear’s insensitivity to phase is demonstrated when two notes are played si-
multaneously, or nearly simultaneously, on a piano. The composite sound, as
perceived by a listener, is seemingly no different if one note is struck slightly later than
the other. In essence, the ear senses how much energy is present at various frequencies
in the speech spectrum but does not sense the phase relationship between individual
frequency components.

The effect of a phase shift in one component of a composite signal is shown in Fig-
ure 3.38. The first composite waveform is produced when two individual frequency
components have identical starting phases. The second composite waveform occurs
when the two frequency terms have starting phases shifted by 90° with respect to each
other. Notice that the composite waveforms are markedly different even though the
difference is imperceptible to the ear. For these reasons the time waveform produced
by a vocoder generally bears little resemblance to the original input waveform. In-
stead, the emphasis of a vocoder is in reproducing the short-term power spectrumn of
the input,

3.8.1 Channel Vocoder

Channel vocoders were first developed in 1928 by Homer Dudley [40]. Dudley’s
original implementation compressed speech waveforms into an analog signal with a
total bandwidth of about 300 Hz. Based on the original concept, digital channel vo-
coders have been developed operating in the range of 1~2 kbps.

A major part of the encoding process of a channel vocoder involves determining
the short-term signal spectrum as a function of time. As indicated in Figure 3.39, a
bank of bandpass filters is used to separate the speech energy into subbands that are
full wave rectified and filtered to determine relative power levels. The individual
power levels are encoded and transmitted to the destination. Notice that this much of
a channel vocoder is very similar to the subband coder discussed previously. A sub-
band coder, however, typically uses wider bandpass filters, which necessitate sam-
pling the subband waveforms more often (determining a waveform instead of just a
power level). Since a subband coder encodes waveforms, it also includes phase infor-
mation that is ignored by a channel vocoder.

In addition to measuring the signal spectrum, modern channel vocoders also deter-
mine the nature of speech excitation (voice or unvoiced) and the pitch frequency of
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voiced sounds. The excitation measurements are used to synthesize the speech signal
in the decoder by passing an appropriately selected source signal through a frequency-
domain model of the vocal tract transfer function. Voiced excitation is simulated bya
pulse generator using a repetition rate equal to the measured pitch period. Unvoiced
excitation is simulated by a noise generator. Owing to the synthesized nature of the
excitation, this form of a vocoder is sometimes referred to as a pitch-excited vocoder.

As indicated in Figure 3.39, a decoder implements a vocal tract transfer function
as a bank of bandpass filters whose input power levels are determined by respective
subband power levels in the encoder. Thus outputs of each bandpass filter in the de-
coder correspond to outputs of respective bandpass filters in the encoder. Superposing
the individual bands re-creates, in a spectral sense, the original signal.

Many variations in the basic channel vocoder have been developed involving the
nature of the excitation and the means of encoding the power levels. Recent advances
in digital technology have introduced the use of digital si gnal processing to determine
the input spectrum by way of Fourier transform algorithms in lieu of the bank of ana-
log filters. All forms of vocoders that measure the power spectral density are some-
times referred to collectively as spectrum channel vocoders to distinguish them from
time-domain vocoders such as the LPC described later. '

The most difficult aspect of most vocoder realizations involves determining the
pitch of voiced sounds. Furthermore, certain sounds are not clearly classifiable as
purely voiced or purely unvoiced. Thus a desirable extension of the basic vocoder in-
volves more accurate characterization of the excitation. Without accurate excitation
information, vocoder output quality is quite poor and often dependent on both the
speaker and the particular sounds being spoken. Some of the more advanced channel
vocoders have produced highly intelligible, although somewhat synthetic sounding,
speech at 2400 bps [23].

3.8.2 Formant Vocoder

As indicated in the spectogram of Figure 3.26, the short-term spectral density of
speech is rarely distributed across the entire voice band (200-3400 Hz). Instead,
speech energy tends to be concentrated at three or four peaks called formants, A for-
mant vocoder determines the location and amplitude of these spectral peaks and trans-
mits this information instead of the entire spectrum envelope. Thus a formant vocoder
produces lower bit rates by encoding only. the most significant short-term components
in the speech spectrum.

The most important requirement for achieving useful speech from a formant vo-
coder involves accurately tracking changes in the formants. Once this is accom-
plished, a formant vocoder can provide intelligible speech at less than 1000 bps [10].

3.8.3 Linear Predictive Coding

A linear predictive coder is a popular vocoder that extracts perceptually significant
features of speech directly from a time waveform rather than from frequency spectra,
as does a channel vocoder and formant vocoder. Fundamentally, LPC analyzes a
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Figure 3.40 Basic model of LPC analysis and synthesis relationship.

speech waveform to produce a time-varying model of the vocal tract excitation and
transfer function. A synthesizer in the receiving terminal re-creates the speech by pass-
ing the specified excitation through a mathematical model of the vocal tract. By peri-
odically updating the parameters of the model and the specification of the excitation,
the synthesizer adapts to changes in either. During any one specification interval, how-
ever, the vocal tract is assumed to represent a linear time-invariant process.

The analysis—synthesis relationship between the encoder/decoder is shown in Fig-
ure 3.40. The analysis process determines the coefficients of the A(z) matrix to mini-
mize the error e(n) with a given set of speech samples x(n). If the decoder knows both
A(z) and e(n), it can re-create (synthesize) the input samples x(n). In the most basic
form of LPC e(n) is not transmitted to the decoder. Instead, e(n) is indirectly specified
as the excitation of a vocal tract model. Notice that e(n) is the excitation of the syn-
thesizer in Figure 3.40.

A block diagram of the basic model for speech generation is shown in Figure 3.41,
which is also a model of the most basic form of LPC decoder/synthesizer. The equa-
tion of the vocal tract model shown in Figure 3.44 is defined as:

Excitation
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period factor 1 coefficients
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" A " -+

Voiced Yy _ > l“(‘._{ Z yie)
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Figure 3.41 Speech generation model of linear predictive coding.
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Y=Y, ay(n - k) +Gx(n) (3.14)

k=1

wherey(n) = nth output sample
a, = kth predictor coefficient
G = gain factor
x(n) = input at sample time »
p = order of the model

Notice that the speech output in Equation 3.14 is represented as the present input value
plus a linear combination of the previous p outputs of the vocal tract. The model is
adaptive in that the encoder periodically determines a new set of predictor coefficients
corresponding to successive speech segments. Basic LPC does not measure and en-
code difference waveforms or error signals. Instead, the error signals are minimized
in a mean-squared sense when the predictor coefficients are determined. The ability
to avoid encoding the predictor errors comes from the fact that LPC uses prediction
parameters based on the actual input segments to which the parameters are applied
(forward estimation). In contrast, most of the predictive coders mentioned previously
base their prediction on past measurements only (backward estimation). Rapid
changes in the vocal tract or excitation cause models based on past measurements to
be less accurate. The negative aspect of forward estimation is the delay it inserts into
the encoding process, which, depending on the application, may or may not be a con-
sideration.

The information that a LPC encoder/analyzer determines and transmits to the de-
coder/synthesizer consists of

1. Nature of excitation (voiced or unvoiced)

2. Pitch period (for voiced excitation)

3. Gain factor

4. Predictor coefficients (parameters of vocal tract model)

The nature of the excitation is determined, as in other vocoders, by determining
whether strong periodic components exist in the waveform, Pitch is determined by
measuring periodicity when it exists. In addition to measuring pitch with techniques
similar to those used by other vocoders, an LPC encoder/analyzer has particular prop-
erties that aid in pitch determination [41].

The predictor coefficients can be determined using one of several different compu-
tational procedures. All procedures use actual waveform samples as the desired out-
puts of the synthesizer. Using these sample values, a set of p linear equations in p
unknown coefficients is produced. Thus the coefficients are determined by inverting
a p-by-p matrix. Since the order of p may vary from 6 to 12, depending on the speech
quality desired, straightforward matrix inversion represents a significant amount of
computation. Depending on specific assumptions made in the model, however, the
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matrices have special properties that greatly simplify the solution of the equations
[41].

Although linear predictive coders process time-domain representations of speech,
their operation is such that they provide good estimates of the peaks of the speech
spectrum, Furthermore, an LPC is capable of effectively tracking gradual changes in
the spectrum envelope. The overall result is that LPCs provide more natural sounding
speech than the purely frequency-domain-based vocoders [23]. Most LPC research
has concentrated on encoding speech in the range of 1.2-2.4 Kbps.

The U.S. Department of Defense established a 2400-bps, 10th-order LPC (LPC-
10) as a standard for secure communications over dial-up telephone lines [42, 43].
This system transmits blocks of 54 bits every 22.5 msec. The 54 bits are allocated as
7 bits for pitch, 5 bits for energy level (gain factor), 41 bits for 10 coefficients (voiced
excitation), and 1 bit for framing.

The performance of the coder with respect to natural speech is provided in Table
3.4. A diagnostic thyme test (DRT) [44] is a means of determining the intelligibility
of a speech system as a percentage of correct word recognitions from a standardized
list of pairs of thyming words (e.g., goat vs. coat or thick vs. tick). The DRT-with-
noise test measures the word recognition percentage when background noise appro-
priate to the application is added to the test words before encoding. The diagnostic
acceptability measure (DAM) [45] rates intelligibility and subjective acceptability us-
ing procedures that eliminate much of the dependence on personal preferences of the
listeners. The scores are normalized from O to 100,

3.8.4 Enhanced-Excitation Linear Predictive Coding

The basic LPC algorithm described in the previous section synthesizes speech in the
decoder using a very simple model for the excitation that requires only about 10% of
the aggregate data rate. Because voiced signals are modeled by a simple pulse gener-
ator, an LPC coder is sometimes referred to as a pulse-excited linear prediction
(PELP) coder. The simplicity of the model inevitably produces synthetic sounding
speech. To overcome this shortcoming, numerous techniques have been developed to
enhance the excitation. Three enhanced-excitation algorithms are multipulse LPC
(MPLPC), residual excited linear prediction (RELP), mixed-excitation linear predic-
tion (MELP), and various versions of code-excited linear prediction (CELP). Because
the enhanced-excitation LPC algorithms involve encoding a residual prediction error

TABLE 3.4 Performance Comparison of Natural Speech and LPC-10

Test Natural Speech (3.6 kHz) LPC-10
DRT ' 95% 90%
DRT with noise 92% 82%

DAM 65 48
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in some form or another, these algorithms are often referred to as hybrid codecs: a
combination of vocoding and waveform coding.

Multipulse LPC
As shown in Figure 3.42, where it can be compared with a conventional LPC system,
MPLPC [46] is a conceptually simple extension of conventional LPC. Where LPC
uses the residual to determine the pitch period of voiced signals, MPLPC uses the re-
sidual to determine a sequence of pulses to more closely match the residual. In the sim-
plest case MPLPC uses a fixed number of pulses in a pulse train and determines only
the starting phase of the train and the amplitudes and polarities of each pulse within
the train. A significant side benefit of MPLPC is that it does not have to identify
whether a speech segment is voiced or not and consequently determine the pitch pe-
riod of voiced signals. Instead, the multipulse determination in each analysis segment
automatically adapts to the nature of the actual excitation. MPLPC at 9600 bps is used in
AT&T’s 14A Announcement System for recorded messages to telephone users [46].
MPLPC is also the algorithm chosen for the Skyphone Aeronautical Telephone
service using 9.6-kbps channels on the INMARSAT maritime satellite [47]. Another
application of an MPLPC algorithm is the PanEuropean digital mobile radio system
(GSM) [48] that allocates a 13-kbps data rate to voice encoding. The speech codec that
has been standardized by CEPT for this application is referred to as regular-pulse ex-
citation LPC with long-term prediction (RPE-LTP) [49]. This system transmits 260
bit blocks consisting of 72 bits of prediction parameters and 188 bits of excitation en-
coding. Because the codec does not support voiceband data rates at 1200 bps and
above, the system has provisions for data bypass of the codec.

Mixed-Excitation LPC
As the name implies, mixed-excitation LPC (MELP) [50] uses a more sophisticated
model for the excitation than either LPC or MPLPC. An MELP algorithm has been
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Figure 3,42 Multipulse linear predictive coding. Comparison of LPC (a) and MPLPC
(b) encoder/decoder.
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selected by the U.S. government for secure voice applications at 2.4 kbps [51]. Devel-
opment of this algorithm has paid particular attention to background noise (as might
arise in a tank). Enhanced excitation features of this version of LPC are:

. Mixed pulse and noise excitation

. Periodic or nonperiodic pulse generation

Adaptive spectral enhancement (to improve formant reproduction)
Pulse dispersion (spreading the impulses across more of a pitch interval)

SRSV SR

Fourier analysis of residual (to improve pitch determination)

Residual Exclted LPC

The APC algorithm described in Section 3.6 transmits the encoded difference signal
(prediction error or residual) determined in the encoder so the decoder can integrate it
to recover the original input. Notice that the decoded residual waveform in the APC de-
coder of Figure 3.34 acts as the excitation of the prediction loop. If the prediction loop uses
an LPC formulation, APC essentially becomes residual-waveform excited LPC.

The formal term residual excited LPC (RELP) refers to a structure that is identical
to the APC block diagram shown in Figure 3.34 but differs in the manner in which the
residual is encoded. An RELP encoder does not encode the residual directly but pre-
processes it to allow transmission at a lower data rate. The fundamental premise of the
preprocessing is that the residual consists of a fundamental frequency and multiples
(harmonics) of the fundamental. Thus, an RELP encoder encodes only the fundamen-
tal. The decoder reconstructs the residual (in a frequency-domain sense) by decoding
the fundamental and adding in the harmonics. In the sense that the process of extract-
ing and encoding the fundamental is “residual encoding” and that of decoding and
adding harmonics is “residual decoding,” the diagram in Figure 3.34 serves as a basic
diagram of RELP.

As commonly implemented, an RELP encoder [52] extracts the fundamental by
low-pass filtering the residual and down sampling to reduce the sampling frequency
to the Nyquist rate. As an example, if a (DSP-based) low-pass filter has a cutoff of 800
Hz, only every fifth sample of the filtered residual is needed to meet the 1600-Hz
Nyquist rate. In this manner, an RELP decoder is excited by samples occurring at a
1600-Hz rate—approximately the same rate as in MPLPC. Thus the residual decoder
in an RELP receiver is similar to the pulse generator of an MPLPC synthesizer. In fact,
the regular pulse excitation LPC of the European digital mobile system determines its
pulse excitation by testing each of four sequences obtained by taking every fourth
sample of a filtered residual and selecting the sequence with maximum correlation to
the residual sequence. Thus even the encoding algorithms of MPLPC and RELP are
sometimes similar. In a comparison of three specific coders (subband, MPLPC, and
RELP), MPLPC coders provided the best performance [53].

RELP encoding has been used in various mobile radio and satellite applications.
An example of the latter is a 9.6-kbps RELP codec designed to support conversion of
analog FM voice channels to digital voice channels [54].
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Figure 3.43 CELP encoder block diagram.

Code-Excited LPC

Code-excited LPC (CELP) [55] is yet another example of enhanced-excitation LPC
whose basic block diagram can be loosely represented by Figure 3.34. As indicated in
the CELP specific block diagram of Figure 3.43, CELP uses a codebook for encoding
residuals. Instead of encoding a residue waveform on a sample-by-sample basis and
using that as excitation in the decoder, CELP assumes residuals are not random wave-
forms with independent samples but rather that a block of residue samples can be rep-
resented by one of a manageable number of waveform templates. “Excitation
encoding” in this case involves selecting a codeword in a codebook that minimizes the
overall error in the reconstructed (synthesized) signal. “Residual decoding” in this
context implies using the received codeword as an index into the table of codewords
to obtain the residual sequence chosen in the encoder. Because a block of residue sam-
ples can be considered as a residue vector, this form of coding is also referred to as
vector quantization (VQ) excited LPC [56].

Maximum coding efficiency is achieved by encoding long sequences (i.e., vectors
with many dimensions), which, of course, implies large codebooks. Thus, much of the
research effort of this class of codecs involves establishing a large enough set of vec-
tors in the codebook that all residue vectors can be adequately matched. Next, an ef-
ficient procedure for searching the codebook is determined to find the vector with the
best match. Because the number of vectors is necessarily large, tree-structured
searches are required, which implies the entries in the codebook are grouped into hi-
erarchical families of vectors.

Because CELP coders provide good quality at low bit rates, an extensive amount
of research has been undertaken to produce a variety of CELP algorithms. A particu-
larly efficient implementation determines the excitation codeword as a sum of sequen-
tially determined codewords called vectors. Thus, this technique is referred to as
vector sum excited LPC (VSELP) [56]. The following list identifies prominent ver-



3.9 ENCODER/DECODER SELECTION CONSIDERATIONS 151

sions of VSELP and CELP in North American applications. Other versions of CELP
coders are included in the list of ITU standard coding algorithms in Section 3.10.

VSELP (vector sum excited LPC); used in North American digital cellular systems
(IS-54/158-136) at 7.95 kbps [57]

QSELP (Qualcomm vector sum excited LPC): used in CDMA digital cellular
systems (IS-95) at 13 kbps

DoD-CFELP Federal standard (FS-1016) at 4.8 kbps [38]

3.9 ENCODER/DECODER SELECTION CONSIDERATIONS

This chapter has described several techniques for digitizing voice signals and has in-
dicated that many other variations are possible. This section compares the various al-
gorithms in terms of (1) voice quality, (2) transparency for nonvoice signals, (3)
tolerance of transmission errors, and (4) delay.

3.9.1 Volce Quality

Voice coding applications and corresponding quality levels have been traditionally
classified as broadcast quality, toll quality, communications quality, and synthetic
quality. These categories and their respective ranges of data rates are qualitatively
shown in Figure 3.44 as obtained from reference [11]. The relatively new category of
hybrid coding (e.g., MPLPC or CELP) has been added. Table 3.5, obtained from ref-
erences [38] and [59], compares various coders in terms of the quality measures: DRT
[44], DAM [45], and MOS [9, 11, 18]. Notice that the low-rate coders do reasonably
well on intelligibility (DRT) but fall off significantly in terms of subjective measures.
Another presentation of speech quality of various coders is shown in Figure 3.45, ob-
tained from reference [60] (which contains a good overview of ITU standard coding
algorithms). This figure essentially contains specific MOS ratings of specific coders.”
Additional comparisons of low-rate coders (APC, RELP, LPC) are available in refer-
ences [61] and [62].

The category of toll quality, which is traditionally used for public telephone net-
work voice quality objectives, is no longer a well-defined category. Toll quality in the
analog network could be quantified in terms of parameters like frequency response
and noise level, Because new, low-rate coders (e.g., CELPs) do not reproduce wave-
forms, a quantitative analytical measure of quality is not possible. Suppliers of highly
compressed voice for applications like digital cellular and voice over the Internet com-
monly use DRT or MOS scores to support the claim of “toll quality” under ideal trans-
mission environments (e.g., no bit errors or packet loss). This practice has contributed
to a relaxation of a “toll quality” standard.

*MOS scores may vary by 5% or so from one study to another.
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Figure 3.44 General speech quality versus transmission rate.

3.9.2 Transparency for Nonvoice Signals

The separation between communications quality and toll quality coders in Figure 3.44
also separates those algorithms that do not perform well on nonvoice signals from
those that do. The lower data rates of communications quality coders are achieved by
tailoring the algorithms to the specifics of voice signals, thereby sacrificing modem
and facsimile performance. For a comprehensive theoretical treatment of voiceband

TABLE 3.5 Speech Quality Comparisons of Common Coders

Coder DRT DAM MOS
64-kbps PCM 95 73 43
14.4-kbps QCELP13 4.2
32-kbps ADPCM (G.721) 94 68 4.1
16-kbps LD-CELP (G.728) 94 70 4.0
6.4 kbps MP-MLQ (G.723.1) 3.9/3.4%
13-kbps RPE-LTP (GSM) 35
9.6-kbps MPLPC (Skyphone) 3.4
9.6-kbps QCELP 3.4
8-kbps CELP 93 68 37
4.8-kbps DoD-CELP 93 67 3.0
2.4-kbps LPC 90 54 25

#The lower performance corresponds to 3% packet loss.
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Figure 3.45 Speech quality of standard encoding algorithms. (From R. V. Cox, “Three New
Speech Coders from the ITU Cover a Range of Applications,” IEEE Communications
Magazine, September 1997.)

data signal digitization, see reference [63]. As end-to-end digital channels become
more available, there will be less need to support nonvoice applications as analog
voiceband signals. (See the discussion of V.90 PCM modems in Chapter 11.)

In addition to end user applications, coders installed in the internal portions of a
network must provide acceptable quality for network-related signaling tones such as
DTMF, MF, and SF. DTMF tones, in particular, must be accurately reconstructed be-
cause they are used for end-to-end control by users. G.729 at 8 kbps has special pro-
visions for carrying DTMF tones. Support for MF and SF signaling is less of a
problem because their use is confined to specific transmission links that have been
mostly replaced by newer transmission systems using common-channel signaling.

An additional consideration for voice quality is the performance of some very low
bit rate vocoders in the presence of audio background noise. If a coder is tuned too
tightly to process voice signals and voice signals only, it can go off into left field when
speech is superimposed on background sounds such as loud music. The low-bit-rate
coders used in digital cellular applications have to be particularly sensitive to this situation.

39.3 Tolerance of Transmission Errors

Of the waveform coders, the differential systems (DPCM, ADPCM, DM) are the most
tolerant of transmission errors and PCM the least. The threshold of perceptibility of
random errors on delta modulation is 10->. For PCM the threshold is 10—, Delta
modulation is intelligible at random error rates as high as 10%, but PCM is unintelli-
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gible at 1% error rates. In burst error environments the tolerances of PCM and differ-
ential systems are more nearly the same. (If the most significant bit of a PCM code-
word is in error, it does not matter if the least significant bits are also in error.)

Those parameters of synthetic quality coders that are critical for voice reconstruc-
tion are usually redundantly encoded. Error correction of critical parameters in digital
mobile systems allows intelligible voice at error rates as high as 1%.

3.9.4 Delay

The effect of encoding and decoding delay of a voice digitization/compression algo-
rithm must be considered in the context of the particular application. If the application
involves inserting artificial delay of more than 10 msec into local (analog) connec-
tions, echo/singing control will have to be added. Furthermore, if a significant amount
of delay is added into a long-distance circuit, existing echo cancelers may not have
enough delay capacity to accommodate the delay insertion.

Experience with satellite-based voice connections indicates that roundtrip delays on the
order of 200 msec can be tolerated without significant user dissatisfaction, As indicated
in the following, coding/compression algorithms, in themselves, do not approach
this limit.

ADPCM (G.726) 0.125 msec

LD-CELP (G.728) 2.5 msec

CS-CELP (G.729) [64] 10 msec

ACELP (G.723.1) 30 msec (plus 7.5 msec of look-ahead)

Although the roundtrip encoding/decoding delays (which are double the above num-
bers) do not approach the 200-msec threshold, they can add to other system delays to
exceed the maximum desirable delay. System factors such as interleaving for error
correction and packet delay on TDMA mobile systems can add another 30 msec or so
in each direction. If individual compressed voice packets are carried through an ATM
or packet-switched network, delays in excess or 200 msec are easily produced. (See
Chapter 10 for a discussion of these applications.)

3.10 ITU-T CODING STANDARDS

The following list identifies various digital voice coding standards of the ITU:

G711 Standard for speech codecs that provides toll quality audio at 64 kbps
using either A-law or pl-law PCM.

G.721 Standard for speech codecs that provides toll quality audio at 32 kbps
using ADPCM. _

G.722  Standard for speech codecs that provides high-quality (program) audio at
64 kbps using subband ADPCM (SB-ADPCM). The algorithm uses a 16-
kHz sample rate to capture audio frequencies between 50 and 7000 Hz.
Two ADPCM subbands are used by this standard to give audio
performance superior to a single-band ADPCM algorithm operating at the
same bit rate.
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Standard for speech codecs that provides toll quality audio at 20 or 40 kbps
using ADPCM.

.1 Standard for speech codecs optimized for modems. It provides toll quality
audio at 6.4 kbps (MP-MLQ) or 5.3 kbps (ACELP),
Adaptive differential PCM at 16, 24, 32, or 40 kbps (using 2~, 3-, 4-, or 5-
bit samples).
An extension of Recommendation G.726 for use in packetized speech
systems. The ADPCM samples are divided into 2, 3, or 4 core bits and 0,
1, 2, or 3 enhancement bits. The core bits provide for the basic functioning
of the algorithm while the enhancement bits add quality to that provided
by the core bits. In overload situations, the enhancement bits can be
discarded while the core bits provide basic quality.
Standard for speech codecs that provides near toll quality audio at 16 kbps
using low-delay CELP (LD-CELP). G.728 encodes five p-law or A-law
PCM samples into 10-bit, linear predictive codewords at 1600 codewords

per second.
Standard for speech codecs that provides toll quality audio at 8 kbps using

CELP.
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PROBLEMS

3.1 Assume a signal consists of three tones: one at 1 kHz, one at 10 kHz, and one at

21 kHz. What tones will be present at the output of a PAM decoder if the sam-
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pling rate is 12 kHz and the input is unfiltered? (Assume the output filter cutoff
frequency is 6 kHz.)

Derive an expression for the average quantization noise power that occurs when
the decoder output samples are offset from the center of a quantization interval
by a distance equal to 25% of the interval. (The output values are at the 75%
point instead of the 50% point.) How much degradation in decibels does this off-
set represent (assuming uncorrelated offsets)?

How much does the signal-to-noise ratio of a uniform PCM encoder improve
when 1 bit is added to the codeword?

A black-and-white television signal has a bandwidth of about 4.2 MHz. What bit
rate is required if this signal is to be digitized with uniform PCM at an SQR of
30 dB? Use a sampling-rate-to-Nyquist-rate ratio comparable to that used for
PCM voice encoding. _

How much dynamic range is provided by a uniform PCM encoder with 12 bits
per sample and a minimum SQR of 33 dB?

What is the signal-to-quantizing-noise ratio produced by a segmented n255
PCM coder when the input signal is a full-range triangular wave? (Assume the
repetition frequency is low enough that the bandlimiting filter does not change
the waveform significantly.)

Given a sample value of 420 mV for a 4255 PCM encoder capable of encoding
a maximum level of 2 V, determine each of the following:

(a) The compressed p255 codeword

(b) The linear representation of the compressed code

(c) The A-law code obtained by converting from the n255 code

(d) The p-law code obtained by converting back from the A-law code

Given the following [1255 codewords, determine the (noninverted) codeword
that represents the linear sum (0 110 1001), (1 011 0111).

Generate an encoding table (i.e., list the quantization intervals and correspond-
ing codes) for the magnitude of a piecewise linear code with segment slopes 1,
%, 4 and % Assume four equally spaced intervals are in each segment. Assume
all intervals in the first segment are of equal length (as in A-law coding).

What is the signal-to-noise ratio of a full-amplitude sample for the coder of Prob-
lem 3.97

What is the signal-to-noise ratio of a maximum-amplitude sample in the first lin-
ear segment of the preceding coder?

What is the dynamic range implied by Problems 3.10 and 3.117

For the encoder in Problem 3.9, how many bits are required for uniform encod-
ing of the same dynamic range and same minimum quantization interval?

A uniform PCM system is defined to encode signals in the range of ~8159 to
+8159 in quantization intervals of length 2. (The quantization interval at the ori-
gin extends from —1 to +1.) Signals are encoded in sign-magnitude format with
a polarity bit = 1 denoting a negative signal.

(a) How many bits are required to encode the full range of signals?
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(b) How many unused codes are there?

(c) Determine the quantization noise, noise power, and signal-to-noise ratio (in
decibels) of each of the following sample values; 30.2, 123.2, -2336.4, and
8080.9.

Repeat part (c) in Problem 3.14 for piecewise linear n255 PCM,

Given two A-law piecewise linear (noninverted) codewords (00110110 and
00101100), determine their linear representations, add them, and convert back
to compressed representation.

A D3 channel bank uses “robbed digit” signaling wherein the least significant bit of
every sixth frame is stolen for signaling. Determine the relative increase in overall
quantization noise produced by this process under the following conditions:

(a) The decoder merely treats the signaling bit as a voice bit and decodes the
PCM sample accordingly.

(b) The decoder knows which bits are signaling bits and generates an output
sample corresponding to the middle of the double-length quantization inter-
val defined by the 7 available bits. (This is the actual technique specified for
D3 channel bank decoders.)

If 2 bits per sample are added to a PCM bit stream, how much can the dynamic
range be increased if the quantization intervals are adjusted to improve the SQR
by 3 dB?

How much can the SQR of a digitized voice signal be increased if the bandwidth
is reduced by 30% and the dynamic range is unchanged?

An A-law PCM encoder with a perfect zero-level threshold detects an arbitrarily
small input sine wave because the first quantization interval does not straddle the
origin. What is the power level of the decoded output signal? Assume the power
level of a full amplitude sinewave is +3 dBm.

Determine the sequence of four u255 PCM samples for a 2000-Hz tone at —6
dBm when the first sample occurs at a phase of 45°,

Repeat Problem 3.21 for A-law signals.

3.23 Determine the A-law codewords that correspond to the p-law codewords of the

digital milliwatt signal given in Example 3.3. Assume both systems are scaled
to the same maximum signal power.
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DIGITAL TRANSMISSION AND
MULTIPLEXING

A fundamental consideration in the design of digital transmission systems is the se-
lection of a finite set of discrete electrical waveforms for encoding the information. In
the realm of digital communications theory these discrete waveforms are referred to
as signals. The same terminology is used in this chapter with the understanding that
signals in the present context refer to internal waveforms (pulses) of a transmission
system and not the control information (signaling) used to set up and monitor connec-
tions within a network, In communications theory terminology, signal processing re-
fers to filtering, shaping, and transformations of electrical waveforms, not the
interpretation of control signals by the processor of a switching machine.

A second aspect of digital transmission involves defining certain time relationships
between the individual transmission signals. The source terminal transmits the indi-
vidual signals using predefined time relationships so the receiving terminal can rec-
ognize each discrete signal as it arrives. Invariably the establishment of a proper time
base at the receiver requires transmission capacity above that needed for the digital in-
formation itself. Over relatively short distances (as within a switching system or a
computer complex), the timing information (clock) is usually distributed separately
from the information-bearing signals. Over long distances, however, it is more eco-
nomical to incorporate the timing information into the signal format itself. In either
case the timing information requires channel capacity in terms of bandwidth, data rate,
or code space. :

This chapter discusses the most common digital signaling techniques for wireline
transmission systems. Thus the subject of this chapter is often referred to as line cod-
ing. These techniques are generally applicable to any transmission system transmitting
digital signals directly in the form of pulses (such as coaxial cable or optical fiber).
The fact that these techniques include low-frequency components in their transmitted
spectrum leads to their also being called low-pass or baseband transmission systems.
In Chapter 6 we discuss bandpass transmission systems, that is, radio systems or
voiceband modems that require modulation and carrier frequency transmission. Chap-
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ter 8 discusses some additional baseband transmission formats commonly used in op-
tical fiber systems.

The following discussions concentrate on system and application level considera-
tions of digital transmission. Analytic details of pulse transmission systems are not
emphasized since material of this nature is available in all works on digital communi-
cations theory. Some fundamentals of pulse transmission systems are presented in Ap-
pendix C, where many of the equations presented in this chapter are derived.

4.1 PULSE TRANSMISSION

All digital transmission systems are designed around some particular form of pulse re-
sponse. Even carrier systems must ultimately produce specific pulse shapes at the de-
tection circuitry of the receiver. As a first step, consider the perfectly square pulse
shown in Figure 4.1. The frequency spectrum corresponding to the rectangular pulse
is derived in Appendix A and shown in Figure 4.2. It is commonly referred to as a
sin(x)/x response:

sin(wl/2)

4.1
ol/2 @)

F(w)=(T)

where ® = radian frequency 2nf,
T = duration of a signal interval

Notice that Figure 4.2 also provides the percentage of total spectrum power at vari-
ous bandwidths. As indicated, 90% of the signal energy is contained within the first
spectral null at f = 1/T, The high percentage of energy within this band indicates that
the signal can be confined to a bandwidth of 1/7 and still pass a good approximation
to the ideal waveform. In theory, if only the sample values at the middle of each signal
interval are to be preserved, the bandwidth can be confined to 1/2T. From this fact the
maximum baseband signaling rate in a specified bandwidth is determined as

Ry = 2BW 4.2)

fle)

T
Time ——=

Figure 4.1 Definition of a square pulse.
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T >T 3T
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Figure 4.2 Spectrum of square pulse with duration T.

where R = signaling rate, = /T
BW = available bandwidth

Equation 4.2 states a fundamental result from communications theory credited to
Harry Nyquist: The maximum signaling rate achievable through a low-pass band-
width with no intersymbol interference is equal to twice the bandwidth. This rate Ry,

is sometimes referred to as the Nyquist rate.

Although discrete, square-shaped pulses are easiest to visualize, preservation of the
square shape requires wide bandwidths and is therefore undesirable. A more typical
shape for a single pulse is shown in Figure 4.3. The ringing on both sides of the main
part of the pulse is a necessary accompaniment to a channel with a limited bandwidth.

| ]

—3T —2TN/ “~—v

=T

Figure 4.3 Typical pulse response of a bandlimited channel.
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Normally, a digital transmission link is excited with square pulses (or modulated
equivalents thereof), but bandlimiting filters and the transmission medium itself com-
bine to produce a response like the one shown. Figure 4.3 shows pulse output in nega-
tive time so the center of the pulse occurs at ¢+ = 0. Actually, the duration of the
preringing is limited to the delay of the channel, the filters, and the equalizers.

An important feature of the pulse response shown in Figure 4.3 is that, despite the
ringing, a pulse can be transmitted once every T seconds and be detected at the receiver
without interference from adjacent pulses. Obviously, the sample time must coincide
with the zero crossings of the adjacent pulses. Pulse responses like the one shown in
Figure 4.3 can be achieved in channel bandwidths approaching the minimum
(Nyquist) bandwidth equal to one-half of the signaling rate. Appendix C describes
pulse transmission design in more detail.

4.1.1 Intersymbol Interference

As the signaling rate of a digital transmission link approaches the maximum rate for
a given bandwidth, both the channel design and the sample times become more criti-
cal. Small perturbations in the channel response or the sample times produce nonzero
overlap at the sample times called intersymbol interference. The main causes of in-
tersymbol interference are;

1. Timing inaccuracies
2. Insufficient bandwidth
3. Amplitude distortion
4. Phase distortion

4.1.2 Timing Inaccuracies

Timing inaccuracies occurring in either the transmitter or the receiver produce in-
tersymbol interference. In the transmitter, timing inaccuracies cause intersymbol in-
terference if the rate of transmission does not conform to the ringing frequency
designed into the channel. Timing inaccuracies of this type are insignificant unless ex-
tremely sharp filter cutoffs are used while signaling at the Nyquist rate.

Since timing in the receiver is derived from noisy and possibly distorted receive
signals, inaccurate sample timing is more likely than inaccurate transmitter timing.
Sensitivity to timing errors is small if the transmission rate is well below the Nyquist
rate (e.g., if the transmission rate is equal to or less than the channel bandwidth, as op-
posed to being equal to the theoretical maximum rate of twice the bandwidth; see Ap-
pendix C),

4.1.3 Insufficlent Bandwidth

The ringing frequency shown in Figure 4.3 is exactly equal to the theoretical minimum
bandwidth of the channel. If the bandwidth is reduced further, the ringing frequency
is reduced and intersymbol interference necessarily results.
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Some systems purposely signal at a rate exceeding the Nyquist rate, but do so with
prescribed amounts of intersymbol interference accounted for in the receiver. These
systems are commonly referred to as partial-response systems—so called because the
channel does not fully respond to an input during the time of a single pulse. The most
common forms of partial-response systems are discussed in a later section.

4.1.4 Amplitude Distortion

Digital transmission systems invariably require filters to bandlimit transmit spectrums
and to reject noise and interference in receivers, Overall, the filters are designed to pro-
duce a specific pulse response. When a transmission medium with predetermined
characteristics is used, these characteristics can be included in the overall filter design.
However, the frequency response of the channel cannot always be predicted ade-
quately. A departure from the desired frequency response is referred to as amplitude
distortion and causes pulse distortions (reduced peak amplitudes and improper ringing
frequencies) in the time domain. Compensation for irregularities in the frequency re-
sponse of the channel is referred to as amplitude equalization.

4.1.5 Phase Distortion

When viewed in the frequency domain, a pulse is represented as the superposition of
frequency components with specific amplitude and phase relationships. If the relative
amplitudes of the frequency components are altered, amplitude distortion results as
above. If the phase relationships of the components are altered, phase distortion oc-
curs. Basically, phase distortion results when the frequency components of a signal ex-
perience differing amounts of delay in the transmission link. Compensation of phase
distortion is referred to as phase equalization. For a good tutorial on equalization, in-
cluding a description of an automatic equalizer for data transmission, see reference
[1]. A good description of DSP based equalizers is available in reference [2].

4.2 ASYNCHRONOUS VERSUS SYNCHRONOUS TRANSMISSION

There are two basic modes of digital transmission involving two fundamentally dif-
ferent techniques for establishing a time base (sample clock) in the receiving terminal
of a digital transmission link. The first of these techniques is asynchronous transmis-
sion, which involves separate transmissions of groups of bits or characters, Within an
individual group a specific predefined time interval is used for each discrete signal.
However, the transmission times of the groups are unrelated to each other. Thus the
sample clock in the receiving terminal is reestablished for reception of each group.
With the second technique, called synchronous transmission, digital signals are sent
continuously at a constant rate. Hence the receiving terminal must establish and main-
tain a sample clock that is synchronized to the incoming data for an indefinite period
of time.
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Start bits _—— Stop bits
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Figure 44 Asynchronous transmission.

4.2.1 Asynchronous Transmission

Between transmissions an asynchronous line is in an inactive or idle state. The begin-
ning of each transmission group is signified by a start bit. The middle of the start bit
is determined, and succeeding information bits are sampled at a nominal rate begin-
ning at the middle of the second bit interval. Following the information symbols, one
or more stop bits are transmitted to allow the line to return to the inactive state.” Figure
4.4 shows an asynchronous mode of operation commonly used for low-speed data
communications.

As shown in Figure 4.4, the detection of each information bit is accomplished by
ideally sampling the input waveform at the middle of each signal interval. In practice,
sample times depart from the ideal depending on how much the start bit is corrupted
by noise and distortion. Since the sample time for each information bit is derived from
a single start bit, asynchronous systems do not perform well in high-noise environ-
ments. Of course, more than one start bit could be used to improve the accuracy of the
starting phase of the sample clock, but this would complicate the receiver and add
more overhead for transmission of timing information.

Sample timing errors also arise if the nominal rate of the sample clock in the re-
ceiver is different from the nominal rate of transmission at the source, Even though
the start bit might define the proper starting phase for the sample clock, an offset in
the clock frequency of the receiver causes each successive sample time to drift farther
from the center of the respective signal intervals. Since the very use of the term “asyn-
chronous” implies a free-running clock in the receiver, a certain amount of drift is in-
evitable in all asynchronous systems. The maximum length of each symbol group or
character is determined by the limits of the initial phase inaccuracies and the maxi-
mum expected frequency difference between the transmitter and receiver clocks.

"Ori ginally, stop bits were inserted to allow electromechanical equipment enough time to reset before the
next character arrived. With electronic equipment the only purpose of stop bits is to allow a start bit to
always be a transition to a space (logic 0).
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The main attraction of asynchronous transmission is the ease with which it deter-
mines the sample times in the receiver. In addition, asynchronous transmission auto-
matically provides character framing and is inherently flexible in the range of average
data rates that can be accommodated. For high rates, one character after another is
transmitted. Lower data rates are automatically accommodated by increasing the idle
time between characters. In contrast, a synchronous receiver must track changes in a
transmnitter rate before it can sample the incoming signals properly. Normally the re-
ceive clock of a synchronous system can be adjusted only quite slowly and only over
a narrow range. Hence an asynchronous system is more naturally suited to applica-
tions where the data rate varies.

Synchronous transmission systems can support variable information rates, but the
task of adjusting the information rate falls upon higher level processes (data link pro-
tocols) that insert null codes into the bit stream. The null codes are used as filler when
a source has nothing to send. This form of transmission is sometimes referred to as
“jsochronous.” An isochronous mode of operation is required whenever a synchro-
nous line carries data from an asynchronous source.

The major drawback of asynchronous transmission is its poor performance in terms
of error rates on noisy lines. Thus asynchronous transmission evolved for applications
where implementation costs dominated performance considerations. Asynchronous
transmission has been used in voiceband data sets (modems) for transmission rates up
to 1200 bps. For digital telephony, something similar to asynchronous transmission
was proposed for two-wire digital subscriber loops. These systems provided a full-du-
plex (four-wire) circuit by transmitting bursts of data alternately in each direction on
a single pair of wires. Thus these systems are sometimes referred to as “ping-pong”
transmission systems; they are not truly asynchronous since each transmission in each
direction occurs at prescribed times allowing timing information in one burst to carry
over into the next burst. The use of asynchronous transmission on long-distance trans-
mission links is obsolete because the cost of electronics for better performing synchro-
nous transmission is no longer a consideration.

422 Synchronous Transmission

T1 lines and all other interoffice digital transmission links used in the telephone net-
works use synchronous transmission exclusively. Thus the line-coding format for
these systems must incorporate special considerations to ensure that each regenerative
repeater or receiver can synchronize a local sample clock to the incoming signaling
rate. Generally speaking, the synchronization requirements imply that a certain mini-
mum density of signal transitions is required to provide continuous indication of sig-
naling boundaries. Often, purely random data cannot be relied upon to provide a
sufficient number of transitions. In these cases certain provisions must be made to in-
sert artificial transitions into the transmitted waveforms. Although these extra transi-
tions imply a certain amount of transmission overhead, the loss in capacity can be
relatively small. Following are descriptions of five techniques for ensuring the exist-
ence of signal transitions for timing recovery:
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. Source code restriction
. Dedicated timing bits

. Bit insertion

. 'Data scrambling

5. Forced bit errors

W =

A sixth technique-—inserting the transitions into the signal waveforms themselves—
is discussed in Section 4.3.

Source Code Restriction

One means of ensuring a sufficient number of signal transitions is to restrict the code
set or data patterns of the source so that long, transition-free data sequences do not oc-
cur. Historically, PCM channel banks in the North American telephone network pre-
cluded all-0’s codewords since the original line code of T1 lines produced no
transitions for 0’s. In the case of 8-bit PCM codewords, the exclusion of a single code-
word represents a loss in transmission capacity of only one part in 256.*

Relying on source coding to ensure sufficient transitions in the line code has one
very significant drawback: The transmission link cannot be used for new applications
where the source does not exclude the unwanted data patterns. For this reason, the total
capacity of a T1 line could not be used for random data until a new line code [binary
eight-zero substitution (B8ZS)] was introduced.

Dedicated Timing Bits

As an alternative to excluding transition-free data patterns, the line itself can peri-
odically insert transition-bearing bits into the data stream. These bits are inserted at
regular intervals, independently of the source data, to ensure the existence of a mini-
mum number of signal transitions. Thus some fraction of the channel capacity is dedi-
cated to timing bits.

As an example, the original Dataphone Digital Service (DDS) offering for data
communications over T1 lines provides a maximum capacity of 56 kbps for each
channel. When carried within a 64-kbps T1 channel, only 7 of the 8 bits in each time
slot of the channel are available for the user. Among other functions, the unused bit
in each time slot provides an assurance that all 8 bits of a time slot are not 0. Several
fiber systems described in Chapter 8 also use explicit timing bits as inherent aspects
of their line codes. The density of timing pulses in these systems ranges from 1 in 5
bits to 1 in 20 bits. Notice that insertion of a dedicated timing bit is essentially the same
procedure used to establish timing for asynchronous transmission. In a synchronous
receiver, however, a sample clock is obtained by averaging the timing information
over a large number of timing transitions, not just one.

Bit Insertion
In the preceding DDS example 1 bit of every 8 bits in a time slot is dedicated to en-
suring sufficient timing information in the bit stream. Another possibility for preclud-

*From an information theory point of view the loss in voice information is even lower since the probability
of occurrence of the all-0’s codeword is much less than 1 in 256.
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ing unwanted line patterns is to use “bit insertion” only when necessary. As an exam-
ple, the source data over a T1 line could be monitored for all 0’s in the first 7 bits of
a time slot. Whenever the 0’s occur, a 1 could be inserted into the data stream as the
eighth bit of the time slot. At the other end of the line the ] following seven 0’s is re-
moved automatically. Each insertion delays the source data by the time of 1 bit, but
otherwise the full capacity of the channel is available.

This procedure is directly analogous to the “zero-bit insertion” algorithm used in
the High Level Data Link Control (HDLC) protocol. In this protocol a specific data
pattern called a “flag” is used to indicate the end of a data block. The transmitter must
be precluded from inadvertently sending the flag as part of the source data. The means
of preventing inadvertent flags is to insert a 0 following a string of five 1’s in the user
data. Since a flag contains a string of six 1’s, zero-bit insertion precludes unintended
flag transmissions. The receiving node of an HDLC data link removes any 0 following
five 1’s. The receipt of six 1’s, however, can only be part of a legitimate flag
(01111110). If HDLC data are inverted for transmission, it never produces all 0’s (ex-
cept during the idle state).

Although a bit insertion algorithm allows for more efficient use of a channel than
dedicated timing bits, the insertion procedure has a number of drawbacks. First, this
process causes the source data to be delayed every time an insertion is made. Hence a
coritinuous, real-time transmission application (such as voice) requires smoothing the
arrival rate with data buffers at the destination. Second, the bit insertion process causes
any character structure in the user’s data to be become unrelated to the time slot struc-
ture of a time division multiplexed transmission link. Thus if user data consist of 8-bit
characters (like PCM voice samples), character boundaries cannot be maintained with
respect to 8-bit time slots in a T1 transmission link.

Date Scrambling

Many digital transmission systems use data scramblers to randomize the data patterns
on their transmission links. Although these data scramblers are similar to those used
for encryption, the fundamental purpose of these scramblers is to prevent the transmis-
sion of repetitive data patterns, not to encrypt the traffic. Repetitive data patterns gen-
erate line spectra that can be significantly more degrading from an interference point
of view than continuously distributed spectra produced by random data patterns.
Voiceband data modems, for example, are allowed to operate at higher power levels
if they include scramblers to randomize the data traffic. Also, digital radio systems are
required by the FCC to not transmit line spectra, which essentially means that repeti-
tive data patterns must be excluded.

Even when not required, data scramblers are useful in transforming data sequences
with low transition densities into sequences with strong timing components. Scram-
bling is not used on lower rate T-camier systems (T1 and obsolete T2) but was used on
the 274-Mbps T4M coaxial transmission system [3] and current optical fiber systems.

Data scramblers (with equal input and output bit rates) do not prevent long strings
of 0’s in an absolute sense. They merely ensure that relatively short repetition patterns
are transformed to randomized traffic with a minimum density of transitions. If purely



170  DIGITAL TRANSMISSION AND MULTIPLEXING

random input data are scrambled, the output data are also purely random and therefore
have a certain statistical probability of producing arbitrarily long strings of 0’s. The
probability of a random occurrence, however, is acceptable when compared to the
probability of nonrandom sequences representing speech pauses or idle data termi-
nals. To determine which seemingly random data sequence produces all 0’s at the out-
put of a scrambler, apply all 0’s to the corresponding descrambler.

The T4M coaxial transmission system used a data scrambler as the basic means of
producing adequate timing information. This system could tolerate much longer
strings of 0’s because the timing recovery circuits in the regenerative repeaters used
phase-locked loops that maintain timing over relatively long periods of time. In con-
trast, the original T'1 systems recovered timing with tuned circuits that resonated at the
desired clock frequency (1.544 MHz) when excited by a received pulse. Because the
tuned circuits have lower effective Q’s than a phase-locked loop, the oscillations drift
from the proper frequency and die out more rapidly. Hence the original T1 receivers
could not tolerate as long a string of 0’s as could T4M receivers. Phase-locked loop
clock recovery circuits are used on all later generation wireline and fiber transmission
systems so much longer strings of 0’s can be tolerated.

Forced Bit Errors

A fifth method of maintaining sufficient timing information in the line signals in-
volves having the transmission terminal at the source force an occasional bit error in
order to interrupt a long, transition-free data pattern. If the transition-free sequences
are long enough and uncommon enough, the intentional bit errors might be less fre-
quent than random channel errors on the digital transmission link, Thus the intentional
errors may not represent a significant degradation over and above that that already ex-
ists. Nevertheless, forced bit errors are not generally recommended as part of a line-
coding procedure but are mentioned in the interest of completeness.

As mentioned previously, North American channel banks force a bit error in the
second least significant bit of an all-0’s transmission code to ensure sufficient signal
transitions. An important aspect of this procedure is that it is performed by the source
where the significance of the bit error is known. If the transmission link itself inserted
the bit errors, the effects would not be as controllable, particularly when a variety of
traffic types are being serviced.

A more subtle problem with forced transmission errors arises if the digital trans-
mission link is used for automatic repeat request (ARQ) data transmission. An ARQ
data communication link is designed to provide error-free transmission, despite ran-
dom channel errors, by inserting redundancy into the data stream and checking the re-
ceived data for error-free reception. If errors are detected, a retransmission is
requested. When the errors are not random, but forced by the transmission link, the
ARQ system will become frustrated if it ever encounters the restricted sequence, no
matter how unlikely it is.” Once again, if forced errors are used, they should be incor-
porated into the source as part of the source code restriction process and not as a func-
tion of the transmission link.

"If the transmission link uses a scrambler, the unlikely sequence will not be repeated.
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4.3 LINE CODING

In the preceding section various techniques for establishing timing information are
described in general terms. The choice of any particular technique is dependent on
the specific line code in use. This section describes the most common line codes
used for digital transmission and indicates what additional steps, if any, are needed
to maintain synchronization between the transmitter and receiver. Some line-cod-
ing techniques provide adequate timing information themselves and do not require
any of the procedures discussed previously. In addition to synchronization require-
ments, other considerations for choosing a line code are the spectrum of the line
code and the available bandwidth (particularly at low frequencies), noise and in-
terference levels, synchronization acquisition times, performance monitoring, and
implementation costs.

4.3.1 Level Encoding

Conceptually, the simplest form of line coding uses a different signal level to encode
each discrete symbol transmitted. Within a computer system the most common form
of coding is an on—off code using a 3-V level for a “1” and near 0 V for a “0.” Over a
transiission link, however, it is more efficient in terms of power to encode binary data
with an equivalent difference in levels but symmetrically balanced about 0 V. For ex-
ample, the average power required for equally likely +3- and 0-V encodings is 4.5 W
(assuming 1 Q resistance). With +1.5- and —1.5-V encodings, the same error distance
is achieved with half the power requirements (2.25 W). Communications engineers
commonly refer to the unbalanced code as a unipolar code and the balanced code as a
polar code. A representative sequence of binary data and its corresponding bal-
anced and unbalanced level encoding are shown in Figure 4.5, Notice that the level
of each signal is maintained for the duration of a signal interval. For this reason

| 1 i
Unipolar {(unbalanced) signaling

Polar (balanced) signaling

Figure 4.5 Unipolar and polar (NRZ) line codes.
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Figure 4.6 Direct-current wander of NRZ signal.

the balanced (polar) encoding is also referred to as a nonreturn-to-zero (NRZ) code.*

As indicated in Figure 4.5, an NRZ signal contains no transitions for long strings
of 1’s or 0’s. Hence one of the procedures described previously to ensure timing tran-
sitions must be employed if NRZ encoding is used on a synchronous transmission
link.

An NRZ line code is a pulse transmission system wherein the pulse (before filter-
ing) lasts for the duration of a signaling interval 7. Hence the frequency spectrum (as-
suming random data) of an NRZ code is the sin(x)/x spectrum of Equation 4.1 and
shown in Figure 4.2. As indicated, the frequency spectrum is significantly nonzero at
zero frequency (dc). Most wireline transmission links, however, do not pass dc signals
by virtue of their being alternating current coupled with transformers or capacitors to
eliminate dc ground loops. Furthermore, some systems purposely remove dc compo-
nents from the signal to allow line powering of repeaters or to facilitate single-side-
band transmission. The elimination of the low-frequency components in the
waveform causes long strings of 1°s or 0’s to decay gradually in amplitude. Hence a
receiver not only would lose timing information during these strings but also would
lose its amplitude reference for optimally discriminating between a “1” level and a “0”
level. The effect of low-frequency cutoff, called dc wander, is shown in Figure 4.6 for
a typical transmission sequence. Notice that following the long string of 1’s, the output
of the link is such that 1-to-0 errors are more likely than 0-to-1 errors. Similarly, long
strings of 0’s increase the likelihood of a 0-to-1 error. This problem arises not only for
long strings of 1’s or 0’s, but whenever there is an imbalance in the number of 1°s and
0’s. Hence periodic timing pulses are not sufficient to remove dc¢ wander.

The existence of low frequencies in a random data signal is the basic reason why
modems are needed for data communications over the analog telephone network.
(Analog telephone circuits do not pass direct current.) It is also the reason that NRZ
coding is not often used for long-distance transmission. Direct-current wander is not
unique to data transmission systems. It is a phenomenon that must be reconciled in
television receivers, radar receivers, or radiation detectors.

One technique of offsetting dc wander is referred to as dc or baseline restoration
[4]. As illustrated in Figure 4.7, dc restoration involves passing received pulses
through a capacitor, detecting them, and then removing the charge on the capacitor be-
fore the next pulse arrives. Charge on the capacitor is removed by driving the voltage

*Some communications theorists refer to a balanced two-level code as a “bipolar code.” The North
American telephone industry, however, uses the term bipolar to refer to a three-level code described in the
next section,
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Figure 4.7 Direct-current restoration for unipolar pulses.

to a specific threshold (0 V in Figure 4.7) and then removing the driving voltage when
the threshold is reached. Since all charge on the capacitor is removed after each pulse,
the baseline or decision reference level is constant at the beginning of a signal interval.
An obvious disadvantage of this technique is that the signal input must have zero am-
plitude or be disabled during the reset time.

A generally more useful technique for overcoming baseline wander is to use deci-
sion feedback, also called quantized feedback equalization [5~7). In contrast to d¢ res-
toration, which drives the capacitor voltage to a constant, predetermined level,
quantized feedback compensates for dc wander by locally generating the unreceived
low-pass response and adding it to the received signal. To accomplish this, the original
data stream is reconstructed. As shown in Figure 4.8, the reconstructed data stream is
passed through a low-pass filter that generates a pulse equal to the tail or droop char-
acteristic of the channel. The feedback signal adds to the received signal to eliminate
the droop (intersymbol interference). Using a frequency-domain analysis, the feed-
back response is complimentary to the channel response. Quantized feedback is used
in ISDN basic rate line interfaces [8].

4.3.2 Bipolar Coding

The dc restoration techniques mentioned in the preceding section simplify pulse de-
tection by creating a low-pass pulse response in the receiver. There are numerous line

il e N _ Ifi
Filter jae—
e Detector
N/ circuit
Tail
removed

Figure 4.8 Decision feedback equalization.
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codes that are specifically designed to not contain dc energy and thereby be unaffected
by dc removal. Bipolar coding solves the dc wander problem by using three levels to
encode binary data. Specifically, a logic 0 is encoded with zero voltage while a logic
1 is alternately encoded with positive and negative voltages. Hence the average volt-
age level is maintained at zero—to eliminate dc components in the signal spectrum.
Since bipolar coding uses alternate polarity pulses for encoding logic 1s, it is also re-
ferred to as alternate mark inversion (AMI).*

Bipolar coding is the basic line-coding procedure used by T1 lines in the telephone
network. Rather than using full-period pulses, however, T1 lines use a 50% duty cycle
pulse to encode each logic 1. Return-to-zero (RZ) pulses (Figure 4.9) were selected to
minimize intersymbol interference and simplify timing recovery in the regenerative
repeaters of a T1 line [9]. The power spectrum of a bipolar code is obtained from [10]
as

2P(1T -p) G(o)P 1 - cos T @3)

S(w) = 3
1-2Cp—-T)xosoT +(2p—1)

where p = probability of a 1
G(w) = spectrum of an individual pulse

wT/4

Equation 4.3 is plotted in Figure 4.10 for various values of p. For purely random
data, p = 1. Recall, however, that source coding for 1255 PCM codecs produces more
I’s than 0’s in the interest of establishing a strong clock signal. Hence the appropriate
value of p for a T1 voice line is normally somewhat larger than 0.5 and depends on
the amplitude of the voice signal. Low-level signals that remain in the first encoding
segment produce a value of p approximately equal to 0.65. On the other hand, full-
scale sine waves produce a value for p that is somewhat below 0.5 since most of the
samples occur near maximum amplitude,

Because a bipolar code uses alternating polarities for encoding 1’s, strings of 1’s
have strong timing components, However, a string of 0’s contains no timing informa-
tion and therefore must be precluded by the source. The specifications for T1 line re-

in(@774
Glw) = (%JM——) for 50% duty cycle pulses

" A mark is a term arising from telegraphy to refer to the active, or 1, state of a level encoded transmission
line,
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Figure 4,10 Spectral density of bipolar coding.

peaters state that the repeaters will maintain timing as long as no string of greater than
fifteen 0’s is allowed to occur [11]. A string of fifteen (’s can only occur if a O framing
bit falls between a 10000000 code in time slot 24 and a 00000001 code in time slot 1.

Code Space Redundancy
In essence, bipolar coding uses a ternary code space but only two of the levels during
any particular signal interval. Hence bipolar coding eliminates dc wander with an in-
efficient and redundant use of the code space. The redundancy in the waveform also
provides other benefits. The most important additional benefit is the opportunity to
monitor the quality of the line with no knowledge of the nature of the traffic being
transmitted. Since pulses on the line are supposed to alternate in polarity, the detection
of two successive pulses of one polarity implies an error. This error condition is known
as a bipolar violation. No single error can occur without a bipolar violation also oc-
curring. Hence the bipolar code inherently provides a form of line code parity. The ter-
minals of T1 lines are designed to monitor the frequency of occurrence of bipolar
violations, and if the frequency of occurrence exceeds some threshold, an alarm is set.

In T-carrier systems, bipolar violations are used merely to detect channel errors. By
adding some rather sophisticated detection circuitry, the same redundancy can be used
for correcting errors in addition to detecting them. Whenever a bipolar violation is de-
tected, an error has occurred in one of the bits between and including the pulses indi-
cating the violation. Either a pulse should be a 0 or an intervening 0 should have been
a pulse of the opposite polarity. By examining the actual sample values more closely,
a decision can be made as to where the error was most likely to have occurred. The bit
with a sample value closest to its decision threshold is the most likely bit in error. This
technique belongs to a general class of decision algorithms for redundant signals
called maximum likelihood or Viterbi decoders [12]. Notice that this method of error
correction requires storage of pulse amplitudes. If decision values only are stored, er-
ror correction cannot be achieved (only error detection).

An additional application of the unused code space in bipolar coding is to pur-
posely insert bipolar violations to signify special situations such as time division mul-

\ 4
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tiplex framing marks, alarm conditions, or special codes to increase the timing content
of the line signals. Since bipolar violations are not normally part of the source data,
these special situations are easily recognized. Of course, the ability to monitor the
quality of the line is compromised when bipolar violations occur for reasons other than
channel errors,

4.3.3 Binary N-Zero Substitution

A major limitation of bipolar (AMI) coding is its dependence on a minimum density
of 1’s in the source code to maintain timing at the regenerative repeaters. Even when
strings of O’s greater than 14 are precluded by the source, a low density of pulses on
the line increases timing jitter and therefore produces higher error rates. Binary N-zero
substitution (BNZS) [13] augments a basic bipolar code by replacing all strings of N
0’s with a special N-length code containing several pulses that purposely produce bi-
polar violations. Thus the density of pulses is increased while the original data are ob-
tained by recognizing the bipolar violation codes and replacing them at the receiving
terminal with N O’s.

As an example, a three-zero substitution algorithm (B3ZS) is described. This par-
ticular substitution algorithm is specified for the standard DS-3 signal interface in
North America [14]. It was also used in the LD-4 coaxial transmission system in Can-
ada [15].

In the B3ZS format, each string of three 0's in the source data is encoded with either
00V or BOV. A 00V line code consists of 2-bit intervals with no pulse (00) followed
by a pulse representing a bipolar violation (V). A BOV line code consists of a single
pulse in keeping with the bipolar alternation (B), followed by no pulse (0), and ending
with a pulse with a violation (V). With either substitution, the bipolar violation occurs
in the last bit position of the three 0’s replaced by the special code. Thus the position -
of the substitution is easily identified.

The decision to substitute with 00V or BOV is made so that the number of B pulses
(unviolated pulses) between violations (V) is odd. Hence if an odd number of 1’s has
been transmitted since the last substitution, 00V is chosen to replace three 0’s. If the
intervening number of 1's is even, BOV is chosen. In this manner all purposeful vio-
lations contain an odd number of intervening bipolar pulses. Also, bipolar violations
alternate in polarity so that dc wander is prevented. An even number of bipolar pulses
between violations occurs only as result of a channel error. Furthermore, every pur-
poseful violation is immediately preceded by a 0. Hence considerable systematic re-
dundancy remains in the line code to facilitate performance monitoring. Table 4.1
summarizes the substitution algorithm,

Example 4.1. Determine the B3ZS line code for the following data sequence:
101000110000000010001. Use + to indicate a positive pulse, — to indicate a negative
pulse, and 0 to indicate no pulse.
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TABLE 4.1 B3ZS Substitution Rules

Number of Bipolar Pulses (1's)
Since Last Substitution

Polarity of

Preceding Pulse Odd Even
- 00- +0+
+ 00+ -0-

Solution. There are two possible sequences depending on whether an odd or even
number of pulses has been transmitted following the previous violation:

Substitutions \ \ \ \

100 | 900 | 11 | 966 | 000 | oo1 |D00 | 1
Case 1 (odd): +0— | 00— | +— | 40+ | —0— [ 00+ | 00+ | —

Case 2 (even): +0-— | +0+ | =+ | —=0— | +04+ | 00— | 00—~ | +

Violations —/ —/I -/

Example 4.1 indicates that the process of breaking up strings of 0’s by substituting
with bipolar violations greatly increases the minimum density of pulses in the line
code. In fact, the minimum density is 33% while the average density is just over 60%.
Hence the B3ZS format provides a continuously strong timing component. Notice that
all BNZS coding algorithms guarantee continuous timing information with no restric-
tions on source data. Hence BNZS coding supports any application in a completely
transparent manner.

Another BNZS coding algorithm is the B6ZS algorithm used on obsolete T2 trans-
mission lines [16). The B6ZS algorithm is defined in Table 4.2. This algorithm pro-
duces bipolar violations in the second and fifth bit positions of the substituted
sequence.

ITU recommends another BNZS coding format referred to as high-density bipolar
(HDB) coding [17]. As implemented in the E1 primary digital signal, HDB coding re-
places strings of four 0’s with sequences containing a bipolar violation in the last bit
position. Since this coding format precludes strings of 0’s greater than three, it is re-
ferred to as HDB3 coding. The encoding algorithm is basically the same as the B3ZS
algorithm described earlier. Table 4.3 presents the basic algorithm. Notice that substi-
tutions produce violations only in the fourth bit position, and successive substitutions
produce violations with alternating polarities.
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TABLE 4.2 B6ZS Substitution Rules

Polarity of Pulse
Immediately Praceding

Six 0's to be Substituted Substitution
— 0-+0+-
+ 0+-0-+
Example:

1 0000001011 0000000000O0O00O0O0TGO0 1
+ =0~ +0+ 9 +0-+ 0+ -0=-40+-0-4+4000 -
-+ 0+ -0 - 4)=-04+—-(0=-+0+-(0-4+04+ 000 +

A fundamental feature of end-to-end digital connectivity as provided by ISDN is
64-kbps transparent channels referred to as clear-channel capability (CCC) [18]. Two
aspects of a bipolar/AMI line code as used on T1 lines preclude CCC: robbed sig-
naling in the least significant bit of every sixth frame and the need to avoid all-0’s
codewords on the channel. Bit robbing for signaling is avoided with common-
channel signaling (also an inherent requirement for ISDN deployment). Two
means of augmenting T1 lines to allow transparent channels have been developed.
The first method is zero-byte time slot interchange (ZBTSI) described in reference
[19]. ZBTSI was used for upgrading some T1 facilities for CCC but is not a good
long-term solution.

The second method, which is most desirable in the long run, involves the use of a
B8ZS line code for T1 lines. As such, the B8ZS line code became the new line code
standard for T1 lines with the introduction of D5 channel banks. (D5 channel banks
can also operate with bipolar/AMI line codes for backward compatibility.) As indi-
cated in Table 4.4, the B8ZS algorithm is similar to the B6ZS algorithm in that each
individual substitution is dc balanced. Notice that there are two bipolar violations, in
positions 4 and 7, in every substitution. The purposeful introduction of bipolar viola-
tions requires replacement of any equipment that monitors all violations for perform-
ance monitoring.

TABLE 43 HDB3 Substitution Rules

Number of Bipolar Pulses (1's)
Since Last Substitution

Polarity of
Preceding Pulse QOdd Even

- 000— +00+
+ 000+ -00—
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TABLE 4.4 BBZS Substitution Rules

Polarity of Preceding Pulse Substitution
= 000—+04—
+ 000+—0—+

4.3.4 Pair Selected Ternary

The BNZS substitution algorithms described in the preceding section are examples of
selecting codes in the ternary code space to increase the timing content of a binary sig-
nal. Pair selected ternary (PST) [20] is another example.

The PST coding process begins by pairing the binary input data to produce se-
quences of 2-bit codewords. These codewords are then translated into two ternary dig-
its for transmission. Since there are nine two-digit ternary codes but only four
two-digit binary codes, there is considerable flexibility available in selecting the
codes. The most useful of the possible coding formats is shown in Table 4.5. This par-
ticular format not only ensures a strong timing component but also prevents dc wander
by switching modes to maintain a balance between positive and negative pulses. The
codes are selected from one column until a single pulse is transmitted. At that time the
encoder switches modes and selects codes from the other column until another single
pulse (of the opposite polarity) is transmitted.

Example 4.2. Encode the following binary data stream into a PST line code:
01001110101100.

Solution. There are two possible solutions depending on whether the encoder is in
the positive or negative mode at the beginning of the sequence:

01 00 11 10 10 - 11 00
Case 1 (+ mode): O+ —+ +- -0 +0 = —+
Case 2 (— mode). —+ -t +— +0 -0 +— —

One potential drawback of the PST coding algorithm is that the binary data stream
must be framed into pairs. Hence a PST decoder must recognize and maintain pair

TABLE 4.5 Pair Selected Ternary Encoding

Binary Input + Mode — Mode

00 -4+ —+
o1 0+ 0-
10 +0 -0

11 +— +=
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boundaries. Recognition of the boundaries is not difficult if random data are being
transmitted since a pairwise misframe eventually produces unallowed codes (00, + +,
—-—). Furthermore, time division multiplex formats typically provide character and
pairwise framing automatically.

The power spectrum of a PST line code with equal probabilities for 1’s and 0’s is
obtained from reference [20] and plotted in Figure 4.11. Also shown is the B6ZS
power spectrum [16] and the conventional bipolar power spectrum.

An important point to notice in Figure 4.11 is that bipolar coding and its extensions
require equal bandwidths. Their only significant difference is that B6ZS and PST have
higher energy levels as a result of greater pulse densities. The higher energy levels
have the undesirable effect of increasing crosstalk interference in multipair cables.
However, the degradation from the increased crosstalk is somewhat offset by im-
proved accuracy of the recovered sample clock (assuming all signals in the cable are
using the same line code).

4.3.5 Ternary Coding

Since bipolar and PST coding use a ternary code space to transmit binary data, they
do not achieve as high an information rate as is possible with more efficient use of the
code space. For example, an eight-element ternary code is capable of representing
38 = 6561 different codes. In contrast, § bits of binary data produce only 28 = 256 dif-
ferent codes. The previously described line codes do not take advantage of the higher
information content of ternary codes; they select codes for their timing content and
spectral properties.

One ternary encoding procedure involves mapping successive groups of 4 bits into
three ternary (4B3T) digits. Since binary words of 4 bits require only 16 of the 27 pos-
sible three-digit ternary codewords, considerable flexibility exists in selecting the ter-
nary codes. Table 4.6 presents one possible encoding procedure. Ternary words in the
middle column are balanced in their dc content, Codewords from the first and third

5 {w)

| 1
0.5/T ur

Frequency

Figure 4.11 Spectrum of bipolar, B3ZS, and PST line codes for equally likely 1’s and 0's.
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TABLE 4.6 Encoding Table for 4B3T Line Code

Ternary Word (Accumulated Disparity)

Binary Word - 0 +
0000 —_— ++ +
0001 —--0 ++0
0010 -0~ +0+
0011 0~— 0++
0100 ——+ + 4+ -
0101 —+ - +—+
0110 +== -+ +
0111 -00 +00
1000 0-0 0+0
1001 00— 00+
1010 0+-
1011 0-+
1100 +0-
1101 -0+
1110 +-0

1111 -+0

columns are selected alternately to maintain dc balance. If more positive pulses than
negative pulses have been transmitted, column 1 is selected. When the disparity be-
tween positive and negative pulses changes, column 3 is chosen. Notice that the all-0"s
codeword is not used. Hence a strong timing content is maintained. Because of the
higher information efficiency, however, the ability to monitor performance is sacri-
ficed, and framing is required on three-digit boundaries. 4B3T coding is used on the
T148 span line developed by ITT Telecommunications [21]. This system provides T-
carrier transmission for two DS1 signals (48 channels) using a bandwidth that is only
50% greater than a T1 bandwidth (carrying 24 channels). A generalized discussion of
4B3T coding and other ternary coding techniques is contained in reference [22].

4.3.6 Digital Biphase

Bipolar coding and its extensions BNZS and PST use extra encoding levels for flexi-
bility in achieving desirable features such as timing transitions, no dc wander, and per-
formance monitorability. These features are obtained by increasing the code space and
not by increasing the bandwidth. (The first spectral null of all codes discussed so far,
including an NRZ code, is located at the signaling rate 1/T.)

Many varieties of line codes achieve strong timing and no dc wander by increasing
the bandwidth of the signal while using only two levels for binary data. One of the
most common of these codes providing both a strong timing component and no dc
wander is the digital biphase code, also referred to as “diphase” or a “Manchester”
code.
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Figure 4.12 Digital biphase (Manchester) line code.

A digital biphase code uses one cycle of a square wave at a particular phase to en-
code a 1 and one cycle of an opposite phase to encode a 0. An example of a digital
biphase coding sequence is shown in Figure 4.12. Notice that a transition exists at the
center of every signaling interval. Hence strong timing components are present in the
spectrum. Furthermore, logic 0 signals and logic 1 signals both contain equal amounts
of positive and negative polarities. Thus dc wander is nonexistent, A digital biphase
code, however, does not contain redundancy for performance monitoring. If in-service
performance monitoring is desired, either parity bits must be inserted into the data
stream or pulse quality must be monitored. (A later section of this chapter discusses
performance monitoring in more detail.)

The frequency spectrum of a digital biphase signal is derived in Appendix C and
plotted in Figure 4.13, where it can be compared to the spectrum of an NRZ signal.
Notice that a digital biphase signal has its first spectral null at 2/7. Hence the extra tim-
ing transitions and elimination of dc wander come at the expense of a higher frequency
signal. In comparison to three-level bipolar codes, however, the digital biphase code
has a lower error rate for equal signal-to-noise ratios (see Appendix C).

Examination of the frequency spectra in Figure 4.13 shows that the diphase spec-
trum is similar to an NRZ spectrum but translated so it is centered about 1/7 instead
of direct current. Hence digital biphase actually represents digital modulation of a
square wave carrier with one cycle per signal interval. Logic 1’s cause the square wave
to be multiplied by +1 while logic 0’s produce multiplication by —1. Diphase is pri-
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Figure 4,13 Power spectral density of digital biphase.
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marily used on shorter links where terminal costs are more significant than bandwidth
utilization. The “Ethernet” TEEE 802.3 local area data network uses digital biphase
(Manchester) coding.

4.3.7 Differential Encoding

One limitation of NRZ and digital biphase signals, as presented up to this point, is that
the signal for a 1 is exactly the negative of a signal for a 0. On many transmission me-
dia, it may be impossible to determine an absolute polarity or an absolute phase refer-
ence. Hence the decoder may decode all 1’s as 0’s and vice versa. A common remedy
for this ambiguity is to use differential encoding that encodes a 1 as a change of state
and encodes a 0 as no change in state. In this manner no absolute reference is necessary
to decode the signal. The decoder merely detects the state of each signal interval and
compares it to the state of the previous interval. If a change occurred, a I is decoded.
Otherwise, a 0 is determined.

Differential encoding and decoding do not change the encoded spectrum of purely
random data (equally likely and uncorrelated 1’s and 0’s) but do double the error rate.
If the detector makes an error in estimating the state of one interval, it also makes an
error in the next interval. An example of a differentially encoded NRZ code and a dif-
ferentially encoded diphase signal is shown in Figure 4.14. All signals of differentially
encoded diphase retain a transition at the middle of an interval, but only the 0"s have
a transition at the beginning of an interval,

4.3.8 Coded Mark Inversion

A variety of line codes have evolved similar to the digital biphase code described pre-
viously. One of these is referred to as coded mark inversion (CMI) in ITU recommen-
dations [17]. CMI encodes 1’s (marks) as an NRZ level opposite to the level of the

(a)
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Figure 4.14 Differentially encoded NRZ and diphase signals: (a) differentially encoded
NRZ; (b) differentially encoded diphase.
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Figure 4.15 Coded mark inversion.

previous one and 0s as a half-cycle square wave of one particular phase, Figure 4,15
shows a sample encoding for CMI. There is no dc energy in the signal and an abun-
dance of signal transitions exist as in diphase. Furthermore, there is no ambiguity
between 1’s and 0’s. Elimination of the ambiguity actually leads to a major drawback
of CMI coding: Its error performance is 3 dB worse than diphase.” CMI is the specified
interface code for the fourth-level (E4) ITU multiplex signal at 139.264 Mbps. CMI
is also used for electrical interfaces of SONET STS-3c signals described in Chapter 8.

4.3.9 Multilevel Signaling

In the line codes discussed so far, two-level (binary) signaling has been assumed. In
applications where the bandwidth is limited but higher data rates are desired, the num-
ber of levels can be increased while maintaining the same si gnaling rate. The data rate
R achieved by a multilevel system is given as

R =log,(L) (%] “@.4)

where L = number of levels that can be freely chosen during each interval
T = signaling interval

The signaling rate 1/T is often referred to as the symbol rate and is measured in
bauds. Within the data communications industry it is common practice to use “baud”
as being synonymous with bit rate, Strictly speaking, however, the bit rate is only
equal to the baud rate if binary signaling (1 bit per signal interval) is used. Figure 4.16
shows an example of an eight-level transmission format that achieves 3 bits per signal
interval (i.e., 3 bits per baud).

Multilevel transmission systems achieve greater data rates within a given band-
width but require much greater signal-to-noise ratios for a given error rate. One aspect
of wireline transmission that favors multilevel line coding is the lower baud rate for a
given data rate, which in turn reduces the crosstalk. Hence, in crosstalk-limited Sys-

“The error performance of CMI is 3 dB worse than diphase when bit-by-bit detection is used. The
inefficiency arises because for one-half of an interval a 1 looks like a 0. Because CMI has redundancy,
some of the inefficiency can be recovered with maximum-likelihood (Viterbi) detection.
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Figure 4.16 Multilevel transmission with 3 bits per signal interval.

tems the signal-to-noise ratio penalty of a multilevel line code is not as significant. The
T1G T-carrier system developed by AT&T [23] uses a four-level line code at the T1C
baud rate (3.152 MHz) to double the capacity of a T1C system (from 48 channels to
96).

Another example of multilevel transmission of particular significance is the ISDN
basic rate digital subscriber Jine (DSL), which uses four-level transmission at a sig-
naling rate of 80 kilobauds to achieve 160 kbps. The primary factors that led to select-
ing a multilevel line code in this application are (1) near-end crosstalk that cannot be
eliminated by pair isolation® as in T1 systems and (2) high levels of intersymbol in-
terference caused by bridged tap reflections. Both of these factors are easier to control
when lower frequency signals are used [24]. Additional aspects of this application are
described in the ISDN section of Chapter 11.

4.3.10 Partial-Response Signaling

Conventional bandlimiting filters of a digital transmission system are designed to re-
strict the signal bandwidth as much as possible without spreading individual symbols
so they interfere with sample values of adjacent intervals. One class of signaling tech-
niques, variously referred to as duobinary [25], correlative level encoding [26], or par-
tial-response signaling [27], purposely introduces a prescribed amount of intersymbol
interference that is accounted for in the detection circuitry of the receivers. By over-
filtering the encoded signal, the bandwidth is reduced for a given signaling rate, but
the overlapping pulses produce multiple levels that complicate the detection process
and increase the signal power requirements for a given error rate.

Figure 4.17 shows the pulse response of a typical partial-response system. If the
channel is excited by a pulse of duration T, channel filters (defined in Appendix C)
limit the spectrum such that the main part of the pulse extends across three signal in-
tervals and contributes equally to two sample times. The reason for the term partial
response is now apparent: The output only responds to one-half the amplitude of the
input.

*Pair isolation involves separating go and return pairs into separate cables.
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Figure 4.17 Output pulse of partial-response channel.

If the input pulse of Figure 4.17 is followed by another pulse of the same amplitude,
the output will reach full amplitude by virtue of the overlap between pulses. However,
if the next input pulse has a negative polarity, the overlap produces zero amplitude at
the sample time. Thus, as shown in Figure 4.18, a partial-response system with two-
level inputs (+1, —1) produces an output with three levels (+1,0, -1). In similar fash-
ion, Figure 4.19 shows a system with four input levels ( +3, +1, -1, —3) and seven
output levels (+3, +2, +1, 0, -1, -2, -3).

Detection of a partial response signal (PRS) is complicated by the additional levels
produced by the channel filters and the fact that sample values are dependent on two
adjacent pulse amplitudes. One method of detecting a PRS involves subtracting the
overlap of a previously detected pulse from the incoming signal to generate a differ-
ence signal representing the channel response to the new pulse. Only the overlap (in-
tersymbol interference) at the sample times needs to be subtracted. The difference
samples are nominally equal to one-half the amplitude of the unknown input pulse.
This technique doubles the error rate in the same manner that differentially encoded
error rates are doubled,

Another method of detecting partial-response systems involves a technique called
precoding at the source. Precoding transforms the input data in such a manner that the
output level at the detector directly indicates the original data without comparison to
the previous sample value. In a binary system, for example, a 1 is encoded with a pulse
of the same polarity as the previous pulse. Hence logic 1’s show up at the detector as
either a +1 or a —1 sample. Transmission of a 0 is encoded with a pulse of opposite
polarity to the previous pulse. Hence logic 0’s always show up at the detector as a
zero-level signal. Similar precoding techniques exist for multilevel systems [28].

Two-level input Three-level output

. _

Figure 4.18 Three-level partial-response inputs and outputs.
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Figure 4.19 Seven-level partial-response inputs and outputs.

The partial-response technique just described is actually a special case of a more
general class of signaling techniques referred to as correlative level encoding [26]. To
describe the properties of generalized partial-response or correlative level systems, it
is convenient to introduce a delay operator D to denote delay equal to one signal in-
terval T. Physically, D can be thought of as a delay line of length T. Two units of delay
is implemented with two delay lines in series and is denoted as D2

Using this notation, the partial-response system described above is referred to as
1+D PRS: The output represents the superposition of the input with a delayed version
of the same input. Other forms of overlap are possible. These systems do not neces-
sarily produce the overlapping pulses by overfiltering an input. An alternative ap-
proach is to overlap and add the pulses directly in the encoding process (hence the term
correlative level encoding). An interesting special case of correlative level encoding
is the 1 — D system shown in Figure 4.20 and extended in Figure 4.21 to show the ef-
fect of overlapping pulses.

The 1 — D encoder uses a single cycle of a square wave across two signal intervals
to encode each bit. Since neither of the two individual signals ( +— or —+) produce dc
energy, the encoded signal has no dc wander. Furthermore, the positive and negative
levels of the composite signal alternate in a manner reminiscent of bipolar coding.
In fact, if differential encoding is used (i.e., if a 0 is encoded with the same phase

Width Overlap

of one into
signal adjacent
interval interval
|
|
1
Logic 1 Logic O

Figure 4.20 Individual signal clements for 1 — D correlative level coding.
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Figure 4.21 Representative waveform of 1 — D correlative level encoding,

as the previous interval and a 1 as the opposite phase), this form of encodin gisiden-
tical to bipolar coding (assuming the NRZ levels are replaced by 50% RZ pulses).
Thus 1 - D correlative level encoding is used to shape the bandwidth rather than
to limit it. The spectra of unfiltered 1 + D, 1 ~ D, and 1 — D? signals are obtained
from reference [27] and plotted in Figure 4.22. The T1D T-carrier system of AT&T
uses precoded 1 + D level encoding (also called duobinary).

The spectrum of the 1 — D? signal is particularly interesting. It has no dc component
and an upper limit equal to 1/27: the same upper limit as a maximally filtered NRZ
code with no intersymbol interference. The 1 — D? partial-response systems have been
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Figure 4.22 Spectra of unfiltered 1 + D, 1 — D, and 1 — D? correlative encoded signals.
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used by GTE in a modified T-carrier system providing 48 voice channels [29] and for
digital transmission over analog microwave radios using very low baseband frequen-
cies for pilots and service channels (where no message spectrum exists) [30]. The ob-
solete 1A-RDS (data-under-voice) system of AT&T also used 1 — D? coding with
four-level inputs to get 1.544 Mbps into 500 kHz of bandwidth [31].

Notice that the 1 — D? spectrum is essentially the product of the 1 + D and the 1 -
D spectra. Indeed, a 1 — D? system can be implemented by concatenating a 1 — D en-
coder with a 1 + D channel response: (1 -DY1+D)=1 - D2, Thus correlative level
system polynomials are very useful for simultaneously representing correlations and
spectrum shaping. Since all correlative level systems use more levels than necessary
for encoding the data, they are inferior to uncorrelated or full-response systems in
terms of error performance.

A summary of digital transmission systems identifying various line codes is pro-
vided in Table 4.7. Other line codes used specifically in fiber systems are described in
Chapter 8.

4.4 ERROR PERFORMANCE

The preceding sections of this chapter emphasized the timing and power spectrum re-
quirements of various transmission codes. Another fundamental consideration in
choosing a line code is the error rate performance in the presence of noise. Except on
relatively short lines, where noise may be insignificant, error performance require-
ments can impact system cost significantly. If a certain minimum error rate is speci-
fied, those coding schemes providing the desired error rate at lower signal-to-noise
ratios allow regenerative repeaters to be spaced farther apart, thereby reducing instal-

TABLE 4.7 Digital Transmission Systems

Country or Bit Rate Repeater
Designation Administration (Mbps) Line Code Media Spacing
T AT&T 1.544 AMI/BBZS Twisted pair 6000 ft
E1 ITU-T 2.048 HDB3(B4ZS)  Twisted pair 2000 m
TiC AT&T 3.152 Bipolar Twisted pair 6000 ft
T148 ITT 2.37, ternary  4B3T Twisted pair 6000 ft
9148A GTE 3.152 1-D?, Twisted pair 6000 ft
duobinary
TiD AT&T 3.152 1+D, Twisted pair 6000 ft
duobinary
TiG AT&T 6.443 Four-level Twisted pair 6000 ft
T2 AT&T 6.312 B6ZS Low-capacitance 4800 ft
twisted pair
LD-4 Canada 274.176 B3ZS Coax 1900 m

T4M AT&T 274.176 Polar Coax binary (NRZ) 5700 ft
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lation and maintenance.” Repeater spacing is an important economic factor in wireline
transmission, in optical fiber transmission, and on point-to-point radio links.

The error rate results and comparisons presented in this section are based on white
Gaussian noise. This is the most common form of noise and the best understood. In
some applications, as within the older electromechanical telephone network, impulse
noise may be more prevalent. Thus these analyses do not provide a complete error rate
analysis for some applications. The intent of this section is to present relative error per-
formance comparisons of various line-coding techniques. For this purpose a white
noise analysis is most appropriate. If impulses are large enough, they cause errors in-
dependent of the coding scheme in use.

For the most part, the following sections present only the results of the error analy-
ses in the form of graphs of error rate as a function of signal-to-noise ratios. Appendix
C derives the basic equations used to produce the results.

4.4.1 Signal Detection

Invariably, the detection circuitry of a digital receiver processes incoming signal
waveforms to measure each possible discrete signal. In most cases the measures are
nothing more than samples of a filtered receive signal. Depending on the signal shape
and the level of performance desired, the receiver uses more sophisticated processing,
In any case, the end measurement of a binary signal nominally produces one voltage
level for a 0 and another voltage level for a 1. A decision of which signal was trans-
mitted is made by comparing the measurement (at the appropriate time) to a threshold
located halfway between these nominal voltages. N aturally, the error probability de-
pends on the nominal distance between the voltages and the amount of fluctuation in
the measurements caused by noise.

Since signal measurements are normally linear in nature, the error distance between
1’s and 0’s is proportional to the received signal voltage. Equivalently, the amount of
noise power required to produce an error is a direct function of the si gnal-to-noise ra-
tio. The optimum detector for a particular signal set maximizes the signal-to-noise ra-
tio at the input to the decision circuit.

442 Noise Power

White Gaussian noise is characterized as having a uniform frequency spectrum across
an arbitrarily large bandwidth and an amplitude distribution that varies according to a
normal (Gaussian) probability distribution. A parameter N, conventionally represents
the power spectral density of white noise and is the amount of power measured in a
bandwidth of 1 Hz. Hence the rms power of white noise coming out of a filter with a
bandwidth BW is (N,}(BW).}

"On T1 lines the repeater spacing was predetermined by the locations where loading coils needed to be
removed. Thus the error rate performance essentially determined the maximum data rate.

The power spectral density of white noise is also specified as %No for a two-sided spectral density. As a
practical matter, there is no difference in the specifications, since a real filter has the mathematical
equivalent of identical positive- and negative-frequency bands. Thus the measured power coming through
a filter with a one-sided (positive-frequency) bandwidth BW is Np BW in either case.

1,
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To determine the amount of noise power present at a decision circuit, it is necessary
to determine N, and the effective bandwidth of the detection circuitry. When the de-
tection circuitry consists of nothing more than a filter, the effective bandwidth is usu-
ally very close to the 3 dB bandwidth of the filter. With other more sophisticated
detectors, the effective bandwidth can be more difficult to determine. As derived in
Appendix C, the effective bandwidth is usually referred to as the effective noise band-
width (NBW) of the receiver. Hence the noise power at the decision circuit is (Np)
(NBW).

4.4.3 Error Probabilities

An error in detection occurs whenever noise causes the signal measurement to cross
the threshold between the two nominal output levels of the detection circuitry. Appen-
dix C derives this probability for white Gaussian noise as

prob(errod = *\/%0—_ I et gy 4.5)

where v = nominal distance (voltage) to a decision threshold
o2 = noise power at detector, = (N (INBW)

Equation 4.5 is nothing more than the area under the probability density function
of a normal distribution. As shown in Figure 4.23, the equation represents the error
probability as the probability of exceeding v/c standard deviations in a normal distri-
bution with zero mean and unit variance N(1, 0).

The error rate is completely determined by the ratio of v to . Since v is the noise-
free sample voltage and o2 is the rms noise power, v%/0? is a signal-power-to-noise-
power ratio at the detector. This ratio is sometimes referred to as a postdetection SNR,
since it is measured after the detection circuitry. It is usually more important to eXpress
error rates in terms of an SNR at the input to the receiver. Figure 4.24 depicts a basic
channel, a basic detection model, and the relation between a predetection SNR and a
postdetection SNR. For reasons discussed in Appendix C, the most appropriate pre-
detection SNR for comparing line codes and digital modulation formats is an energy-
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Figure 4.23 Probability of error for binary signaling.
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Figure 4.24 Signal detection model.

per-bit-to-noise-density ratio £,/N,. The relationship between E}/Ny and the signal-
power-to-noise-power ratio is

SNR = signal power

noise power

dE(1/T)
- NyNBW

_ dEylog,L (1/T)
- NyNBW

(4.6)

where d= pulse density
E = energy per symbol
E, = energy per bit
log, L = number of bits per symbol (i.e., L = number of levels)
/T = signaling rate
NBW = effective noise bandwidth of receiver

In determining the signal power in Equation 4.6, notice the dependence on the
pulse density d. In a balanced NRZ line code the pulse density is 1, but in many of the
other line codes the pulse density is dependent on the data and any substitution algo-
rithms that may be in use. In these codes, increasing the pulse density increases the
SNR but does not reduce the error rate. The error rate is determined by the energy-
per-bit-to-noise-density ratio. In fact, increasing the pulse density might worsen the
error rate if interference between cable pairs is a significant consideration. (Interfer-
ence is directly proportional to the signal power.)

Antipodal Signaling

The optimum signaling format for binary signaling maximizes the error distance for
a given received signal power and simultaneously minimizes the noise bandwidth.
This condition arises only when two signal levels are allowed and only when one sig-
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nal is the exact negative of the other. Since the signal for a 1 is the exact opposite (the
antipode) of the signal for a 0, optimum signaling is often referred to as antipodal sig-
naling. Since no other bit-by-bit signaling scheme is any better, antipodal performance
is often used as a basis for comparisons. Of the line codes described previously, only
balanced two-level (NRZ) encoding and digital biphase can provide antipodal per-
formance. Figure 4.25 shows the optimum error performance provided by antipodal
signaling as a function of E,/Nj and the SNR.

Error Rate of Level Encoded Signals
As already mentioned, a balanced, two-level line code is capable of providing opti-
mum error rate performance. If an unsymmetric level code is used, such as unipolar,
the same basic detector is used as in symmetric level encoding. The only difference is
that the decision threshold must be moved from zero to half the amplitude of the *“on”
signal. To maintain the same error distance, the average transmit power is increased
by a factor of 2. Hence a unipolar code carries a performance penalty of 3 dB with re-
spect to antipodal performance.

Figure 4.25 shows the ideal performance of a unipolar (on—off) code where it is
compared to antipodal performance. Notice that for all SNRs the error rate of the on—
off system is exactly equal to the error rate of an antipodal system with 3 dB less SNR.

Bipolar Signaling

With respect to error performance, bipolar signaling is basically identical to a unipolar
code. During any particular signal interval, the receiver must decide between one of
two possible levels: zero or a pulse with the appropriate polarity. Hence the decision
threshold pertinent to a particular signal interval lies halfway between zero and the
amplitude level of the allowed pulse. Narrowing the pulse to 50% of the signal interval
does not change the theoretical error performance (with respect to average pulse en-
ergy). Thus the error rate curve for on-off keying in Figure 4.25 can be used to deter-
mine theoretical bipolar error rates.

One consideration in a bipolar line code contributes to a slightly higher error rate
than in on—-off keying. This increase occurs because both positive and negative noise
can cause an erroneous threshold crossing when a zero-level signal is transmitted. In
contrast, a unipolar code is affected only by positive noise when a lower level signal
is transmitted and only by negative noise when the upper level signal js transmitted.
If the bipolar detector treats the erroneous pulse as a 1 (despite a bipolar violation),
the error probability when 0’s are transmitted is doubled. Thus the overall error prob-
ability is increased by 50% if 0’s and 1’s are equally likely.

Because of the steepness of the curve, an increase in the error rate of 50% does not
represent much of a performance penalty. For example, if the error rate is increased
from 1 x 10-6 to 1.5 x 1075, the source power of a line code needs to increase by only
0.2 dB to get back to a 1 X 1076 error rate. At higher error rates, a larger penalty occurs
because the curve is not as steep. These effects are demonstrated in Figure 4.25, where
the ideal performance of a bipolar code (with 50% 0’s) can be compared to the per-
formance of a unipolar code.,
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Figure 4.25 Error rates of polar (NRZ), unipolar, and bipolar line codes.
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The fact that bipolar coding incurs a 3.2-dB penalty (at 10-° error rate) with respect
to digital biphase is indicative that timing and dc wander problems are solved by in-
creasing the number of signal levels. In contrast, digital biphase incurs a bandwidth
penalty. Not all of the 3.2-dB penalty for bipolar coding, and its extensions BNZS and
PST, can be attributed to removing direct current and adding a consistent timing pat-
tern. Bipolar coding contains considerable redundancy for performance monitoring or
possible error correction.”

Example 4.3.  Assume each section of a T1 transmission system on 22-gauge cable
is near-end crosstalk limited and operating with a 106 error rate. What design changes
are needed to reduce the error rate to 10787

Solution,  Since the system is crosstalk limited, the error rate cannot be improved
by increasing the power out of the regenerative repeaters. The solution is to space the
repeaters closer together (ignore the impractical aspects of this solution). From Figure
4.25 it can be determined that the signal power must be increased by 1.6 dB to improve
the error rate from 10-5 to 102, In Figure 4.10 it is seen that the main lobe of the
bipolar spectrum extends up to 1.544 MHz. However, most of the energy in the
spectrum lies below 1 MHz. Using Figure 1.14, we determine that the attenuation of
22-gauge cable is 5 dB/kft at 1 MHz. Hence 1.6/5 = .32 kft or 320 ft is the reduction
in repeater spacing required.

Example 4.3 demonstrates a number of important aspects of digital transmission
systems, First, arbitrarily good transmission quality can be obtained with only a small
penalty in transmit power or repeater spacing.” Thus, as mentioned in Chapter 2, a
digital transmission and switching network can be readily designed to impart no deg-
radation to voice quality, except where analog-to-digital and digital-to-analog conver-
sions take place.

Second, the dramatic improvement in error rate for a relatively small increase in
the SNR implies extreme sensitivity in the opposite direction also. A slight increase
in poise power or signal attenuation would cause a large increase in the error rate.
Hence the nominal design of a digital link often provides considerably better perform-
ance than normally necessary.

Third, the solution to Example 4.3 applies to any digital transmission format using
the same band of frequencies and, hence, the same attenuation per mile. Since all line
codes have approximately the same steepness at a 1078 error rate, the relative change
in SNR is the same for all systems. Thus a T1 system with suboptimum detection
would exhibit the same performance improvement if the repeaters were moved 3201t
closer together. (T1 lines are designed to provide less than a 10-¢ error rate to begin
with. See reference [32] for a thorough report of error rate surveys on T1 lines.)

“In terms of logic-level decisions, a bipolar code cannot provide error correction, If a pulse is removed to
eliminate a bipolar violation, half of the time the error is corrected but half of the time another error is made.
Error correction is possible only with a Viterbi-like detector described previously. In this case a bipolar
code provides better performance than a unipolar code.

tSome systems, such as the radio systems discussed in Chapter 6, require a greater decrease in repeater
spacing to achieve the same improvement in performance.
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Multilevel Error Rates

The multilevel transmission system shown in Figure 4.16 does not require bandwidth
in excess of a binary system using the same signaling rate, yet it achieves three times
the data rate. The penalty for multilevel transmission comes in the form of greatly in-
creased signal power for a given error rate. For example, the average power of the
eight-level system in Figure 4.16 is 8.7 dB above the average power of a symmetric
two-level system with the same error distance. To make matters worse, some systems
are peak power limited, in which case the eight-level system has a 12.4-dB disadvan-
tage with respect to a two-level system. The error rates of multilevel systems are de-
tived in Appendix C and plotted in Figure 4.26 as a function of E,/N,, For those cases
where the peak power is of interest, the relationship between the peak and average
power of a multilevel system is derived in Appendix C as

(L— 1y
QILZH? (2= 1)

Peak-to-average (dB) = 10 log,,, 4.7

where L is the number of equally spaced levels centered about zero [e.g., £1, 43, 5,
LEL =D
The error rates of 1 + D partial-response systems are also derived in Appendix C
and plotted in Figure 4.27. These error rates are derived under the assumption that bit-
by-bit detection is used. Since partial-response systems contain redundancy (correla-
tion) in adjacent samples, better performance can be achieved with Viterbi decoders
[12].

4.5 PERFORMANCE MONITORING

Two basic techniques exist for directly monitoring the quality of a digital transmission
link: redundancy checks and pulse quality measurements. Both techniques are de-
signed to provide an indication of the bit error rate (BER) of the channel.

4.5.1 Redundancy Checks

Redundancy can be incorporated into a digital signal using one of two common meth-
ods. First, the line code itself may contain redundancy as in bipolar coding. In a ran-
dom, independent error environment the frequency of bipolar violations is very nearly
equal to the channel BER (except for extremely high BERs). Second, logic-level re-
dundancy can be inserted into the data stream in the form of overhead bits. For exam-
ple, parity bits are inserted into DS3 and DS4 signals for the express purpose of
monitoring the channel error rate. (The frame structures of these and other higher level
multiplex signals are provided in Chapter 7.) Cyclic redundancy check (CRC) codes
are also incorporated into a number of transmission systems as a means of monitorin g
BERs and validating framing acquisition. Two prevalent examples of CRC use are (1)
extended superframe (ESF) on T1 lines [33] introduced with the D4 channel banks and
(2) optical fiber transmission using the SONET standard described in Chapter 8.
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The use of logic-level redundancy (either parity bits or CRC codes) is generally
better than the use of line code redundancy (such as bipolar violations) because the lat-
ter is dependent on the technology of the transmission link itself. Logic-level redun-
dancy, on the other hand, is unaffected by a change from cable pairs to fiber or radio.
As described later in this chapter, a major impetus for the introduction of ESF into T1
transmission systems was to get performance monitorability independent of bipolar
line codes. DS1 signals are often multiplexed into higher level digital signals and car-
ried on a variety of transmission systems such as fiber and radio. The CRC codes in
the ESF framing format provide the means for end-to-end performance monitoring in-
dependent of whatever transmission systems carry the data stream.

In contrast to line code redundancies, parity bits and CRC codes do not provide a
one-to-one indication of the BER. The following equation relates the parity error rate
(PER) to the channel BER:

PER = 2( Jp(l P (G odd) (4.8)

where N = length of a parity field (number of bits over which parity is generated)
p = BER assuming random, independent errors

The relationship between the PER and the BER is plotted in Figure 4.28 for DS3
and DS4 signals. Notice that at low error rates the PER is essentially N times the BER
(Np). At high error rates, however, this relationship changes because any odd number
of errors in a frame is indistinguishable from a single error. When the BER is high
enough that more than one error in a parity field is likely, the PER is useless as an ab-
solute estimate of the error rate. In these cases the PER indicates only that the BER is
above a threshold approximately equal to 1/N. Because a DS4 frame format contains
a higher density of parity bits, DS4 signals can be measured for higher error rates than
can D83 signals.

Determination of a CRC error rate is simplified because it is unlikely for multiple
errors to not produce a CRC error. Thus the probability of a CRC error (CRCER) is 1
minus the probability that no errors occur:

CRCER =1-(1-p)" (4.9)

where N = length of the CRC field (including CRC bits)
p = BER assuming random, independent errors

Again, at low error rates Equation 4.9 reverts to N times the BER (Np). Equation 4.9
is plotted in Figure 4.28 for ESF frames where the CRC field is 4614 bits. (The CRC
field does not include F bits in Table 4.8 except the C bits themselves.)

To have confidence in error rate measurements, the sample sequence must be long
enough to allow an average of about 10 errors in the sample size (e.g., the sample size
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TABLE 4.8 Extended Superframe Framing Channel Format?®

F-Bit Assignment

ESF Frame
Number ESF Bit Number FPS FDL CRC
1 0 — m —
2 193 — — CB1
3 386 — m —
4 579 0 — —_
5 772 - m —_
6 965 — — CcB2
7 1158 — m —
8 1351 0 — —
9 1544 —_ m —_
10 1737 —_ — cB3
11 1930 — m o
12 2123 1 —_ —_
13 2316 —_ m —_
14 2509 E== — CcB4
15 2702 —_ m —_
16 2895 0 — —
17 3088 = m —
18 3281 — — CcBS
19 3474 - m —_
20 3667 1 — —_
21 3860 == m —
22 4053 —_ e CB6
23 4246 — m e
24 4439 1 — —_

arpg, framing pattern sequence (. . .001011. . .); FDL, 4 kbps facility data link (message bits m); CRC, CRC-6
cyclic redundancy check {check bits CB1-CB6).

must be 10/BER). Hence, when trying to measure low BERs (e.g., 1076 or 10~7), the
measurement time may be too long to respond to changing channel conditions such as
radio channel fading.

4.5.2 Signal Quality Measurements

The second basic technique for monitoring digital transmission quality is to process
the digital signal directly and measure certain properties related to the error rate. A
simple approach involves merely measuring the received signal power, a common
technique in analog systems. In a fixed-noise environment this approach is adequate.
However, on transmission links where the noise level can vary or where signal distor-
tions can arise, the quality of the pulses themselves must be measured.
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1

Decision threshold :|>Pseudoerror region

0

Figure 4.29 Pscudoerror detection.

Figure 4.29 demonstrates the operation of a “pseudo” error detector designed to de-
tect received pulses with abnormal amplitudes at the sample times. In the example
shown, binary data is detected by use of a single threshold located midway between
the normal pulse amplitudes. Two additional thresholds are included to detect the
presence of pulses with abnormal amplitudes. Sample values falling into the central
decision region are not necessarily data errors, but a high pseudo-error rate is a good
indication that the channel is not performing properly.

In a random (Gaussian) noise environment the occurrence rate of pseudo-errors is
directly related to the actual error rate. Figure 4.30 shows a Gaussian noise distribution
and decision thresholds chosen to produce pseudo-errors at 100 times a 10-6 error rate.
Hence an attractive feature of this error rate measurement is that it can measure very
low error rates using comparatively short test intervals. Note, however, that the error
multiplication factor is dependent on the error rate. The technique of estimating a very
low error rate by extrapolating from an artificially generated high error rate is some-
times referred to as a Q-factor technique [34]. In essence, the parameters (mean and
variance) of a Gaussian distribution are estimated with easily obtained measurements
so the much lower error rates can be estimated from the parameters, This technique is
particularly useful in optical fiber systems where extremely low error rates are to be
determined that otherwise require extremely long measurement times.

Decision
0 threshold 1
Probability of
| /.-_ pseudoerror = 10~ *
- Probability of
detection error = 10”®
-1 -0.2 0 0.2 1

Figure 4.30 Pseudoerror decision thresholds for error multiplication of 100.
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A major disadvantage of pseudo-error detection is that pseudo-error rates are not
accurately related to actual error rates when the noise is non-Gaussian. Channel dis-
tortions, in particular, cause high pseudo-error rates when the actual error rates are
small. Even though abnormal pulse amplitudes are present, errors do not occur unless
noise adds to the distortion. On the other hand, impulse noise might produce high ac-
tual error rates but relatively low pseudoerror rates.

The correspondence between measured and deduced error rates is improved when
the decision threshold is narrowed. Unfortunately, narrower pseudo-error decision re-
gions are more difficult to implement and provide lower “error” rate multiplication
factors.

4.5.3 Framing Channel Errors

As described in Section 4.6.2, identification of individual channels of a TDM data
stream requires overhead bits with a unique data pattern for frame identification. After
a receiving terminal has “locked” onto the framing pattern, it ignores occasional bit
errors in the framing pattern but declares an out-of-frame (OOF) condition when the
errors are consistent. Thus framing bit errors can be used to determine low error rates
but not high error rates that cause false OOF indications and subsequent loss of fram-
ing. Error rates that are high enough to cause false QOF indications are usually so high
that the link is effectively out of service.

4.5.4 Performance Objectives

The most basic measure of quality of a digital transmission link is its BER. If the errors
occur in a truly random and independent manner (i.e., they conform to a simple Pois-
son probability model), the average BER completely specifies the performance. Un-
fortunately, error rate observations [32] show that errors often occur in bursts, and
because bursts affect different services in different ways, specifying the quality of a
transmission link requires more than just the average BER. For example, data traffic
is generally transmitted in blocks that are retransmitted no matter how many errors oc-
cur in a block. Thus, a burst has little more effect than a single bit error. The rate of
retransmissions of data blocks is more a function of the frequency of the bursts than
of the long-term average BER. Voice traffic, on the other hand, is increasingly de-
graded by all bit errors whether or not they occur in bursts.

Channel errors that occur in bursts can also be much more deleterious to certain op-
erations of a network than are distributed errors at a similar average rate. A loss of
framing, for example, occurs more often in a burst error environment,” Certain timing
operations (pulse stuffing) described in Chapter 7 are also similarly affected by bursts.
Losses of framing and time synchronization both produce outages (e.g., continuous er-

“Errors in a burst are not necessarily contiguous. They merely occur in a short time interval at a rate that is
too high to be reasonably explained as chance independent events,
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rors) in the associated traffic channels or even inadvertent disconnects if the condi-
tions last too long.
Common performance parameters used to characterize error rates are:

1. Error-Free Second (EFS): Because data blocks transmitted at 64 kbps require
much less than a second, the percentage of EFS essentially specifies the
percentage of time that the channel is available for data transmission
applications. (When the block transmissions are much shorter than a second, a
shorter measurement interval is more appropriate.)

. Burst Errored Second (BES): An errored second with at least 100 errors.

. Errored Second (ES): A second with at least one error.

. Severely Errored Second (SES): A second with a BER greater than (10)-3.

. Degraded Minute (DM): A minute with a BER greater than 10-5.

h B~ W

The last three parameters are defined in ITU recommendation G.821 for performance ob-
jectives of a digital network. The objectives for a 27,500-km reference connection (imply-
ing error contributions from many sources) are ES < 8%, SES < 0.2%, and DM < 10%.

The availability of fiber optic transmission technology with extremely low error
rates (e.g., 1 error in 10'2 bits) and higher level communications protocols that rely on
very low error rates have created a situation where the very low error rates are relied
on, even though they might not be obtained by metallic or radio systems. As discussed
in Chapter 10, contemporary data networks [frame relay, asynchronous transfer mode
(ATM), Internet protocol (IP)] do not provide error control at the data link layer but
defer the problem to a higher level process.

4.5.5 Forward Error Correction

On transmission channels such as digital subscriber lines and digital radio links, rela-
tively high error rates are sometimes unavoidable. When real-time applications like
voice or video are involved, the effects of channel errors cannot be accommodated by
periodically adding redundant check-sum bits and requesting retransmission of cor-
rupted blocks of data as is commonly done in many data communications protocols.
As mentioned in the previous chapter, particularly critical bits of compressed digital
mobile speech are redundantly encoded with enough bits to permit error correction of
some number of bit errors. Because this basic process does not require retransmission
of data, it is known as forward error correction (FEC) [35].

FEC involves adding redundant data bits, like parity bits or CRC bits, but in
sufficient quantity to enable error correction instead of just error detection. Two
basic forms of FEC are block encoding and convolutional encoding. A block en-
coder attaches error correction redundancy to fixed-length blocks of data, which
implies the need for establishing block framing to identify the fields of redundant
bits. A convolutional encoder, on the other hand, continuously inserts error cor-
rection bits that are continuously processed by the decoding circuitry while recov-
ering the original data.
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Reed-Solomon Codes

Although a wide variety of block-coding algorithms have been developed, Reed—
Solomon (RS) coding is the most popular form. When a block of source data symbols
of length M is input to an RS coder, an output block of length N symbols is produced,
where N — M is the number of check symbols R. An RS code with these parameters is
commonly referred to as a RS(N, M) =RS(N, N — R) code. An RS(N, N — R) code can
correct % R symbol errors. In most cases a symbol consists of an 8-bit byte of data,” so
multiple bit errors in a single byte are no worse than a single bit error. Digital video
broadcasting (DVB) systems use RS(204,188) codes, which means that as many as
eight bytes can be corrupted and be corrected.

Example 44. Determine the probability of failure of an RS(204, 188) code
operating in a random error environment with a bit error probability of 10-*. Assume
each symbol is an 8-bit byte.

Solution. Because the probability of multiple bit errors in a single byte is small,
the probability of a symbol error p, is very close to 8 x 1073, Using p;, the
probability of failure (the probability of more than eight symbol errors), pr can be
determined as

204

Pr=, (2?4)17_’;(1 ~py**

=9

]
204 i
=1-¥% ( ; )ps(l —p)*

=0
= 0.00005

Convolutional Coding
Block diagrams of two basic convolutional encoders are shown in Figure 4.31.

Both of these encoders are referred to as rate 1/2 encoders because the source data
rate is half the channel data rate. During each bit time of a source two output bits are
generated. As illustrated in Figure 4.32, the constraint-2 length coder in Figure 4.31a
outputs odd parity over bits A and B along with the value of B directly. In Figure
4.31b, odd parity across overlapping fields (A, B, C and A, C) are generated. In the
case of odd parity over A, B, C an output value is a 1 if and only if an odd number of
A,B,Care 1.

An important consideration of a convolutional coder is the constraint length, which
specifies the number of instances that a particular source bit gets mapped into a chan-

*Reed~Solomon codes are sometimes denoted as RS(N, N — R, B), where B designates the length of a
symbol in bits.
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Figure 4.31 Rate 1/2 convolutional encoders: (a) source constraint length 2; (b) source
constraint length 3.

nel bit. In Figure 4.31a the length of the shift registers is 2 bits, which means that this
coder has a source constraint length of 2. Because the output clock is twice the input
rate, the channel constraint length is 4, Similarly, the encoder shown in Figure 4.31b
has a source constraint length of 3 and a channel constraint length of 6, Longer con-
straint lengths produce better performance. Because the encoder shown in Figure
4.31a has the shortest possibly constraint length, it is not commonly used but is con-
venient for illustrating the basic operation of a convolutional decoder. Notice that each

Source data
=0 (1 |0 |1 110 10 |1 |0

+ LN BN +

Channel data
{110t 1of11|jo0| |11 |———

Figure 4.32 Example input and output data sequences for convolutional encoder in Figure
4.31b.
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source bit in Figure 4.31a is mapped into 3 channel bits. It is this redundancy that gets
processed to recover the original data,

Example 4.5. Determine the decoding logic to decode received data for the
convolutional encoder of Figure 4.31a. Assume bit-by-bit decisions are made on each
received channel bit and only consider isolated channe] errors.

Solution. Two cases are possible for isolated channel errors: an error in a source bit
B or an error in a parity bit. If a source bit is received in error, two parity errors result.
Thus, when two adjacent parity errors occur, the most likely scenario is that the
implied data bit needs to be inverted. If a single parity bit is received in error, the most
likely scenario is that the parity bit is itself in error and no source errors have occurred.
Thus, isolated parity errors are ignored.

Example 4.5 illustrates that a convolutional encoder/decoder can easily correct iso-
lated channel errors—at the expense of doubling the data rate. In contrast to the pre-
vious example and the normal implementation of an RS decoder, a convolutional
decoder usually processes the received signal with maximum-likelihood sequence
(Viterbi) detectors [36]. In essence, a sequence of received signal samples is compared
to all possible channel input sequences with the closest allowable sequence chosen to
determine the source data. The added complexity provides significant benefits. Con-
straint length 7 convolutional coding, for example, provides better than 5 dB of im-
provement in error performance for a given SNR. Since a doubling of the necessary
bandwidth (for rate 1/2 coding) implies a relative noise increase of 3 dB, a net gain of
2 dB is achieved. Notice further that a convolutional encoder can correct a much
greater number of corrupted bits than can an RS code—as long as the corrupted bits
are separated by something greater than the channel constraint length. Hence, convo-
lutional coding is well suited to correct independent errors while RS codes work well
in burst error environments. For these reasons combinations of the two codes are often
used.

Maximum-likelihood detection of convolutional code sequences is very similar to
trellis-coded modulation (TCM) detection discussed in Chapter 6. The TCM discus-
sion provides some example measurements that involve the same basic process re-
quired for Viterbi detection of convolution codes.

4.6 TIME DIVISION MULTIPLEXING

Although FDM of digital transmission signals is possible and is used in some special
situations, TDM is by far the most common and economical means of subdividing the
capacity of a digital transmission facility. One application where FDM techniques
have been used for digital signals is on multidrop data communications lines, where
the sources and destinations of the data are distributed along the line. Most telephone
network applications, however, involve clusters of channels in the form of trunk
groups between switching offices. In local digital access applications, where sub-
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scriber locations are distributed throughout a service area, channels are sometimes
added and dropped on a distributed basis, but only with a limited number of access
points because of maintenance and reliability considerations.”

There are two basic modes of operation for TDM: those that repeatedly assign a
portion of the transmission capacity to each source and those that assign capacity only
as it is needed. The first form of operation is referred to as synchronous time division
multiplexing (STDM) when necessary, to distinguish it from the “as-needed” mode
of operation. Otherwise, TDM is generally understood to imply the synchronous va-
riety. The as-needed form of TDM is variously referred to as asynchronous time divi-
sion multiplexing (ATDM), Asynchronous Transfer Mode (ATM), statistical time
division multiplexing (Stat-Mux), or packet switching. Circuit-switched telephone
networks use STDM, whereas data networks typically use ATDM. Discussion of
these latter techniques is deferred to Chapter 10,

The term asynchronous is also used in another TDM context to refer to the multi-
plexing of multiple, independent tributary signals into a single higher rate signal. In
this context, “asynchronous” is totally unrelated to either asynchronous transmission
as described at the beginning of this chapter or packetlike multiplexing mentioned in
the previous paragraph. In this third context asynchronous refers to multiplexing of
multiple unsynchronized tributaries into a single high-rate serial stream. This chapter
is concerned only with multiplexing of synchronized tributaries. TDM of unsynchron-
ized tributaries is described in Chapter 7.

4.6.1 Bit Interleaving Versus Word Interleaving

Two different structures of (synchronous) time division multiplex frames are shown
in Figure 4.33. In the first instance each channel is assigned a time slot corresponding
to a single bit—hence the term bit interleaving. In the second instance each channel
is assigned a longer time slot corresponding to some larger number of bits, referred to
as a word—hence the term word interleaving.

The decision as to which structure to use in a particular application is primarily de-
pendent on the nature of the sources. In T-carrier systems each channel produces a
complete 8-bit word at a time. Hence word interleaving is desirable so all bits can be
transmitted as generated.

In contrast, 