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PREFACE TO THIRD EDITION

As was true of the preceding editions, the third edition covers the
entire field of electrical communication, including the transmission of
code, speech, and music by both wire and radio.

The third edition has been extensively revised. The basic subjects
of acoustics, electroacoustic devices, networks, lines, cables, wave
guides, and electronies have been grouped in the first part of the book.
Telegraph, telephone, and radio systems have been placed in the last
part. Both radio systems and dial telephone systems have received
much greater emphasis than in previous editions.

Covering the entire field of modern electrical communication in a
single book has necessitated a careful selection of material. It is
regretted that more text material and more illustrations could not be
included. However, the extensive lists of references will assist those
interested in locating additional information.

An important feature of the third edition is the addition of review
questions at chapter endings; also, the problems have been revised and
increased in number. The standards of the electrical and radio pro-
fessions have been followed closely.

The many courtesies of the American Telephone and Telegraph
Company, Pacifie Telephone and Telegraph Company, Bell Telephone
Laboratories, and Western Electric Company have been greatly appre-
ciated. Also courtesies extended by International Telephone and
Telegraph Company, Western Union Company, Radio Corporation of
America, Brush Development Company, General Radio Company,
Racon Electric Company, and others are gratefully acknowledged.

Appreciation is expressed to the editors of Electrical Engineering,
Proceedings of the Institute of Radio Engineers, Bell System Technical
Journal, Bell Laboratories Record, Electrical Communication, Elec-
tronics, Tele-Tech, Telephony, and others, for permissions to use quo-
tations, illustrations, and other material. Appreciation is also ex-
pressed to the authors of the many technical articles from which
information was obtained.

The assistance of Mr. Dwight L. Jones, of the Pacific Telephone and
Telegraph Company, who prepared most of the material on dial tele-
phone systems, is acknowledged with gratitude.

ARTHUR L. ALBERT

OrecoN STATE COLLEGE
April, 1950



PREFACE TO FIRST EDITION

Although several excellent books treating specialized phases of
electrical communication are available, there is a need for a book which
considers these subjects as they are related to one another in modern
communication systems. This book, accordingly, presents the various
phases of transmitting intelligence electrically as they contribute to the
end desired—that of providing the public with an adequate and eco-
nomical communication service.

This book is designed primarily for use as a college textbook, and as
a reference book for those in the communication industry who have
had a college education or other technical training. However, those
not, having such training will find much of value included.

Although higher mathematics has been employed where advisable,
the reader not prepared to follow these solutions will find, with few
exceptions, that the text is easy to follow. In most chapters the use of
mathematics has been limited; care has been taken, however, to insure
that this has not been accomplished at a sacrifice of engineering
exactness.

In preparing the manuseript the most recent communication stand-
ards have been rigidly followed. The material is thoroughly modern in
every detail.

Engineering educators will recognize that a high percentage of the
electrical engineering graduates now in the communication industry are
engaged in engineering work which is broad and non-technical in nature.
Relatively few graduates are engaged in such theoretical work as filter
design or transmission studies. In selecting material for the manu-
seript, this fact has been considered. It has been the aim of this book,
instead of merely presenting the electrical theories of communication,
to include a discussion of the entire industry and thus provide a basic
training upon which a successful career in communication engineering
can more readily be built.

Those in the communication industry who are engaged in admims-
trative, supervisory, or similar activities which are essentially non-
technieal in nature, but who desire a better understanding of the plant
and engineering features of their industry, should find this book of

great value. .
yn
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The manuscript has been reviewed by many unbiased authorities
on communication, and every care has been taken to insure its correct-
ness. It is with the greatest appreciation that this assistance is ac-
knowledged.

The writings of many authorities have been consulted during the
preparation of the manuscript. Many of these articles are listed at the
end of the chapters, and these have been freely referred to wherever it
is felt that the reader would be benefited. These references are especi-
ally valuable to the reader who is not well acquainted with the subject.
Many quotations are included, particularly where it seemed desirable
that the original wording should be maintained. The contributions of
these many writers are most gratefully acknowledged.

The courtesies of the Bell Telephone Laboratories, the American
Telephone and Telegraph Company, the Radio Corporation of America,
the Raytheon Production Corporation, and the American Institute of
Electrical Engineers, in supplying descriptive material and in rendering
other assistance, is greatly appreciated.

The assistance of the students and faculty of the school of engineering
at Oregon State College has been invaluable. In particular, the interest
and cooperation of H. S. Rogers, President of Brooklyn Polytechnic
Institute and former Dean of Engineering at Oregon State, and of
R. H. Dearborn, Professor and Head of the Department of Electrical
Engineering and Acting Dean of the School of Engineering at this
institution, have made this work possible,

ARTHUR L. ALBERT
OregoN State CoLLEGE



CONTENTS

CHAPTER

1.

© 00 = & O x W N

e e e e
= W N = O

Earry History oF ELEcTRICAL COMMUNICATION

. FUNDAMENTALS OF ACOUSTICS

. ErEcTRICAL FUNDAMENTALS OF COMMUNICATION
. ErEcTROACOUSTIC DEVICES

. ELEcTRIC NETWORKS

. TransMissioN LINES

. CaBLEs AND WAVE GUIDES

. ELecTRONIC APPLICATIONS IN COMMUNICATION
. TELEGRAPH SYSTEMS

. TELEPHONE EXCHANGE SERVICE AND SYSTEMS
. TELEPHONE ToLL SERVICE AND SYSTEMS

. Rapio WAVE PROPAGATION AND ANTENXNAS

. Rap1o SysTeEMs

. INTERFERENCE AND NOISE

INDEX

17

51

93
137
192
235
272
316
345
394
439
488
540
583



CHAPTER 1

EARLY HISTORY OF
ELECTRICAL
COMMUNICATION

Introduction. It is surprising how little was done to improve methods
of communication from primitive times until about the middle of the
nineteenth century. Before this time, with the exceptions of the signal
fire, semaphore, and heliograph, it was necessary for a person to travel
from place to place and communicate verbally, or for a written message
to be carried between two points. Methods of instantaneous com-
munication had to await the development of electrical knowledge, and
this development was slow and laborious.

This chapter will be devoted to a study of the events which led to
the perfection of electrical methods of communication. These his-
torical events well illustrate the early problems and also provide a
foundation upon which the later theoretical considerations can be built.

Early Views of Electricity and Communication. Before the Chris-
tian era, electrical knowledge was confined to the facts that rubbed
amber attracted light objects and that lodestone or magnetite exerted
magnetic effects. It is stated! that Homer noted these facts in the
twelfth century B.c. In 1267, Bacon published his theories of the polar
attraction of lodestone, which did much to stimulate thought along
electrical lines.

After the appearance of Bacon’s work, rumors were circulated
about a ‘“‘certain sympathetic needle” which could be used to transmit
information over long distances. This needle is thought to have been
first deseribed?! in print by Porta in 1558. According to the rumors,
which were unfounded, if both needles were magnetized from the same
lodestone by rubbing, a movement of one needle, even though at a great
distance, was supposed to cause a similar sympathetic movement in the
needle of the other instrument. In this manner, it was supposed, com-
munication could be established.

1 Superior numbers refer to the numbered references at the end of the chapter,
page 15. The “1,” for instance, refers the reader to the articles on the telegraph
and telephone in the Encyclopadia Britannica.

1



2 EARLY HISTORY OF ELECTRICAL COMMUNICATION

Early Attempts at Electrical Communication. The earliest known
attempts? at transmitting electricity over a distance were by Grey in
1727 and Dufay in 1733. The Leyden jar gave an impetus to such
experiments, and in 1747 Watson succeeded in discharging a jar and
measuring the effect over almost two miles of iron wire supported on
poles. Franklin performed similar experiments in 1748, but neither
he nor Watson attempted communication in this manner.

It is of interest to consider the extent of electrical knowledge at this
time. Gilbert had found by 1600 that a large number of substances
when rubbed attracted light objects. In 1629 Cabeo described his
theory of electric repulsion in electrified bodies. The first electrical
machine, consisting of a sulfur ball rubbed with the hand, was devel-
oped by von Guericke in 1650. This fundamental invention was
further perfected until it was possible to generate very high voltages
by frictional methods. The battery and the electrical generator em-
ploying electromagnetic induction, however, were not yet available.

The early methods of transmitting intelligence were by telegraph
systems, the word ‘“‘telegraph” being derived from the Greek words
téle meaning distant, and graphein meaning to write. Morrison in
1753 is credited with having suggested the first telegraph system. A
separate circuit was to be used for each character to be signaled.
A frictional generator producing a high voltage was to be connected at
the sending end, and small pieces of paper would be attracted by
suitable electrodes at the distant station. Some years later this method
was put into operation, but like all the devices based on electrostatic
attraction it was of little value.

The first attempt at electrical telegraphy was made by Lessage in
1774, using a system similar to that suggested by Morrison. Letters
were signaled by the divergence of pithballs. A revolutionary idea was
introduced by Lomond in 1787; he used a similar system but employed
one wire and a code of signals. Other methods employing spark dis-
charges at the receiving end to identify the signals were introduced by
Reusser (1794) and Cavallo (1795).

All these methods are chiefly of historic interest; with the possible
exception of the idea of a code as introduced by Lomond, these early
systems contributed little to the present telegraph.

The Development of the Electromagnetic Telegraph. In 1800,
Volta produced the battery and, for the first time, made continuous
currents available for experimentation. A current, as distinguished
from electrostatic methods, was probably first employed to transmit
intelligence by Salva in 1805, and by Soemmering in 1809. Both these
men determined the signal at the receiving end by passing the current
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between two electrodes immersed in water, and by detecting the
presence of gas bubbles.

The electromagnetic telegraph starts with Oersted, who in 1819
found that a magnetized needle would be deflected from its normal
position when brought close to a wire carrying a current. A year later,
Schweigger found that the deflection was increased if the needle was
wrapped with several turns of wire. Soon after, Ampére studied elec-
tromagnetism and proposed the use of magnetic needles and coils for
the reception of signals.

Ampere’s first telegraph system employed a pair of line wires for
each character to be sent, which made it of little value. Schilling in
1832 exhibited a system similar to Ampeére’s, but using fewer line wires.
Gauss and Weber in 1833 made further improvements, employing a
suspended bar magnet with an attached mirror which reflected a beam
of light as a signal detector. The signal currents employed in their
apparatus were generated by electromagnetic induction, independently
discovered by both Faraday and Henry. Much credit is due Steinheil,
who highly perfected the systems of Gauss and Weber, and who dis-
covered that the earth could be used for one side of the connecting cir-
cuit. Steinheil also arranged for the messages to be received by several
different means, including a code of dots recorded on paper moved by
clockwork, acoustically by means of needles which struck bells, and
visually by observing the motion of needles.

Wheatstone and Cooke did much to popularize the telegraph and
to demonstrate its commercial practicability. Their first system was
of the deflecting-needle type, requiring six line wires. It was used with
railway systems but was superseded by a type having only two line
wires. The independent discoveries of Argo and Davy that an electric
current had power to magnetize steel and the development of the
electromagnet by Sturgeon in 1825 contributed greatly to the progress
of telegraphy. Henry improved the electromagnet and in 1821 suec-
cessfully used this principle to operate a magnetized bar which rang a
bell and transmitted intelligence by code. It remained, however, for
Samuel F. B. Morse to apply this principle in a satisfactory manner.

The Invention of the Electromagnetic Telegraph. Morse was
born in Charlestown, Massachusetts, in April, 1791, and was graduated
from Yale University in 1810. He was interested in both science and
art. In fact, it was while returning from a study of art in Europe
that Morse conceived the principle of his telegraph. On board the ship
in October, 1832, a fellow passenger showed Morse an electromagnet
and performed a number of experiments with it. Also, Morse learned
that the speed of electricity was considered almost instantaneous.
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modified by Morse and his associates, and a telegraph key, to be
operated by hand, was substituted for the sending apparatus previously
described. The method of reading the Morse dot and dash code
message from sound rather than from a tape was perfected by Vail
in 1844.

Early in 1838, Morse applied for his patents, which were granted in
1848. In 1838 he demonstrated his apparatus before the President of
the United States and his cabinet, and a sum of money was provided by
the government for the construction of a line between Washington and

o %“ﬁ[ ) ey Wit %W_] =
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Fic. 2. An early telegraph relay system.

Baltimore. Over this circuit were sent, in 1844, the now-famous words
“What hath God wrought!” When Morse offered his telegraph to the
government it was refused on the recommendation of the postmaster-
general,! as he was “uncertain that the revenues could be made to equal
its expenditures.”

It is not feasible to record here all the subsequent developments
that followed Morse’s invention. Among the more outstanding are
the various methods of increasing the message-carrying capacity of the
line. Gintl invented the duplex system in 1853, and Heaviside in
1873 and Edison in 1874 independently invented the quadruplex
system. The multiplex system was suggested by Farmer in 1852,
and later developed by Meyer (1873), Baudot (1881), and Delany
(1884). Recent developments in telegraphy will be considered in
Chapter 9.

The Development of Submarine Telegraphy.5 The possibility of
submarine telegraphy was suggested by Salva in 1798. It was not,
however, until the introduction of gutta-percha as an insulator that
submarine cables became of commercial importance.

One of the first attempts to lay a submarine cable was made in 1850,
when a cable was placed between England and France. Because of its
weak construction, this cable broke shortly after communication was
established. In 1851 a second attempt was made and this cable
proved successful.

The first attempt to lay a cable across the Atlantic was made by
Field and his associates in 1857, but this ended in complete failure.
Tn 1858 a cable was laid between Newfoundland and Ireland and was
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operated for about three months, after which it failed. In 1865 an
effort was made to lay another cable, which broke when about two-
thirds completed. The following year, however, a cable was laid
across the ocean, and this cable proved satisfactory. There are now
more than twenty cables across the Atlantic between North America
and Europe, and more than 3500 submarine telegraph cables in the
entire world, with a total length exceeding 350,000 miles.

Early Attempts to Transmit Speech Mechanically. In the fol-
lowing pages the methods of transmitting intelligence by the voice
rather than by codes will be considered.

The word “telephone,” which is derived from the two Greek words
téle meaning distant, and phoné meaning sound, is thought® 7 to have
been first used by Huth in 1796. This usage was in connection with a
plan for relaying the spoken word over a distance by megaphones and
ear trumpets. Early attempts at transmitting speech were mechanical
rather than electrical; that is, the sound waves were directed by
trumpets or through tubes, or the sound impulses were carried through
rods or wires between the two communicating points. It is probable
that speaking trumpets and ear trumpets date back to the distant past
and that these were the first method of inereasing the distance of
speech transmission. Although references are made® to “monstrous
trumpets of the ancient Chinese,” these devices were the object of
experimentation in comparatively recent years.® Speaking tubes,
which are used today, were discussed® as early as 1589, although they
probably date back much farther.

A second method of transmitting speech during this early period
consisted of using rods, strings, or wires to conduct the sound impulses
between the two points. As early as 1665, Hooke® discussed this sub-
ject in some detail. Early mechanical telephones were developed by
connecting two distantly located sounding boards by means of some
intervening object such as a rod, a wire, or a string.

The string telegraph or lovers’ telegraph is the best example of
speech transmission by mechanical means. The origin of this instru-
ment is uncertain,® but it probably dates back several hundred years.

Early Attempts to Transmit Speech Electrically. Bourseul, in
1854, is considered the first to have attacked the problem of trans-
mitting speech by electrical means. In fact, Bourseul nearly stated
the correct principle of the telephone about twenty years before it was
actually invented. The mistake he made was to suggest that the “disk
alternately makes and breaks the current from a battery.” Had
Bourseul suggested a variable contact for the make-and-break contact,
success might have been his, ’
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One of the first inventors to attempt to transmit speech electrically
was Reis,® who in 1861 constructed a device which he called a tele-
phone. He apparently followed the suggestions of Bourseul, as he
had a transmitter consisting of a stretched membrane operating a
make-and-break contact. The action of the receiver was based on
the Page effect; that is, if a rod of iron is suddenly magnetized or
demagnetized a faint sound is given out. This device did succeed in
transmitting sound of one pitch but did not transmit speech.

The Invention of the Electric Telephone. The telephone by
which speech was first transmitted electrically was invented by Alex-
ander Graham Bell. He was the descendant of a line of men famous
in speech, elocution, and acousties. His grandfather, Alexander Bell,
was a professor of elocution.1® His father, Alexander Melville Bell,
followed this same calling in Edinburgh and London. He specialized
in treating stammering pupils.

For some years young Bell was a teacher of elocution in wvarious
schools, and during this period he met in London two men who greatly
influenced his life.10.11  These men were Ellis and Wheatstone. Ellis
told Bell of the work of Helmholtz with vibrating tuning forks driven
by electromagnets, and it is probable that this first inspired Bell with
the idea of a musical telegraph. WWheatstone demonstrated various
devices such as the talking machine.

To seek a more healthful climate for young Bell, the family left
England and settled in Canada. In 1871 he went to Boston, where
he taught a class of deaf mutes. He was later made a professor in
Boston University and opened his own School of Vocal Physiology.

Bell’s early efforts were directed toward a harmonic or musical tele-
graph. As his investigation proceeded, he became convinced that the
human voice could be conveyed by electrical means. Bell made a
statement which showed that he had conceived the correct solution
to the problem. According to Watson, who was Bell’s assistant in the
investigations, he said:12 “If T could make a current of clectricity
vary in intensity, precisely as the air varies in density during the
production of a sound, I should be able to transmit speech telegraph-
ically.” About this same time Bell visited Henry, who was then
foremost in electrical science in America. He explained his ideas and
demonstrated certain experiments to Henry, and was told7 that he
possessed “the germ of a great invention.” Bell remarked that he felt
that he did not have the electrical knowledge required to overcome
certain difficulties and was advised by Henry to “get it.”

It was on June 2, 1875, that the first sounds were transmitted by
Bell and Watson as they were experimenting with their harmonic tele-
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tion coil with the transmitter (sce page 347). Edison was the first
to use this principle commercially.

Blake offered to the Bell interests an improved mierophonic trans-
mitter consisting of a platinum and a carbon electrode held in contact
with springs. This proved successful and was willingly accepted.
The Western Union Company became convinced that the Bell patents
were valid and withdrew from the telephone business.

The Development of Telephone Service. The first telephone
switchboards were modeled after the then-existing telegraph boards.
In some of these the party to be called was signaled by a buzzer ar-
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Fra. 7. Simplified diagram of Berliner’s Fia. 8. Simplified diagram of the
transmitter. transmitter designed by Hunnings.

rangement causing the distant receivers to give out a grating sound.17
This receiver, in addition to fulfilling the signaling function, also served
as a magneto transmitter. The “Universal” and “Standard” switch-
boards were introduced in 1879 and 1880 respectively. Other switch-
boards and many important changes were adopted in the years fol-
lowing. 717

Until about 1891 almost all telephones were operated with local
batteries at each set to supply the transmitter current, and with hand
generators for signaling purposes. An important advance was the
common-battery switchboard developed®® from the fundamental in-
ventions of Carty. This switchboard employed one battery at the
central office for all the telephone sets connected. The first common-
battery switchboard was installed in Lexington, Massachusetts, in
1893. The so-called automatic systems (now called dial telephone
systems) early received the attention of inventors, and in 1879 a
patent on such apparatus was applied for by the Connellys and
MecTighe.l? Many interesting switching systems were developed
during this period.1?® The step-by-step dial system was invented by
Strowger about 1887 and patented in 1889. It was developed by



12 EARLY HISTORY OF ELECTRICAL COMMUNICATION

Keith and others and was further perfected by Bell System engineers.
This equipment was first used commercially at LaPorte, Indiana, in
1892. The panel-type dial system was developed by the Bell System
early in this century. The rotary dial system was developed at about
this same time and is widely used abroad. The crossbar dial system
was developed about 1935.

The first circuits were burglar alarm, telegraph, or similar poorly
adapted lines.?? In most instances the earth was used as one con-
ductor, and such lines are usually noisy (Chapter 14). Further-
more, the conductors employed were usually iron wire which offered
high impedance to the voice currents. Hard-drawn copper wire first
was used for telephone conductors in 1883 and has since almost com-
pletely supplanted iron in open-wire telephone lines.

The development about 1881 of the two-wire metallic circuit
eliminating the earth return is eredited to Carty. Carty did much of
the early work on inductive interference!® and developed methods for
transposing circuits in 1891. He is also considered the inventor!?! of
the phantom circuit. The first transposition system was devised by
Barrett, in 1885.

The introduction of cable was an event of importance. It is stated?
that Bell early conceived the idea of cables. Probably the first cables
used for telephone service? were laid across Brooklyn Bridge in 1879.
These were insulated with rubber or gutta-percha. Some early cables
were insulated with oil. The insulation of all these cables had a
high dielectric constant, and the cable capacitance was accordingly
higher than desirable. Cotton cloth impregnated with paraffin was also
used to insulate the wires. In the early cables the cores were first
made and then pulled into the cable sheath. About 1890 the first
“dry-core” cables were made, the insulation for each conductor con-
sisting of a dry paper tape wound around the conductor. These insu-
lated wires were formed into a core, and the lead sheath then pressed
around the core by a continuous process. About 1940 a transcon-
tinental telephone cable system was completed.

One of the greatest of all improvements in telephone transmission
was the development and application of loading in 1899 and the years
immediately following. The theory of loading is largely due to
Heaviside, Pupin, and Campbell. Inductance was added to the lines
at regular spacings to improve the transmission characteristics, and
this application greatly extended the talking distances. Prior to the
use of loading, commercial service could be given over no greater dis-
tance than from New York to Chicago; with loading, service was
possible from New York to Denver by 1911.
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Two important developments were the telephone repeater and the
carrier telephone system. The vacuum-tube amplifier was invented
by de Forest; it was adapted to telephone-line repeater operation by
Bell System engineers, particularly by Arnold. The repeater using
vacuum tubes was preceded by the Shreeve mechanical repeater, which,
although it was used in a limited way, was not entirely satisfactory.
It was the vacuum-tube repeater (first used experimentally2? in 1913)
that made possible the operation of the first transcontinental telephone
circuits opened for commercial serviece in 1915. This was perhaps
the figst extensive commercial use of the vacuum-tube amplifier. The
carrier-telephone system (sometimes called a multiplex system) was
developed by Bell System engineers, and was first used in 1918.

The Development of Radio or Wireless Communication. From
one standpoint, radio is not a different form of communication.
As with other systems, radio involves sending intelligence either
in the form of a telegraphic code or by the human voice as elec-
tromagnetic-wave variations. The early contributors were numer-
ous, and it is difficult in a few paragraphs to trace the history
adequately.22, 23,24, 25,26

Bell and Tainter in 1878 were probably the first to succeed in tele-
phoning by “wireless” means.19 2425 Their device, called a “photo-
phone,” used a beam of light for conveying the talking impulses
between two points.

Henry was among the first to experiment with electrical action at a
distance without connecting wires.2? By 1843 he had succeeded in
magnetizing needles at a distance of 220 feet from the source.26 1In
1865 and 1873 Maxwell gave his famous papers on electromagnetic
phenomena and showed mathematically that electric action is propa-
gated through free space in the form of waves which travel with the
velocity of light. In 1869 Ruhmkorff perfected a coil which for a
number of years was used almost exclusively to supply the radio-
frequency voltage for the antennas. In 1879 Hughes gave a demon-
stration of the fransmission and reception of radio signals over distances
of about 60 feet. He also discovered the principle on which the
coherer—a detecting device later perfected by Branly—operated in
wireless reception.2+26 In 1883 Dolbear and in 1885 Edison both
developed signal systems employing an elevated antenna and a ground
connection. Also, in 1883 Edison applied for a patent on a two-
electrode vacuum tube.

Hertz ranks with Maxwell in making outstanding contributions to
the progress of radio communication. In 1881 Hertz published! an
account of his experiments; he showed that rapid electrical oscillations
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in conductors caused disturbances in space and that these had the
characteristics of waves. Hertz worked with waves about 3 meters
long and demonstrated that they could be reflected, directed, refracted,
and polarized.2¢

The Establishment of Radio Communication. As previously
mentioned, the Ruhmkorff coil was used for experimental work as a
source of antenna excitation. In 1892 Thomson developed an are
method of producing high-frequency currents, and in 1896 Tesla
applied for patents on a synchronous rotary spark gap. During this
year Rutherford succeeded in receiving signals over a distance of half a
mile, and Marconi successfully conducted tests over one and three-
fourths miles.

The year 1897 was important in radio history: Mareoni filed for
patents on a wireless system, and Lodge developed the theory of
tuning as applied to radio circuits. Marconi, perhaps more than any
other, deserves the credit for placing radio communication on a com-
mercial basis. During this same year signals were transmitted from
shore to a ship 18 miles away. By 1900 radio telegraphy was becom-
ing reasonably well established and was rapidly proving its great
value. In 1901 Marconi received signals across the Atlantic.

The coherer, previously mentioned, was used as a detecting device
for many years. In 1902 Marconi invented an improved magnetic
detector which superseded the coherer and had wide application until
the advent of the two-electrode thermonic tube, the erystal, and
the electrolytic detectors. The two-electrode tube is of special
importance and was employed as a detector by Fleming in 1904. In
1906 de Forest invented the *“audion” or triode vacuum-tube ampli-
fier, an event outstanding in the history of communication.28 The
Mareconi interests initiated regular transatlantic telegraph serviee in
1907.

The systems thus far traced in this brief consideration were for tele-
graphic communication only. Radio telephony is based on the work of
Fessenden, who in 1902 developed a system of modulating radio fre-
quencies with the voice. In 1915 engineers of the Bell System sue-
ceeded in telephoning from Arlington to Hawaii, and from Arlington
to Paris.23 1In 1920 the first commercial radio stations were installed
for connecting two land telephone systems. This was between the
mainland and Santa Catalina Island off the coast of California. In
1927 a transatlantic radio-telephone circuit was opened providing a
connection between the telephone systems of Europe and America.
Other radio links with important European centers followed. Similar
telephone connections have been made from the United States to South
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and Central America, to Bermuda, to Hawaii, and to the Orient.
European countries have extensive commercial radio serviee with
distant trade centers. Many ships at sea are connected by radio for
commercial two-way telephone service. Similar service is provided
with certain trains. Experimental conversations have been held with
aireraft in flight to determine the possibilities of establishing regular
commercial telephone service. Radio-telephone conncctions are pro-
vided In certain areas between coastal and harbor craft and between
motor vehicles and the telephone network.

Radio broadcasting was inaugurated2? by Conrad in 1920, using
a system of amplitude-modulated waves. The so-called super-
heterodyne radio-receiving set, so widely used since about 1930, was
developed by Armstrong. He also perfected a system of frequency
modulation?? in about 1936.

From the early dreams and investigations of Alexander Graham
Bell and other communication pioneers has grown a vast international
communication system, serving to bind together the scattered peoples
of the world. This system may fulfil the vision of a distinguished
telephone engineer, the late John J. Carty, who said:

“T have the faith that we shall some day build up a great world
telephone system making necessary to all nations the use of a common
language which will join all the peoples of the earth into one brother-
hood.”
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CHAPTER 2

FUNDAMENTALS OF ACOUSTICS

Introduction. In both wire and radio telephony speech, musie, and
hearing are involved. The speech sounds containing the information
to be transmitted often originate in enclosed spaces such as rooms,
telephone booths, and radio studios. The acoustical characteristics of
these enclosed spaces may influence greatly the speech sounds that
operate a telephone transmitter or a radio microphone.

Transmitters and microphones must create electric signals that vary
in accordance with the sounds to be transmitted. At the distant
receiving station, the electric signals are reconverted to sound waves.
Before transmitters, microphones, receivers, and loudspeakers can be
considered, acoustics and the nature of the process of speaking and
hearing must be understood.

The Nature of Sound.l: 2 The science of sound is termed acous-
ties. Objectively, sound is a physical phenomenon consisting of a
wave motion in air or other sound-transmitting media. Subjectively,
sound is a sensation produced by an outside stimulation and occurring
in the organs of hearing. For the purpose of this book, sounds will
be grouped into speech sounds, musical sounds, and noises.

From the physical standpoint, sound consists of a series of condensa-
tions and rarefactions produced in the transmitting medium by a
vibrating body. A vibrating body such as a tuning fork or a column
of air is required to produce the waves, and some elastic medium such
as air is necessary for the transmission of the sound waves. It is
sometimes desirable to consider sound waves as traveling only through
air. In the broadest sense, sound waves consist of a series of con-
densations and rarefactions existing in any medium.

Sound waves serve to transfer a portion of the energy of the vibrating
body to the telephone transmitter, the radio microphone, or the ear.
As the vibrating object moves, it displaces the air particles and causes
condensations and rarefactions in the air. These particles transfer the
condensations and rarefactions from one part of the air to another.

The vibrations of the air particles are very small, and are quoted?
by one author to be from 0.00000005 inch for barely audible sounds to
0.004 inch for loud sounds. The to-and-fro motion of the air particles
from their position of rest occurs in a direction parallel to the progress
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of the sound wave. Sound waves are thercfore longitudinal as dis-
tinguished from transverse waves in which the displacement is at
right angles to the direction of wave propagation. This motion is
continued as long as the sound continues, that is, until the energy
imparted by the vibrating body to the air particles is dissipated as
heat or is transmitted away.

Simple sounds such as those produced by tuning forks are sinusoidal
in nature. Steady-state complex (or non-sinusoidal) sounds can be
analyzed into a fundamental and a series of harmonics. This is
accomplished by having the sound wave actuate a high-quality micro-
phone that in turn drives an oscillograph from which a photograph
can be made and analyzed by the Fourier series methods. Or, the
microphone can be connected to a wave analyzer, and the analysis
made electrically. Panoramic viewing of a complex steady-state sound
wave also is possible with special apparatus.

The Transmission of Sound. The sound energy that reaches and
actuates the ear, a telephone transmitter, or a radio microphone is
usually transferred from the vibrating source through the intervening
air. There is, therefore, a certain (small) amount of energy in the
air in the form of sound waves at any instant. If a sound source is
in the open and continues to vibrate, energy is continually emitted by
it. The sound waves travel outward until this energy is spread out
and dissipated; then the sound becomes inaudible. Some of the energy
is dissipated by heating the air.

If, however, the waves in traveling from the source strike an ob-
struction in their path such as an ordinary wall, most of the sound
energy is reflected. When the sound waves generated in a room strike
the rigid plastered walls, about 95 per cent of the sound energy will
be reflected back into the room.

If the wall is massive and not set vibrating as a whole, part of the
energy which is not reflected is absorbed by the surface layers of
the wall. The portion not reflected or absorbed is transmitted as a
very feeble wave motion in the material of the wall itself. These
phenomena are shown in Fig. 1. If the source of sound is in air and not
in rigid mechanical contact with the walls or floor of a room and if the
walls are massive so that they will not be set in flexural vibration by
the sound waves, then very little sound energy will be transmitted to
other rooms in the building. If the vibrating body is in rigid contact
with the walls or floor of the room, then vibrations will readily be trans-
mitted to all parts of the building. These vibrations then will set up
sound waves in the air in the adjoining rooms.

When sound waves originate in air, they are transmitted through an
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obstrueting medium such as a partition in three ways.
may pass through the air spaces of a porous material.

First, sound
Second, the

sound waves in the air may produce corresponding condensations and

rarefactions in the material of the
obstruction. This wave, which is
very feeble, then proceeds through
the material and produces sound
waves in the air on the opposite
side. Third, sound energy may
be transmitted by setting the
obstruction as a whole in motion.
The wvibrating obstruction then
sets up sound waves on the oppo-
site side.

Sound absorption at the surface
of a material is caused by the
friction which occurs between vi-
brating air particles and the walls

Reflected
sound

Oncoming
sound

Absorption at surface
Absorption in wall

{

Refracted sound

TN
Transmitted
sound

Fi1g. 1. Phenomena occurring when
a sound wave strikes a rigid wall of
some material having a velocity of
transmission greater than air. The
sound waves are shown as “rays’”’ which

represent the directions of travel of the
wave fronts.

of the interstices in the surface of
the absorbing material. The friction converts the wave energy into
heat energy. If a wall or partition is caused to vibrate by sound
waves, then internal friction between the fibers of the material will
absorb sound energy. The transmission of sound through absorbing
material varies according to the equation
= iofwa}) (1)

where 7 represents the sound intensity transmitted, 7, the sound inten-
sity which is impressed, a is a constant depending on the type of ma-
terial, and z is the thickness of the material. Measurements of the
sound intensity sometimes are made with the Rayleigh disk resona-
tor,1» 3 but more often with a calibrated microphone (Chapter 4).

Sound Insulation. The important principles in sound insulation
are, first, isolating the studio (or room) so that it is not in rigid me-
chanical contact with other portions of the building; second, construct-
ing the walls, ceiling, and floor of tight, rigid material which will not
permit sound “leakage” and which will not readily vibrate; and third,
lining the walls with sound-absorbing material so that any sound
which is transmitted into the room will be absorbed.

The isolation of machinery4 and other noise-producing sources is
important. Elaborate systems for isolating the walls and other bound-
aries of rooms have been designed.®
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Echoes, Interference, and Beats. An echo is produced when a
sound wave strikes an obstruction and is reflected. For example, a
listener may hear a sound from a source first by direct transmission,
and an instant later he may hear the sound by reflection from the
walls. An echo becomes apparent to the listener only when the
distance to the reflecting surface is such that the interval of time be-
tween the direct and the indirect receptions is about one-seventeenth of
a second. KEchoes may be very annoying in large auditoriums with
curved reflecting surfaces which concentrate reflected sound. There
are two methods of reducing echoes: first, by changing the form of the

walls so that the reflected sound

AAAAAAAAAAAAAAAAAAAL is scattered; and second, by cov-
: ering the walls with sound-ab-

sorbing material so that the sound

%’WV(’D%W’”’W"‘%“OOQ is absorbed and very little is
reflected.

amplitade but of difernt. frequendies , T0 OF more sound waves from
different sources tend either to

combine as shown. The beat note
which the ear “hears” is, however, increase or to decrease the sound

created by the hearing mechanism itself. intensity at different points, de-

pending on whether the waves are
related so as to add or to subtract at the point under consideration.
Thus, if a steady tone of single frequency is sounded in a room, the
waves directly from the source and those coming indirectly from
reflecting surfaces such as walls will reinforce each other at certain
points and will tend to neutralize each other at other points. At
certain locations in the room, depending on the configuration of the
room and the frequency of the sound, the sound will be intense, while
at other points the sound will be weak.

When two sounds of different frequencies are simultaneously pro-
duced, the two waves combine instantaneously as in Fig. 2. It is
often loosely stated that this phenomenon gives rise to a beat note.
Such a beat note is created, but by the mechanism of hearing, and
not in the air. The ear is a non-linear device, and such a device creates
within itself new frequencies (in this instance the beat note) when two
different frequencies are simultaneously impressed on it (page 414).

This can be proved in the following manner: Connect two good
loud speakers to separate oscillators of good wave form. Set one
oscillator on, for instance, 1500 cycles, and the other on 2000 cycles.
The ear should then “hear” a 500-cycle tone. Next, pick up the
resultant sound with a microphone and analyze the output with a
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wave analyzer. This device will show that only a 1500-cycle tone
and a 2000-cycle tone are present. If this is true, the 500-cycle
“sound” must have been produced by the ear and brain, and not by
the mere mixture or “beating together” of the two waves in the air.

These statements are not exactly correct for very intense sounds
(reference 6, also, Fig. 23, page 44) but they do hold for the ordinarily
observed phenomenon of beat notes.

Reverberation. If sound waves are produced in a room or other
confined space, they remain audible after the source has ceased emitting
until the energy in the waves is dissipated (largely in heat) and the
level falls below that required for audibility. This prolonging of
sound after the source has ceased emitting is termed reverberation.
Both echoes and reverberation are caused by reflected sounds. They
differ in that an echo is a “distinct” reflection often of an understand-
able sound, but reverberation is merely an indistinet “jumble” of
reflected sounds. Excessive reverberation is the most common acousti-
cal fault encountered in rooms, studios, and auditoriums. The
practicable method of reducing reverberation is to add additional
sound-absorbing material to the room.

In the past, many attempts have been made to correct the acoustic
fault of excessive reverberation by the use of sounding boards and
by stringing many feet of overhead wire supposedly to “break up”
the sound waves and also to “carry” the sounds back to the rear of
the auditorium. Although sounding boards can be used to advantage,
there is no known scientific justification for the wires. Of course,
what happens in many instances is that a large audience attends on
the date of the “grand opening” to observe the effect of the wires,
and their clothes absorb the sound, reducing the reverberation to a
reasonable value.

W. C. Sabine placed architectural acousties on a scientific basis.?
He determined the sound-absorbing coefficients of a number of ma-
terials. Sound from a constant source builds up in a room until a
state of equilibrium is reached when the sound is absorbed as rapidly
as 1t is produced. The sound intensity will then become constant
unless the energy from the source is changed. When the source is
suddenly discontinued, the sound remains audible for a given period,
depending on the absorbing power of the room.

Sabine, and later Jaeger, developed formulas!> 7- 8 for the growth and
decay of sound in a room. In 1929, Shuster and Waetzmann pointed
out that these formulas did not hold for all rooms.? The equations
now generally used are based on the work? of Eyring. These are, for
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cSloge (1 ~a)t
p=po<1—e d )’ 2)

and, for the decay of sound,

the growth of sound,

cSloge (1 -a)t

p=re 3)

In these expressions,

p is the sound energy per unit volume in the room at any time ¢.

po is the sound energy per unit volume when the sound has reached
a steady state.

¢ is the velocity of sound in a room.

S is the total interior surface of the room.

o is the average value of the coefficient of absorption of the entire
surface.

V is the volume of the room.

The sound energy in a room builds up and dies out according to the
logarithmie curve of Fig. 3.

Sabine assumed that an open window was a perfect absorber of
sound energy and that the
absorption coefficient of an
open window one foot square
was unity, or, as now some-
Maximum times stated, one sabine,
Intensity Other materials and objects

Sound Dies Out used in constructing and fur-
Sound Builds Up Threshold nvi.shing rooms were rated

of with respect to an open
. Audibility window. In Table I a num-
Time —»
ber of the more common
materials are listed. For
further information data
published by manufacturers should be consulted; also, data will be
found in handbooks.?

It should be mentioned that the method of mounting affects the
sound-absorbing properties of a material and that sound absorption
is not entirely a surface phenomenon. If a material is mounted
so that it 1s free to vibrate, under the influence of sound waves, internal
friction between fibers of the material dissipates sound energy and
hence affects the absorption coefficient. This fact is often over-

looked.10
This diaphragm-absorbing action undoubtedly occurs in many mate-

Fie. 8. Growth and decay of sound in a room.
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TABLE I

SounDp-aBsoRPTION COEFFICIENTS OF TyPrcalL MATERIALS AND OBJECTS
(From Electrical Engineers’ Handbook, Vol. 2, Electric Communication and
Electronies, by H. Pender and XK. MclIlwain.)

Thickness Sound-absorption Coefficients in Sabines at
Brand or Make Inches Various Frequencies in Cycles

128 256 512 1024 2048 4096

Sabanite (An acoustic

plaster) 0.5 0.08 0.14 0.18 0.25 0.31 0.3
Absorbex, type A (An

acoustic tile cemented

to plaster, two coats

of oil paint sprayed

on) 1.0 0.07 0.22 0.51 0.91 0.77
Acousti-Celotex, type B

(A perforated acous-

tic tile, cemented to

plaster board) 0.625 0.12 0.24 0.47 0.73 0.78
Acousti-Celotex, type

BBB (A perforated

acoustic tile ce-

mented to plaster

board) 1.25 0.19 0.41 0.91 0.92 0.92
Fir-Tex (An acoustic

tile nailed to wood

strips) 0.5 0.15 0.41 0.3 0.35 0.43 0.48
Glass 0.035 0.027 0.02
Concrete, painted 0.009 0.011 0.014 0.016 0.017 0.018
Plaster 0.75 0.038 0.049 0.060 0.085 0.043 0.056
Wood Floor 0.75 0.09 0.08 0.10
Carpets, lined 0.10 0.25 0.40
Draperies, velour

draped to % area 0.14 035 055 072 0.70 0.85
Chair, plywood 0.199 0.24 0.39 0.38
Chair, heavily uphol-

stered theatre 3.4 3.0 3.3 3.6
Person, adult fully

dressed 1.8 4.2 5.5

rials, even those designed to absorb energy by offering a rough, porous
surface to the sound waves. If this were not true, painting unper-
forated acoustic material would reduce the absorbing characteristics to
substantially those of painted wood. Tests and experience show that
it definitely does not do so.

Measurements of Reverberation Time. As defined,1! the rever-
beration time at a given frequency for an enclosure is the time re-
quired for the average energy density, initially in a steady state, to
decrease along any simple or complicated decay curve to one-millionth
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of its value when the source is cut off. The unit is the second. A
decay of one-millionth of its initial value is 60 db (page 86).

Although the practice may not be satisfactory in all instances, it
is common to regard reverberation time as the time it takes a sound
which has reached maximum intensity in a room to decrease to inaudi-
bility after the emitting source has been discontinued. This time may
be approximately determined by loudly blowing some wind instru-
ment such as a trombone or an organ pipe in a room and, after the
sound has reached the maximum intensity, suddenly ceasing to blow
and observing with a stopwatch the time it takes for the sound to
become inaudible. Accurate instrumental methods of measuring re-
verberation time have been devised.*

Sabine early recognized that both the absorption coefficients of
materials and the reverberation periods for rooms varied with the
frequency used in performing the tests. The test frequency should
accordingly be specified when such data are presented.

Reverberation Time in “Live” Rooms. Sabine developed the
following approximate equation, which, although used for many years,
was later shown to apply only to “live” rooms:

_0.05V
h a

T 4)

In this expression, T is the reverberation time in seconds, V is the
volume of the room in cubic feet, and a is the total absorbing power of
the surfaces exposed to the sound waves.

To illustrate the use of this equation, a typical calculation will be
made. Room dimensions and other factors are assumed. The coeffi-
cients are from Table I at 512 cycles. A person seated, plus uncovered
portion of the seat, is estimated at 5.0 units absorption.

Volume 200,000 cu. ft.
Absorbing power

Plaster 20,000 sq. ft. at 0.06 = 1200 units

Wood 15,000 sq. ft. at 0.08 = 1200 units

Vents 500 sq. ft. at 0.75 = 375 units

Glass 1,000 sq. ft. at 0.027 = 27 units

Upholstered seats 500 at 3.0 = 1500 units

Audience (seated) 500 at 5.0 = 2500 units
Total 6802 units

. 0.05 X 200,000
Reverberation T' = 6802 = 1.47 seconds.

* For information on this subject and on other aspects of reverberation, the
Journal of the Acoustical Society of Americq should be consulted. References 12
and 13 also are recommended.



ACOUSTICS OF AUDITORIUMS 25

As will be shown later, 1.47 seconds is a satisfactory reverberation
time for a room of this size when occupied.

Reverberation Time in “Dead’ Rooms. With the advent of radio
and sound-picture studios, it was recognized that Sabine’s formula
applied only to “live” as distinguished from “dead” rooms. A live
room may be considered as one having a reverberation time of more
than one second, and a dead room as one having a reverberation time
of less than one second.

The reverberation time in any room is given? by the expression

T EV , )
— Slog. (1 — ag)
in which T is the reverberation time in seconds, £ = 0.05 (approxi-
mately, see reference 12) for a diffuse condition of the sound energy,
V 1s the volume of the room in cubic feet, S is the total room surface in
square feet, and «, is the average absorbing coefficient. This average
coefficient is found by the expression

Sy + Saas + Szaz + - - - Z8a
Qg = = —
Syt S+ S+ - - S

That is, «, is found by adding the products of each different surface
area and its corresponding absorption coefficient, and dividing this
sum by the total room surface in square feet.

A simple correction makes equation 4 applicable to “dead” rooms.
If 0.027V/8 is subtracted from the reverberation time as given by
equation 4, the corrected reverberation time will be substantially as
found by equation 5. In this correction, V and S are as previously
considered.19

Acoustics of Auditoriums. The reverberation time of an audi-
torium usually is the most important acoustical factor determining its
suitability for both speech and music. The best reverberation time
can be found from Fig. 4, which is based on curves given by several
authorities.10. 14, 15, 16 Jf the reverberation time is too long, then
succeeding speech sounds will interfere and the words will tend to
become indistinguishable. If the reverberation time is too short, then
the speech sounds will be absorbed too quickly and the maximum
intensity to which the sounds rise will be low. If an auditorium is to
be used largely for music, a longer reverberation time is permissible
than for speech, because music sounds best if the various tones are
blended.

The curves of Fig. 4 are for a frequency of 512 cycles; but, as
Table I shows, sound-absorbing properties vary with frequency. For

(6)
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this reason, the reverberation time will be different at various fre-
quencies. It is often satisfactory to use 512 cycles for auditorium
design purposes. Curves are available13 16 for determining the best
reverberation time at other frequencies.
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Fic. 4. Suitable reverberation times for rooms of various sizes and purposes. Fre-

quency, 512 cycles. For instance, a small broadcast studio of about 1000 cubic feet

should have a reverberation time of about 0.4 second. A large broadcast studio of

100,000 cubic feet should have a reverberation time of about 0.9 second. However,

an auditorium of the same size used mainly for speech may have a reverberation time

of 1.3 seconds; if used chiefly for music, it should have a reverberation time of
about 1.6 seconds.

The practicable method of ensuring a correct reverberation time
is to include sufficient sound-absorbing material. This should, of
course, be installed when the auditorium is constructed, although it
may be added later. For good results the shape of an auditorium
should be more or less rectangular, without large curved surfaces.

The person speaking may be unable to supply sufficient sound
energy to be heard satisfactorily in all parts of the auditorium.
Accordingly, sound-amplifying equipment is installed in large audi-
toriums. Such equipment consists of a microphone, a vacuum-tube
amplifier, and a system of loudspeakers. The acoustic output power
requirements for such a system will depend on the size, reverberation
time, extraneous noise level, and similar factors. An appropriate
idea of the acoustic power required in auditoriums of given size can be
obtained from Fig. 5. If a sound-amplifying system is used it is
permissible for an auditorium to have a lower reverberation time, and
a lower reverberation time reduces acoustic feedback to the sound-

amplifying system.
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Acoustics of Studios. As indicated in Fig. 4, the reverberation
time should be lower for studios than for auditoriums. It is advisable
to design a studio so that the reverberation time will be correct over a
frequency range from about 30 to 10,000 cycles. Such calculations
necessitate a knowledge of the desirable reverberation timel?%, 16,17
and also a knowledge of the sound-absorbing qualitics of the various
acoustic and building materials over this frequency band.

Certain complex and intangible subjective effects such as tonal
“brilliance,” “brightness,” and “liveness” must be considered in the
design of broadcast and sound-recording studios.3, 16, 17, 18 Studios

12
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F1c. 5. Acoustic power required for full reproduction of speech and music in rooms
of various sizes. This assumes optimum reverberation time and average noise
conditions (Reference 5).

have been designed with “live” ends and “dead” ends. The live
end contains little sound-absorbing material, and the musicians
usually occupy this portion, so that the proper blending of the
musical sounds is attained. The microphone is placed in the dead
end, which is provided with much sound-absorbing material so that
little reflection occurs. The modern tendency is not to concentrate
the sound-absorbing material at a given area, but to spread it more or
less throughout the room. Certain surfaces are often constructed of
convex plywood “cylinders.” These have absorbing properties at
certain frequencies and also tend to vibrate and enhance certain fre-
quencies.17 Also, curved and non-parallel surfaces tend to prevent
multiple reflection of certain frequencies from surface to surface that
might result in “flutter.”

Studios are usually approximately rectangular with the provision,
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previously mentioned, that the surfaces are broken up with convex
surfaces, or in other ways. To prevent the transmission of vibrations,
and the entrance of sound from outside sources, studios are usually
“floated” so that they are effectively isolated from the rest of the build-
ing.5- 10  Ajr ducts for heating and ventilating must be carefully
designed so that they do not convey sounds into the studio.

BUTTON

Fie. 6. Tllustrating the resonant cavities provided by the throat, mouth, and nasal
cavity. (Courtesy Bell Telephone Laboratories and D. Van Nostrand Company.)

The Production of Speech Sounds. All sounds of speech do not
originate in the same manner. If the source of speech sounds is taken
as a basic of classification, there are three different types: (1) those
speech sounds produced by the vocal cords and the resonating air
cavities of the head, (2) those produced by passing the air through
small openings or over sharp edges in the mouth (for example, the
teeth), and (3} the sounds produced by a combination of (1) and (2).

The human voeal organs consist of three prinecipal parts. The first
of these is the lungs and respiratory muscles, which provide a flow of
air. The second is the larynx, containing the voecal cords as shown in
Fig. 6, which produce the modulation of the air strcam. The third
part consists of the throat, mouth, and nasal cavities, which vary
the harmonic content of the sound waves set up by the vocal cords, and
which also originate certain sounds as mentioned in (2) of the preced-
ing paragraph.



FREQUENCY CHARACTERISTICS OF SPEECH 29

The vocal cords act as the generator for most speech sounds. They
are capable of varying the shape and the width of the narrow slit
which they form across the air passage.l® In this way they control
the pitch of the fundamental sound emitted. Under the influence of
the stream of air passing between them from the lungs, these cords
vibrate, producing sound waves. These waves are rich in harmonics,
or overtones, and pass up into the resonant chambers provided by
the throat, mouth, and nasal cavities. These are illustrated by Fig. 6.
The size and shape of the mouth are varied by the speaker largely
through movements of the lips and tongue, and certain resonant cham-
bers are accordingly controlled. Through this action the waves from
the vocal cords are given the characteristics of speech. The vocal
cords, therefore, produce basic sounds which carry most of the energy
of the voice waves but do not give speech its intelligibility. This is
largely provided by the throat, mouth, and nasal cavities.

This explanation is substantiated by the artificial larynx. Through
a surgical operation necessitated by disease, persons have had their
larynges removed and have been left essentially speechless. The Bell
Telephone Laboratories working in conjunection with surgeons devised
an artificial larynx20 which makes speech again possible for these
unfortunate people.

For engineering purposes,2! it is considered that there are certain
fundamental speech sounds in spoken English. These are: (1) the
pure vowels, (2) the diphthongs, (3) the transitionals, (4) the
semivowels, (5) the fricative consonants, and (6) the stop con-
sonants.

The Frequency Characteristics of Speech.22 The fundamental
pitch of the vowel sounds is subject to wide variations by changes in
the vocal cords. The vowel sounds are characterized by resonant
regions which are independent of the fundamental, and which determine
the particular vowel sounded. Certain vowels, as shown in Fig. 7,
are single-resonance vowels. Others have two regions of resonance,
as Fig. 8 illustrates. The fundamental pitch in which the vowels are
spoken has a decided influence on the spacing of these resonance
points.21  The characteristic frequencies of the semivowels and the
nasal consonants are almost entirely below 3000 cycles. The stop
and fricative consonants lie, for the most part, above 2000 cycles.

The complicated nature of spcech sound waves and the electro-
magnetic waves used to transmit speech electrically can be seen from
Fig. 9.

Although the pitch of the voice in speaking the vowels varies for
different individuals, it is as low as about 90 cycles per second for a
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deep-voiced man, and as high as about 300 cycles for a shrill-voiced
woman, The harmonics, or overtones, go as high as about 6000 cycles.

In singing, the fundamental frequencies of the voice cover an ap-
proximate range from about 60 cycles for the lowest note of the bass
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F1a. 7. A frequency analysis of a typical vowel having a single resonance region.

voice to 1300 cycles for the high notes of a soprano; the overtones go
as high as about 10,000 cycles per second.

Extensive tests (page 33) have shown that it is not necessary to
transmit all the frequencies present in speech or music sound waves.
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Fic. 8. A frequency analysis of a typical vowel having two resonance regions.

Speech Power. A number of speech power values have been
defined.21 Only instantaneous and average speech powers will be con-
sidered. Instantaneous speech power is the rate at which sound
energy is being radiated at any instant, and average speech power
is the total speech energy radiated over any period of time divided
by the length of the period.

The amount of power in speech sounds is very small. To quote one
authority,21

By taking the average speech power for a number of individuals talking in
their usual conversational manner, it has been found that the average speech
power for American speech is approximately 10 microwatts. If the silent inter-
vals during conversation are excluded, this average is increased approximately
50 per cent. To carry this amount of power the air particles near the mouth
vibrate through a distance of the order of Yoo millimeter. When this amount
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F1c. 9. Wave form of the word “‘seems.”

of sound energy is received directly into the ear, it seems rather large due to the
large excitation it produces on the auditory sense. However, it is really very
small in comparison with the other powers ordinarily encountered. For
example, it takes power equivalent to that produced by more than one
million voices to light an ordinary incandescent lamp. It is therefore evident
that the electrical currents used to transmit speech are of a different order of
magnitude than those used to transmit power for lighting and heating pur-
poses. It is only in some of the larger broadcasting stations that electrical
speech currents are comparable in size with those used in power work.

When one talks about as loudly as possible the average speech power in-
creases approximately to 1000 microwatts. When one talks in as weak a
voice as possible without whispering it drops to 0.1 microwatt. A very soft
whisper is about at 0.001 microwatt.*

The vowels are the most powerful speech sounds, having an average
power value of about 100 microwatts, with peak values of about 2000

* Reprinted by permission of the publishers, from Speech and Hearing, by
Harvey Fletcher, D. Van Nostrand Co.
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microwatts. For any individual the ratio of the strongest to the
weakest speech sounds is about 35 to 40 db (page 86). The energy
distribution among the different frequencies23 is shown in Fig. 10.

It is of interest to note that speech can be produced entirely by
artificial means using electroacoustic equipment.2¢ Such a device,
called the Voder, was demonstrated at the
1939 World’s Fairs in New York and San
Francisco. Equipment for translating speech
into visible patterns25 has also been developed.

Music. The production of sounds by mu-
sical instruments depends on the action of the
two principal parts of the instrument, the
generator and the resonator. The function
\ of the generator is to produce the tones. The

resonator selects certain of these tones by
__ resonant action and radiates them into the
1000 gygugm 4000 air. The vibrating string of a violin radiates
very little sound directly. The amount radi-
Fre. 10. Energy distri-  gteq by the body of the instrument with
bution; composite curve . . .. .
for male and female which the string is in mechanical contact,
voices. (L. B. Crandall, however, is considerable.
Bell System Tech. J., Musical instruments may be classified into
October, 1925.) two major groups: first, those employing
vibrating strings; and second, those having
vibrating air eolumns. The piano and violin are examples of vibrating
string instruments, and organ pipes and horns are typical of the
second class. A third possible class of musical instrument is the
percussion type of which the snare drum and cymbals are examples.

There are present, in any musical note, a large number of overtones,
or harmonics. The frequency of the fundamental vibration determines
the piteh; and the number, distribution, and relative intensity of the
harmonics determine the quality of a note. It is this quality charac-
teristic, depending as it does on the harmonies, which causes a note
struck on a piano to be more pleasing and ‘“‘richer” than a tone of the
same fundamental frequency produced by a tuning fork or a vacuum-
tube oscillator and loudspeaker. As an example, Fig. 11 shows both
the wave form and the acoustiec spectrum for a clarinet. The range
of the fundamentals for musical instruments is as low as 16 cycles per
second for an organ pipe, and as high as 4600 cycles for certain high-
pitched instruments such as the piecolo.

The values just given are, as mentioned, for the fundamental fre-
quencies only. The harmonics of musical instruments are of course

Energy
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very much higher in frequency. Investigations26 have shown that
they go at least to 15,000 cycles (sce Fig. 12).

In addition to a wide frequency range, music is characterized by
wide changes in intensity. A 15-picce orchestra may have sound
variations as great as 100,000 to 1 (50 db, page 86), during the rendi-
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Fia. 11. Wave form and acoustic spectrum for ¢’ (clarinet). (Courtesy Bell Tele-
phone Laboratories and D. Van Nostrand Company.)

tion of a selection, and a very large orchestra will have even greater
variations.

An extensive study26 27 was made to determine the frequency band
and volume range that should be provided in the cable circuits for inter-
connecting radio broadcasting stations for musical programs. As a
result of this investigation it was found that very little quality was
lost if a band from 50 to 8000 cycles was transmitted, and if a volume
range of 10,000 to 1 (40 db) was provided. In these tests the observers
were trained musicians who noted when a change in the quality of the
musical sounds was apparent.

A very interesting study was reported28 in 1945. The observers
were average radio listeners, and they recorded their preference when
listening to narrow-, medium-, and wide-frequency-band transmission.
The narrow-band system transmitted from about 120 to 4000 cycles,
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the medium-band system from about 60 to 6000 cycles, and the wide-
band system from about 30 to 10,000 cycles. As a result of this study
the conclusions were drawn28 that (1) the listeners preferred either a
narrow or medium tonal range, and (2) most listeners still preferred a
narrow to a wide tonal range, even when informed that one condition
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Fra. 12. (Reference 26.)

was low fidelity and that the other was high fidelity. This article
has caused much discussion (Proc. I.R.E., October, 1946, p. 757). A
study with “live” talent instead of music from loudspeakers indicates
that listeners prefer wide-band music. (See “Frequency Range
Preference for Speech and Music” by H. F. Olson, Electronics, August,
1947.)

Noise. In communication, noises are objectionable because of their
interfering effect. Noise is defined1! as any unwanted sound. Thus,
radio musie may be undesired by a person using a telephone and is
thus an interfering noise.
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Noise, such as shown in Fig. 13, is perhaps the worst enemy of com-
munication engineers. In telephone work, room noise affects the con-
versation in two ways. Furst, noises interfere with telephone conversa-
tion by the leakage of sound around the receiver cap. Noise has
little interfering influence on the free ear of the telephone user.
Second, room noise will actuate the telephone transmitter, and this in
turn may operate the local receiver through sidetone (page 352) and
also affect the distant receiver.
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F1c. 13. Typical wave form of street noise and a pure tone of 500 cycles.
(Courtesy Bell Telephone Laboratories and ID. Van Nostrand Company.)

If the amount of noise cannot be reduced, an alternative is to raise
the power level of the speech or music being transmitted. For example,
troublesome statie can often be made less noticeable if the power output
of the broadcasting station is increased. The static as received is
then relatively weak compared to the level of the program, and after
amplification in the set is still relatively weak. Similarly, it is neces-
sary to supply the average telephone user much more power than
would be needed if the line and room noises were eliminated.

Hearing. The ear consists (Fig. 14) of the three following parts:

The Outer Ear. The external portion, for diverting sound energy
into the ear, and the auditory canal, for conducting this energy into
the eardrum, comprise this part of the ear.

The Middle Ear. The hammer is attached to the eardrum D and
communicates to the anvil the motions imparted by the sound waves
that strike the eardrum. These motions are then transferred by the
anvil to the stirrup and through the foot plate to the oval window O,
and thus to the inner ear.
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The Inner Ear. There are three principal parts to the inner ear:
namely, the semicircular canals, which serve only in maintaining equi-
librium; the vestibule or space just behind the oval window; and the
cochlea S, which serves as a terminating system for the mechanical
sound vibrations, and in which these vibrations are converted into
nerve impulses.

The cochlea is filled with fluid and is divided lengthwise into three
parts by the basilar membrane and the membrane of Reissner. There
are thus three parallel spiral canals, a cross scction of which is shown

Fic. 14. Section of the human ear.

in Fig. 15. The scala vestibuli terminates at one end on the oval
window O, and the scala tympani terminates on the round window E.
These two canals are connected at the extreme end of the spiral.

The membrane of Reissner is very thin, and any impulses transmitted
to the fluid in the seala vestibuli by the foot of the stirrup at the oval
window are readily transmitted through this membrane to the fluid of
the canal of cochlea. The flexible basilar membrane extends toward
the upper end of the cochlea, dividing it as shown. An impulse trans-
mitted to the fluid of the scala vestibuli will readily pass to the canal
of cochlea and will set the basilar membrane in motion.

The organ of Corti containing the nerve terminals in the form of
small hairs extending into the canal of eochlea is along one side of the
basilar membrane. Lying over these small hairs is a soft, loose mem-
brane called the tectorial membrane.
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The process of hearing is as follows.2! If a low-frequency note,
below 20 cycles per second, impinges on the eardrum, this sound
variation is transferred as a mechanical impulse to the fluid of the scala
vestibuli. This fluid is in direct contact (at the far end) with that of
the scala tympani, as previously mentioned. At this low frequency,
the liquid offers little reactance, owing to its mass, and therefore the
liquids in the two canals move bodily back and forth. The basilar
membrane is not affected, and accordingly no sound sensation is pro-
duced.

If a 1000-cyele tone is impressed on the ear, however, the mass
reactance of the fluid is great enough so that the liquid does not move
back and forth, and the impulse is transmitted through the membrane

TAMINA_SPIRALIS

COCHLEAR NERVE
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Fia. 15. (Courtesy Bell Telephone Laboratories and D. Van Nostrand Company.)

of Reissner to the canal of cochlea. The basilar membrane is caused
to vibrate, and at some one spot the vibration will be greatest. The
relative motion between the tectorial membrane and the basilar mem-
brane then causes the small hairs to stimulate the nerve endings at
their base, and this sends a sound sensation to the brain.

If a tone of higher frequency is used, a different part of the basilar
membrane will vibrate with greatest amplitude, and thus different
nerve endings will respond. When the frequency reaches and exceeds
about 20,000 cycles per second, the hammer, anvil, stirrup, and asso-
ciated parts absorb most of the sound energy, and little is transmitted
to the inner ear; thus, the upper limit of audition results. It can be
shown?21 that these three small bones together with the membranes on
which they terminate act as a transformer to match the low impedance
of the air to the high impedance of the fluid of the inner ear.



38 FUNDAMENTALS OF ACOUSTICS

The Field of Audition. The field of audition is illustrated by
Fig. 16. The data were obtained from tests of a large number of
people with normal hearing. The lower curve indicates the intensity
level necessary to produce a just audible tone at the different fre-
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Fie. 16. Limits of audibility, or field of audition, of the human ear. Zero level
represents a pure tone of 1000 cycles at an intensity of 1071% watt per square centi-
meter. Actually, this threshold of audibility is for observers listening in a prescribed
manner. Under these conditions, the hearing of the “reference observer” is slightly
better than the average of a large group of individuals. See Reference 29. From
a purely practical standpoint it is satisfactory to assume that the threshold of audi-
bility for the average normal ear is 10~1¢ watt per square centimeter at 1000 cycles,
although actually it is slightly higher.

quencies shown. The upper curve shows the intensity level for the
different frequencies above which the impinging tone ceases to become
a sound sensation and changes to a sensation of feeling.

A sound is audible if the frequency and intensity values lie within
the area bounded by the curves. As is evident, the important hearing
range for the average normal ear lies between about 20 and 20,000
cycles per second.

The Loudness of Sounds. The magnitude of the sensation pro-
duced in the brain is termed the loudness of a sound.21  Although the
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loudness of a sound is related to the intensity, the two are not the same.
A sound that is loud for one person may not be loud for another. Also,
two different sounds which produce equal intensities at the ear may not
sound equally loud to the observer.

These phenomena are illustrated by the loudness-level contours of
Fig. 17. Experiments have shown that loudness depends on both the
intenstty and the frequency of the sound; that is, the hearing mecha-
nism is not equally sensitive to all intensities and to all frequencies.
Loudness is the magnitude of the sensation produced in the brain. It

T FEELING _-LOUDNESS
120 20" CEVELS #
%
- Lil]ito /"'—//
—-—/
=
Y 100 g~ L]
w 1
3 ~— 90 [™~—tA/] f
g R — 71
é 00 \,\-_,___ 89 \\_// —__/
NN . /
2 SR T 70 ~
NN L] Y
z 60 \§:\\ N: \\r\ 60 o f"'""/
o NN TSN ——
S NN 50 1
N i
§ 40 \\ N'\\ [~ 40 .
~—"
< N Ll | [30
& T
Z NN e T AN/
e 20 O N Y T
z Nl T~/
=y ARp=:
o Nlilo [~ /1
|
20 100 500 1000 5000 10000

FREQUENCY IN CYCLES PER SECOND

F16.17. Variations in the frequency response of the human ear with sound intensity.
(Reference 29.)

is subjective, depending on the judgment of the individual. The loud-
ness level of a sound, rather than the loudness, is accordingly measured.
Before further study of Fig. 17 and the method of obtaining these
curves, it is advisable to present several definitions largely summarized
from reference 29.

Sound Intensity. 'The sound intensity of a sound field in a specified
direction at a point is the sound energy transmitted per unit of time
in the specified direction through a unit area normal to the direction at
the point. The units for intensity commonly used are the erg per
second per square centimeter or the watt per square centimeter.

Reference Intensity. The reference intensity for intensity-level
comparisons shall be 10718 watt per square centimeter.

Reference Tone. A plane or spherical sound wave having only a
single frequency of 1000 cycles per second shall be used.
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Intensity Level. The intensity level of a sound is the number of
decibels above the reference level.

Loudness Level. The loudness level of any sound shall be the in-
tensity level of the equally loud reference tone at the position where
the listener’s ear is to be placed.

Thus, in Fig, 17 the loudness levels of the various pure tones (rather

than the loudness) are shown.

100000 For obtaining these data, ob-
50000 ,' servers, using special appa-
y A ratus,?9 compared the sound
7 to be measured with a 1000-
10000 ,'/ cycle reference tone and ad-

justed the intensity level (in
decibels above the chosen
zero level of 10716 watt per
square centimeter) of the ref-
erence tone until the two
sounds were heard as equally
loud. Then, the intensity
level of the reference tone
above the reference intensity
1s a measure of the loudness
i level of the tone under test.
The curves of Fig. 17 are
Moo 36" @36 e 7o s o wo  the characteristic curves of the

FOUPNESS LEVEL INprceeLs human ear, showing its sensi-
Fic. 18. The relation between loudness tiveness to sounds of different

and loudness level. If the ear were exactly : s :
S L intensities and frequencies.
logarithmic the characteristic would be a
Thus, at 100 cycles, a sound

straight line. (Reference 29.)
must be about 36 db above
the reference intensity value at 1000 cycles to be just audible, but, at
10,000 cycles, it need be only about 8 db above the reference value to
be audible.

Studies of the ear2l 31 have shown that the increments of either
energy or frequency that are necessary for the perception of differ-
ences in either loudness or pitch are logarithmic. The ear approxi-
mately follows the Weber-Fechner law of psychology, that sense
perception varies as the logarithm of the stimulus. If the intensity
leve! of the sound is changed 1 db (page 86), it will be found that this is
about the smallest change that can be detected by the ear. The fact
that equal perceptible changes in frequency are logarithmic is illus-
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trated by the musical scale. The octaves are sensed as equal changes,
although, from the frequency standpoint, the note of one octave is
twice the frequency of the corresponding note of the next lower octave,
and four times the frequency of the corresponding note two octaves
lower.

The actual relation between loudness and loudness level is given
by Fig. 18. This shows that the ear is not exactly logarithmic; if it
were, the curve would be a straight line.30, 32

Masking. Telephones are often operated in noisy locations.3% A
study of the interfering effect of all the complex noises would be a
large undertaking. The present

discussion will be limited to the 1200 CYCLES

100

masking effects of pure tones. 0

In making these masking tests,21 0 )
the masking tone was held at a E7o IAN Ve )
constant intensity level, and the Zeo '
intensity level of the masked tone S50 I\
was gradually increased until it 2 i, Yoo AA
was just perceptible. This level in Ew /// \
decibels to which the masked tone "zc I\ Yeo
must be raised over that necessary o0 YN
without the presence of the mask- K 59 1
ing tone is termed the threshold EEEEEERERE
shift. Typical masking curves are FREQUENCY OF VIBRATION
shown in Fig. 19. Fra. 19. Masking effect of pure

Noise Measurements., Noise tones. Masking tone 1200 cycles,
causes a masking effect and a shift ~ at 20, 40, 60, 80, and 100 db above

. spes threshold value. (Courtesy Bell Tele-
in the threshold of audibility. phone Laboratories and D. Van

Thus, the lfevel of a noise can be Nostrand Company.)
measured directly with the ear by
determining the interfering effect. This is a subjective method. Or
noise can be measured objectively by a suitably designed instrument.3+
In the early noise surveys33 36. 37 hoth methods were employed.
For the aural method, one arrangement of the apparatus is indicated
in Fig. 20. The phonograph plays a special record producing a
warbling or variable-frequency tone. The set is first calibrated in a
sound-proof room for zero noise by adjusting the apparatus so that with
no noise present the warble tone is just audible. Then, when the set
is used to make noise measurements in a typical location, the attenu-
ator is deereased until the warble tone is again just audible above the
noise. The difference in the attenuator setting (measured in decibels)
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is therefore equal to the deafening effect, or audibility threshold shift,
of the noise.

Because of its practical advantages, the objective method of meas-
uring noise has been generally adopted. Acceptable instruments for

Testing
Phono- [ .. Atten- | Wave
graph _Fllter_ uator —_
Acoustical
Noise
Wave

F1a. 20. Arrangement of apparatus for the aural method of measuring noise.

this purpose are designed following rigid specifications38 based on the
characteristics of the ear. A diagram of a typical sound- or noise-
measuring instrument is shown in Fig. 21.

A high-quality microphone is used to intercept the noise to be
measured, and its output is impressed on the preamplifier. A variable
attenuator providing the various ranges is then included, after which

. Frequency :
Pre- Variable AR Final
Amplifier Attenuator Weighting Amplifier
Network
Microphone Voltmeter

Fic. 21. Schematic diagram of a sound-level or noise meter.

the signal passes through a frequency-weighting network, a final
amplifier, and to a suitable indicating instrument such as a vacuum-
tube voltmeter.* Of course, provisions must be made for calibrating
the circuit, either by using a standard tone, or by other means.39
The frequency-weighting network weights the various frequency
components of a complex noise wave in accordance with the charac-
teristics of the ear. The ear does not have the same characteristics
at different loudness levels. Thus, for sounds of a level of 40 db, the

* With sound-level meters used in the United States the sound level in decibels
above a zero level of 10—16 watt per square centimeter is obtained. By interna-
tional agreement (see Bell Laboratories Record, February, 1938, page 214), the
decibel is to be used for sound-intensity-level measurements, and the phon is to be
used for loudness-level measurements. Thus, it is proposed that, if loudness-level
measurements are being made as explained on page 40 and if the intensity
level of the reference tone is n decibels, then the unknown sound has a loud-
ness level of n phons.
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ear has the characteristics given by the 40-db loudness-level contour
of Fig. 17. For a 70-db sound, the characteristics are as given by
curve 70, and for very intense sounds of about 100 db, the charac-
teristics of the car are essentially flat. Noise meters are designed with
three different characteristics: 38 first, with a weighting network giving
the correct characteristics for measuring weak noises (curve 40, Fig.
17); second, with a weighting network for noises of intermediate in-
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Fi1c. 22. Background noise correction for sound or noise-level measurements.

tensity (curve 70, Fig. 17); and third, a flat characteristic for intense
noises and for general sound-measurement purposes.

Background-Noise Correction. In industrial testing, and in other
applications, the noise level of a machine or other device must be
measured in the presence of background noises. Such noises would,
of course, cause an error in the measurement, but these can be cor-
rected very simply.4©

The noise meter is placed in the test location, and the measurement
is made of the background noise without the machine or device under
test in operation. Then a measurement is made in the presence of the
background noise with the machine under test operating. The correc-
tion to be subtracted from the total noise level is then determined
from Fig. 22.

Noise Reduction. The sound-level, or noise, meter is useful for
making quantitative studies of noise reduction. Noises produced
within or transmitted into a room will remain audible until their
sound energy is absorbed by the surfaces and objects within the
room. In studying reverberation, it was shown that the intensity to
which a sound (or noise) increases within a room is determined in
part by the total amount of sound absorption present and is inversely
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Victory Siren was audible at 75 miles under favorable conditions. The loudest

possible pure tone is about 190 decibels. The loudest sound on record was produced

by the explosion, in 1883, of the volcanic island Krakatoa in the East Indies. This

sound was heard 3000 miles away. (Sirens and Bels, by J. O. Perrine, Sci. Monthly,
February, 1943, Vol. LVI.)
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proportional to it. If the sound output of the disturbing noise source
remains constant, then doubling the absorption will halve the intensity,
and so on. Thus, the noise level in a room can be reduced by the addi-
tion of sound-absorbing material.

The sound reduction in decibels ig10

Reduction in decibels = 10 logw% ) )
1
where a, is the total units, or sabines, of sound absorption present,
before treatment, and a, is the total amount after treatment.

From Fig. 18 it appears that a reduction in the loudness level of
the sound of 65 to 60 db reduces the relative loudness from about
6000 to 4000, or to about two-thirds of its original amount. Thus,
but a small reduction in the noise level in decibels causes a marked
reduction in the interfering effect of the noise. Typical noise levels
which have been found to exist are shown in Fig. 23. TUseful informa-
tion regarding noise and vibration studies is given in reference 41.

Articulation and Intelligibility Tests.¢2 The problem of telephone
communication is to convey intelligence in the form of the spoken word
from one point to another. Tests of the ability of a telephone system
to do this may be of two general types:%3 articulation tests and
intelligibility tests. According to the reference just given, an articu-
lation test measures the comparative reception of sounds nrot conveying
ideas, and an intelligibility test measures the comparative perfection in
the reception of sounds conveying ideas. These tests are based upon
the general method2!. ¢4 of speaking into one end of the unit under
test and having observers write out the sounds or sentences which
they hear at the receiving end.

As a result of articulation tests valuable facts have been determined.
One of these is the relation between the intensity of speech sounds
and the articulation, the results of this study being shown in Fig. 24.
Zero on this scale is taken2?! as the intensity level existing at the ear
when a speaker talks in ordinary conversational tone with his lips %
inch from the listener’s ear.

Articulation is independent of the intensity level over a wide range
of variations. As the curve shows, the speech intensity may be
inereased 100 times (or 20 db) or decreased to about one one-millionth
(60 db) of the initial intensity without greatly affecting the articula-
tion.

A study was made to determine the relation between articulation
and frequency by inserting electrical filters (page 164) into the circuits
being used. These filters were of two types—high-pass and low-pass



46 FUNDAMENTALS OF ACOUSTICS

filters. The high-pass filters were designed to pass only those fre-
quencies of the speech currents above a certain cutoff frequency; and
the low-pass filters were designed to pass only those frequencies below
a certain cutoff frequency. By inserting into the circuits different
filters having different cutoff points and by making articulation tests
the curves of Fig. 25 were obtained. ‘“Articulation L” and “Energy
L” were obtained with low-pass filters; the “H” curves were obtained
with high-pass filters.
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Fia. 24. Relation between the intensity of speech and articulation. (Courtesy
Bell Telephone Laboratories and D. Van Nostrand Company.)

This figure shows that the lower frequencies carry most of the
speech energy but that they contribute very little to the intelligibility.
Also, these curves show that the high frequencies contain very little
speech energy but contribute greatly to the articulation. If only those
frequencies above 1000 cycles are allowed to pass through a circuit,
the articulation is about 86 per cent perfect but the energy content is
decreased to about 17 per cent of the total. If only those frequencies
below 1000 cycles per second are transmitted, then the curves show
that about 83 per cent of the total speech energy is present but
that the articulation is reduced to about 42 per cent. This can be
summed up in the statement that the high frequencies contribute most
to the intelligibility, and the low frequencies contain most of the
energy.

Commercial telephone service is provided if a band from about 250
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to 2750 eycles is transmitted.43 The frequency band has been widened
to about 200 to 3500 cycles for many modern telephone circuits, giving
better intelligibility and naturalness,
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Fic. 25. The effects of eliminating certain frequency regions on the articulation
and energy of speech.

The band-width requirements for broadeast program networks were
discussed on page 33. Further information will be found in refer-
ences 46 and 47. For frequency-modulation radio broadcast the band
is arbitrarily set at 30 to 15,000 cycles.
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REVIEW QUESTIONS

1.

@

-3

10.

11,
12.
13.
14.

15.
16.
17.
18.
19.

Name several important reasons why the fundamentals of acoustics should be
understood by communication engineers.

. Explain the differences between the objective and subjective interpretations of

sound.

. Explain how a continuous complex sound can be analyzed.
. Discuss the phenomena that occur when a sound wave strikes a rigid wall.

Repeat for a non-rigid wall that can vibrate.

. If two sounds of slightly different frequencies and moderate intensities are

simultaneously produced in air, is a beat frequency note created in the air?
Explain the phenomenon that does occur.

. What is meant by reverberation? What is the definition of reverberation

time? How can a simple and approximate measurement of reverberation time
be made?

. What contributions were made by W. C. Sabine? Define the unit, sabine.
. Why does the method of mounting a material affect its sound-absorbing prop-

erties? Does painting affect the sound-absorbing properties of a material?

. What is the practicable method of reducing reverberation time? Why may

the reverberation time be longer for music than for speech?

Enumerate the important considerations in the design of broadecast studios.
Is a dead-air space between studio walls effective as sound insulation?

How are the sounds of speech produced?

Discuss and compare the frequency characteristics of speech and of music,
Discuss and compare the power in speech and musical sounds.

What studies have been made of the band-width requirements for radio pro-
grams, and what coneclusions have been drawn?

Define noise. Why is it objectionable?

Describe the human ear and the process of hearing.

What is the field of audition, and what is its importance in communication?
Define loudness, and explain how it differs from sound intensity.

What is meant by a threshold shift?
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20.
21.
22.
23.
24.

25.
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Describe a sound-level meter.

In making noise measurements, how do you correct for background noise?
Discuss the theory of noise reduction.

Explain the difference between articulation and intelligibility tests.

What are the effects of removing the high-frequency components from
speech, and from music?

What are the effects of removing the low-frequency components from speech,
and from music?

PROBLEMS

1.

2.

Prepare a paper on the methods of measuring the sound-absorption coeffi-
cients of the various materials, furnishings, and objects used in radio studios.
Calculate the reverberation time for the auditorium considered on page 24
if plain plywood chairs are used, and with the auditorium empty, with 250
people, and with 500 people present. Would the auditorium be satisfactory
for speech and music? If not, what would you recommend?

An auditorium is 125 feet long, 40 feet high, and 75 feet wide. The walls,
ceiling, and floor are of glass, plaster, and painted wood. Assume that the
average sound-absorption coefficient of these surfaces is 0.05 at 512 cycles.
There are 1800 plain chairs in the room. Calculate the reverberation time
when the room is empty, and with 500, 1000, 1500, and 2000 people present.
Plot a curve showing these relations. How many square feet of sound-
absorbing material having a coefficient of 047 should be used to reduce the
reverberation time to an acceptable value when 900 people are present?
‘Where should this material be placed?

. One motor is mounted in each wing of an airplane. Analyze the means by

which sound can be transmitted into the cabin, and explain the steps that
should be taken to ensure that the cabin is reasonably quiet.

. A room is 25 feet long, 15 feet wide, and 12 feet high. The walls and ceiling

are plastered, and the floor is covered with linoleum. There are 10 desks, 10
chairs, and 10 persons in the room. Two of the persons are supervisors, and
the remainder are typists and clerks. The noise level is 78 db. What should
be done to reduce the level 5 db? To reduce it 10 db? What effect will this
have on private conversations between the two supervisors, whose desks are
adjacent?



CHAPTER 3

ELECTRICAL
FUNDAMENTALS
OF COMMUNICATION

Introduction. The currents, voltages, and powers used in commu-
nication range from microamperes, microvolts, and microwatts to many
amperes, thousands of volts, and hundreds of kilowatts. The frequency
range extends to billions of cycles. Communication systems consist of
a large number of separate units, grouped together into complex elec-
trical networks. The lines employed between distant cities are long,
and phenomena that are not considered in other electrical work are of
extreme importance in communication.

This chapter will be devoted to a brief consideration of those elec-
trical phenomena that will later be of use in studying electrical
communication. The material should be regarded as extremely essen-
tial, as many points of fundamental importance in communication
will be presented.

Resistance. This is defined? as “the (scalar) property of an electric
circuit or of any body that may be used as a part of an eleetric circuit
which determines for a given current the rate at which electric energy
is converted into heat or radiant energy and which has a value such
that the product of the resistance and the square of the current gives
the rate of conversion of energy.”

Effective Resistance. This is measured® as “the quotient of the
average rate of dissipation of electric energy during a cycle divided by
the square of the effective current.”

Resistance is given by the equation

R ==>» 1)

where R is the resistance in ohms, P is the power in watts, and 7 is the
current in amperes.

When direct current is flowing in a circuit energy is dissipated in
forcing the electrons through the wires. When alternating current is
flowing through, there are additional losses. In communication cir-
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cuits and apparatus, such as inductors, or coils, and capacitors, or
condensers, the most important alternating-current and voltage losses
are as follows:

Direct-Current Resistance Loss. One component of the alternating-
current loss is the loss that would occur with direct current.

Skin-Effect Loss. When an alternating current flows through a wire,
the rapidly changing magnetic field causes the current in the wire to
crowd to the surface. This phenomenon is called skin effeect. This
reduces the cross-sectional area of the wire that is effective in carrying
current, and the effective resistance is therefore greater than the
direct-current resistance because of the skin-effect loss.

Magnetic Hysteresis Loss. Energy is required to reverse a magnetic
field in a ferromagnetic material such as the core of a transformer.
Thus, if an alternating current produces an alternating magnetic field
in ferromagnetic material, a magnetic hysteresis loss occurs. The
loss 1s directly proportional to the frequency.

Eddy-Current Loss. An alternating magnetic field induces voltages
in objects in the vicinity, and, if the objects are conducting, eddy
currents flow. These eddy currents will dissipate energy in the
resistances of their paths and will cause an eddy-current loss.
For eddy-current flow in transformer-core laminations the loss
varies as the squares of the frequency and the thickness of the
laminations.

Dielectric Hysterests Loss. When an alternating voltage is im-
pressed on a capacitor, an alternating electric field is established in
the dielectric. Energy is dissipated in reversing this field. This is
called a dielectric hysteresis loss. Such losses also oceur in insulators,
in the insulation of coils, and in all objects through which an alter-
nating electric field passes. If the power loss per eycle is assumed
to be constant, then the loss is directly proportional to the fre-
quency.

Radiation Loss. Some energy is radiated by electric circuits, par-
ticularly at radio frequencies.

The important losses that occur in devices such as resistors, in-
ductors, and capacitors have been enumerated. It is these additional
losses that oceur with alternating currents and voltages that eause the
effective resistance to be greater than the direct-current resistance.
It is common practice to use the term resistance when effective resist-
ance is meant.

Self-Inductance. This is defined? as “the (scalar) property of an
electrie circuit which determines, for a given rate of change of current
in the circuit, the electromotive force induced in the same circuit.
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Thus
diy
eg = —L—
! dt
where e¢; and 7; are in the same circuit, and L is the coefficient of self-
inductance.” In this equation ey is the instantaneous induced electro-
motive force in volts, L is the self-inductance in henrys, and di; /d¢t is
the instantaneous rate of change of current in amperes per second.
The magnitude of the instantaneous induced electromotive force is
e1 = N dg,/108dt. 1f this is substituted in equation 2, the magnitude
of the self-inductance becomes

2

_ Nd¢y

108 diy

Communication equipment such as coils and transformers often have
closed cores of ferromagnetic material. Also, coils sometimes have
direct-current and alternating-
current components flowing si-

3)

multaneously in the windings. Ag” I
The inductance of such units can e

be found by equation 3, assum- '

ing that the magnetic charac-

teristics of the material are
known. This is shown by Fig. 1
which illustrates the way in
which the magnetic flux ¢ varies
in a ferromagnetic core with the [~~~ 7
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current ¢; that produces it. — A; —
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S}lppose that the value 01? the ﬁ | q !

direct-current components is 1’4 i iy

and that the alternating-current Current —»—

3 .
component 1s as shown.by AVLS P 1. Equal current changes Ai; and
then, the corresponding flux A1’y do not produce the same flux changes
change will be A¢’. Hence, A¢’ and A¢"” if different values of direct
d¢1/d11 of equation 3 will have current 1’; and 7''; flow through a coil
a certain value, and the self- with a closed core of iron or other ferro-

induct I ta; . magnetic material. Thus, the incre-
inauctance & Certam magnl-  ,on¢al inductance depends on the value

tude. Now suppose that the of the direct-current component.
value of the direct-current com-

ponent ¢”; is different from ¢';, being larger as shown in Fig. 1.
The same change in current Ai”; now produces but a very small
change in magnetic flux A¢”, and hence d¢,/di; of equation 3 will
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be very small and the inductance will be much less than when the
direct-current component is at 7’y. Because of these variations, the
inductance of a coil on a ferromagnetic core is called the incremental
self-inductance, or merely incremental inductance. This may be
regarded as a non-linear self-inductance.

For coils and transformers with air cores, or ferromagnetic cores
containing large air gaps, the inductance can be found by equation 3,
or by the simplified form
— N ¢1 .
©10%4,
In such equipment the induetance is essentially independent of the
magnitude of the current. The flux ¢; produced by current i, is
found by the usual methods. The self-inductance L will be in henrys
when N is the number of turns, ¢; is in lines, and 4, is the current in
amperes. This may be regarded as a linear self-inductance.

Sometimes inductance is measured with ordinary alternating-current
measuring instruments that indicate effective values. For steady-state
sinusoidal conditions and effective values, equation 3 becomes

Ep
"~ 2nfl
In these equations Ep, is the magnitude of the effective value of the
voltage drop in volts caused by the inductive reactance (excluding that
caused by the effective resistance), I is the magnitude of the effective
value of current in amperes, and f is the frequency in cycles per second.
Such a determination would necessitate the use of a voltmeter, an
ammeter, and a wattmeter to find the effective resistance or power-
factor angle so that the reactive voltage drop E; could be separated
from the total voltage drop across the circuit or coil. The voltage E,
leads the current I by 90°. If the coil saturates and if the impressed
voltage is sinusoidal, the current will be distorted and will contain
harmonies (page 558). In this event, the ammeter will read the
effective value of the current, and equation 5 will give effective self- -
inductance. A discussion of inductance when iron is present is given
in reference 2.

Mutual Inductance. This is defined! as “the common property
of two associated electric circuits which determines, for a given rate of
change of current in one of the circuits, the electromotive force induced
in the other. Thus,

L 4)

» and Ep = 2xfLI, or Ep = oLl (5)

di di
61=M?t2’ and 62=ﬁ[~d?17 (6)
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where ¢4 and 74 are in circuit 1, e; and 1, are in circuit 2, and M is the
coefficient of mutual inductance.” In these equations e is the in-
stantaneous voltage in volts, 3 is the mutual inductance in henrys,
and di/dt is the instantancous rate of change of current in amperes
per second. It is possible to write a form similar to that of equation 3.

JVZ d(,'bl
M=%,

For steady-state sinusoidal conditions and effective values, it can

be shown that
E,

- 2nfl,
For convenience in applying to a transformer this equation has been
written in terms of the effective value of the magnitude of the secondary
voltage E, induced by the effective value of the primary current I,.
The units are volts, amperes, and cycles per second. If phase relations
are of importance a —j should be placed in front of the final expres-
sions of equation 8.

Capacitance. The definition of capacitance of most value in com-
munication is? “the property of an electric system comprising insulated
conductors and associated dielectries which determines, for a given rate
of change of potential differences between the conductors, the displace-
ment currents in the system. Thus in a system of two conductors only

)

v and K = 2xfMI, or E,=oMI,. (8)

) de
i=C ot (9)

where ( is the capacitance, ¢ the displacement current, and e the
potential difference between the conductors.”” The usual units are
amperes, farads, and volts per sccond.

Equation 9 is in terms of instantaneous values. For steady-state
effective values this equation can be written

7 1/
ﬁ: or E¢= e

In these equations I is the magnitude of the effective value of the
current in amperes, E 1s the magnitude of the effective value of voltage
across the condenser in volts, and f is in cycles per second. The
voltage E¢ lags the current I by 90°. This equation assumes that
capacitance only exists in the circuit.

Resistor. This is defined? as “a device, the primary purpose of
which is to introduce resistance into an clectric circuit.” Unfortu-

I= 2rfCEc, and EC = (10)
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nately, a résistor contains small amounts of “residual” inductance and
capacitance. These unwanted properties become of extreme im-
portance at radio frequencies. An equivalent circuit of a resistor is
shown in Fig. 2.

Wire-Wound Resistors. Such resistors are used extensively in com-
munication eircuits, particularly where the fre-
quency is low, where the current is relatively high,
and where the resistors must be very stable and of
the order of a few hundred thousand ohms and less.

The methods of winding resistors to minimize
inductance are such that the magnetic field pro-
duced is kept to the minimum by winding the
resistance wire on a thin card, or by arranging the
wires so that the flux-producing tendency of one
wire is canceled by that of an adjacent wire.?
Unwanted capacitances are minimized by reducing
Fic.2. Anequiva- metallic areas and se.para'ting metal}ic pQrtions be-
lent circuit of a tween which a potential difference will exist.
resistor. The in- Composition Resistors. This general heading
ductance and ca- includes several types of resistors. One is the so-
paCIta(l'ilce. ":ire un- salled earbon resistor composed of a carbon com-

estred. position formed into a short straight rod that is
often encased in insulation. Another is the so-called metallized type
consisting of a thin conducting film on an insulating rod, such as glass,
and encased in insulation.

Composition resistors are particularly suited for radio because they
are readily made with very high resistances, and because the residual
capacitance and inductance are very low.

Inductor. This is defined! as “a device, the primary purpose of
which is to introduce inductance into an electric circuit.” There are
self inductors and mutual inductors, but the dual wording is seldom
used. An equivalent circuit of an inductor is shown in Fig. 3. The re-
sistance shown is the effective resistance, and the capacitance is the
distributed capacitance between turns. Inductors are often called
inductance coils, choke coils, or merely coils and chokes.

Inductors used in communication are of two general types, those
using air cores, and those using ferromagnetic cores, such as silicon
steel laminations. For very low frequencies and where the core losses
(eddy-current and magnetic hysteresis losses) are not of extreme
importance, cores of silicon steel are used. When the losses must be
kept to the minimum and high-quality performance is desired, cores
of compressed powdered Permalloy (page 58) are employed. As

3l
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explained on page 52, the core losses will become very great at radio
frequencies, and for this reason air cores are often used. There is a
growing tendency, however, to use cores of compressed powdered ferro-
magnetic material such as iron at radio frequencies.

What is called the energy storage factor @ of an inductor is usually
defined as the ratio of the energy stored to the energy dissipated per
cycle. Numerically,
= ol (1D

X1
R R

Q=
This is the ratio of the inductive reactance of a coil to its resistance.
Capacitor. This is defined? as “a device, the primary purpose of
which is to introduce capacitance into an electric circuit.” The con-
necting leads and the metal foil and plates of a
capacitor offer resistance and inductance to current
flow; also, energy is dissipated in the dielectric.
é An equivalent circuit of a capacitor is as shown in
Fig. 4.
L For direct-current, and at the
g lower communication frequen-

\l
)

cies and voltages, capacitors
with metal-foil electrodes and
wax or oil-impregnated paper
dielectrics are used. Mica is

F1c. 3. An equiva-

lent circuit of an

inductor. The ca-

pacitance and re-

sistance are unde-
sired.

stances are used for small radio capacitors.

used for the dielectric of capaci-
tors where the losses must be
kept low, or where high voltages
are employed. Capacitors with
ceramic dielectries such as titan-
ium dioxide and similar sub-
Air is

used as a dielectric for many radio capacitors,
particularly if they are to be variable, must have

very low loss, or are to be operated at high voltages.

T

F1¢. 4. An equiva-
lent series circuit of
a capacitor. The
resistance and in-
ductance are un-
desired.

Electrolytic

capacitors are used at low frequencies where a polarizing direct voltage
is available, as in filters for power supplies.

What is called the energy dissipation factor D of a capacitor is
usually defined as the ratio of the energy dissipated to the energy stored

per cycle.

Numerieally,

D= = wRC.

R
Xc¢

(12)
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This is the ratio of the equivalent series effective resistance to the
capacitive rcactance.

Magnetic Materials Used in Communication. The magnetic ma-
terials used in early telephone apparatus were chiefly magnetic iron and
silicon steel. Bundles of small iron wire early were used for cores.
About 1915 cores of compressed powdered electrolytic iron were intro-

duced.
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Fic. 5. Magnetization curves for certain magnetic materials.

Silicon-steel laminations are used in cores for power-supply trans-
formers and for similar purposes. They are also used in some audio-
frequency equipment. Special alloys have been developed for the
specific requirements of telephone equipment, and certain of these have
found use in radio.

Permalloys.* 5 This group of alloys contains varying amounts of
nickel, iron, and chromium (Table I). The Permalloys have sev-
eral characteristics of importance. First, they have high flux den-
sities and permeabilities at the low currents encountered in com-
munication apparatus (Figs. 5 and 6). Second, they have low
hysteresis loss, as indicated by the small arca of the hysteresis eurve
of Fig. 7. This keeps core losses low and also results in low non-linear
distortion (pages 85 and 558). Third, the resistivity of the Permal-
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loys is high (Table II), and hence the eddy-current losses are low.
The eddy-current losses are minimized by making the cores of many
devices of compressed powdered Permalloy. Each particle is effec-
tively insulated from each of the other particles by a suitable insulating
and binding material. Very thin Permalloy tape also 1s used in
transformers. The Permalloys are used very extensively in the tele-
phone industry. An improved Permalloy, called Supermalloy
(su-perm’-alloy), has much higher initial and maximum permeabilities
than the earlier Permalloys and has much less hysteresis loss.®
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3 j Y Permalloy
88,000 785
3.8-78.
R 80,000 Mo - Permalloy
3 72,000 / N J \
2 64,000 ré
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24,000/ * \
16,000 =~
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s 2 =1 =3 S S e

-
Induction or Flux Density (B) in Gausses

Fic. 6. Permeability curves for Permalloys. (Reference 4.}

Powdered Iron.7- 8 9 Special powdered iron cores have been used
in radio-frequency coils and transformers since about 1935. Sub-
stances commonly used are? hydrogen-reduced iron, carbonyl iron,
and magnetic iron oxide, commonly known as magnetite (Table III).
These cores are usually molded “slugs” of finely divided iron, each
particle of which is insulated and held by a suitable binder. In many
radio coils and transformers the magnetic core is mounted on a screw
so that the core may be moved inside the coil to vary the inductance.
These coils are smaller, use less wire, have a higher @, and are less
expensive than comparable air-core coils.

Materials for Permanent Magnets.1® Steels of high carbon content
were used extensively for permanent magnets for many years. Later,
cobalt steel, having better characteristics, was developed. More re-
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Fic. 7. Hysteresis loops of silicon steel and Permalloy. On the same scale, the
loop for Perminvar would be a straight line.

cently, alloys (such as Alnieco) of aluminum, nickel, iron, and other
elements, such as cobalt, have been used for permanent magnets.

TABLE I

DesignaTiONs AND COMPOSITIONS OF SoME COMMUNICATION MAGNETIC ALLOYS
(From reference 4.)

Designation Composition, Per Cent
Ni Fe Co Cr Mo v

78.5 Permalloy 78.5 21.5
80 Permalloy 80 20
45 Permalloy 45 55
3.8-78.5 Cr-Permalloy 78.5 17.7 3.8
3.8-78.5 Mo-Permalloy 78.5 17.7 3.8
2-80 Mo-Permalloy 80 18 2
45-25 Perminvar 45 30 25
7-45-25 Mo-Perminvar 45 23 25 7
Permendur 50 50
1.7 V-Permendur 49.15 49.15 1.7

Ni = nickel; Fe = iron; Co = cobalt; Cr = chromium; Mo = molybdenum;
V = vanadium.

A material called Viealloy composed of vanadium, iron, and cobalt
was announcedl! in 1940. The characteristics of certain of these
materials are shown in Fig. 8.
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TABLE II
MacniETIC CONSTANTS FOR COMMUNICATION MAGNETIC ALLOYS
(From reference 4.)

Material o wm WH—w B, H., (B— Hpyg_—w p
“Armco’’ iron 250 7,000 5,000 13,000 1.0 22,000 11
49, silicon-steel 600 6,000 3,500 12,000 0.5 20,000 50
78.5 Permalloy, quenched 10,000 105,000 200 6,000 0.05 10,700 16
45 Permalloy 2,700 23,000 1,200 8,000 0.3 16,000 45
3.8-78.5 Cr-Permalloy 12,000 62,000 200 4,500 0.05 8,000 65
3.8-78.5 Mo-Permalloy 20,000 75,000 200 5,000 0.05 8,500 55
45-25 Perminvar, baked 400 2,000 2,500 3,000 1.2 15,500 19
7-45-25 Mo-Perminvar,

baked 550 3,700 2,600 4,300 0.65 10,300 80
Permendur 700 7,900 6,000 14,000 1.0 24,000 6

Here uo and u,, are the initial and maximum permeabilities, respectively; Wy »
is the hysteresis loss in ergs per cubic centimeter per cycle for saturation value of
flux density; Br is the residual induction in gausses; H. is the coercive force in oersteds;
(B — H)g—« is the saturation value of the intrinsic induction in gausses; p is the
resistivity in microhms-centimeter.

TABLE III
Cuaracteristics oF Core MateriaLs Usep 1n Rapio CoriLs
(From reference 9.)

Eddy-Current

Core Hysteresis Loss Residual Loss Loss
Coeflicient Coefficient Coeflicient
e ——— —— N ————
ua a ue ¢ ue e
“70” 0.99 14.1 1.6 23 7.0 10.0
‘55" 0.86 15.6 1.8 33 0.73 1.3
“40” 0.89 22.2 1.3 33 0.66 1.6
“40-L7* 1.45 37.2 2.7 69 1.00 2.5
“40-H'} 1.04 24.8 2.3 55 1.69 4.0
“16.5-E"§ 0.20 12 0.1 6 0.08 0.49
Quantities Units
ua 102 ohms/henry, cps, gauss
a 107% ohms/henry, cps, gauss and per unit permeability
uc 1072 ohms/henry, cps
¢ 107% ohms/henry, cps and per unit permeability
ue 10~7 ohms/henry, eps?
e 107 ohms/henry, cps? and per unit permeability

* 40-L is a core made of Carbonyl iron, type L with a permeability of 39.

t 40-H is a core made of one of the best grades of commercial hydrogen-reduced
iron, with a permeability of 42.

1 Carbonyl iron type E with a permeability of 16.5.
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Miscellaneous Magnetic Materials. Several other interesting mag-
netic materials have been developed for telephone purposes. Among
these is Perminvar!2? listed in Table I. The permeability of this
material is constant over a wide range of low flux densities, and the
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Fic. 8. Characteristics of certain permanent magnet materials. A large demag-
netizing force required to reduce the flux to zero indicates a superior material.
(Data from Reference 10.)

A. Nickel-aluminum-iron alloy. C. 359, Cobalt-steel alloy.
B. Cobalt-molybdenum-iron alloy. D. Cobalt-tungsten-iron alloy.
E. Chromium-steel alloy.
hysteresis loss is very low, even compared with Permalloy. Another
group of alloys, known as Permendurs, have high permeability over
a wide range of high flux densities.

Dielectric Materials Used in Communication. Matcrials used
for insulators and dielectrics in communication apparatus are many
and varied. A few of the common materials are listed in Table IV.

The power factors in Table IV indicate the dielectric losses in the
materials. For paper dielectrics the dielectric constants range from
about 3 to 5, and the power factors vary from about 0.1 to 0.5 per cent,
depending on the nature of the paper-impregnating substance. Ce-
ramic dielectrics such as titanium dioxide are used in radio circuits
where constancy of capacitance with temperature change is desired
and where the capacitors must be physically small.
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TABLE 1V
ELecrrIcAL CHARACTERISTICS OF MATERIALS USED FOR INSULATORS
AND DIELECTRICS
(From references 3 and 13.)

Dielectrie Power Factor — Per Cent Machine-

Material Constant 60 cycles 1000 cycles 10%cycles  ability
Cellulose acetate 6-8 7 .. 3-6 Very good
Cellulose nitrate 4-7 5-9 5 5 Very good
Fiber 4-5 6-9 5 5 Very good
Glass, Pyrex 4.5 .. 0.5 0.2 Very poor
Mica, clear India 7-7.3 0.03 0.02 0.02 e
Bakelite, “low loss” 5.3 2.5 1.4 0.7 Poor
Porcelain, “‘wet process”  6.2-7.5 2 1 0.7 Very poor
Rubber, hard 2-3 1 1 0.5-0.9 Fair
Steatite 6.1 1 0.4 0.3 Very poor
Styrene (polymerized) 2.4-2.9 0.02 0.02 0.03 Good
Titanium dioxide 90-170 0.1 0.06

Frequencies Used in Communication. An interesting charac-
teristic of communication is the wide range of frequencies used. All
designations have not been standardized.

Audio Frequencies. As explained on page 38, the average human
ear functions on frequencies from about 20 to 20,000 cycles. The fre-
quencies used in ordinary telegraphy, including teletypewriter opera-
tion, are below a few hundred cycles. The audio frequencies for
ordinary commercial telephony extend from about 200 to 3000 cycles.
For amplitude-modulation radio broadecasting the audio-frequency
band usually extends from about 100 to 5000 cycles when network
programs are used, and from perhaps 50 to 8000 cycles for local pro-
grams. For frequency-modulation broadcasting the audio band may
extend from about 30 to 15,000 cycles.

Carrier Frequencies. In wire telephony and telegraphy the low-
frequency signals are used to modulate a high-frequency carrier wave.
This translates, or shifts, the information to be transmitted to the
vicinity of the carrier frequency (page 412). Carrier frequencies
range from about 4000 to 150,000 cycles, but in special systems fre-
quencies as high as 500,000 cycles are used.

Radio Frequencies. Farly radio systems operated at frequencies
as low as about 10,000 cycles. The radio-frequency band extends
from 10,000 cycles to many billions of eycles. The upper limit is
being advanced as progress is made in radio. Radio frequencies are
classified on page 442.

Series (Phase) Resonance. This is defined! as “the steady-state
condition which exists in a circuit comprising inductance and ca-
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pacitance connected in series, when the current in the circuit is in phase
with the voltage across the circuit.”” From this definition the input
impedance of the circuit at resonance is equivalent to pure resistance.
This is often called series resonance, or mercly resonance. The
term voltage resonance is sometimes used, a term applicable only if
the effective resistance is negligible.

Resonance occurs in a series circuit when the inductive reactance
X1, = 2xfL equals the capacitive reactance Xy = 1/(2#fC). Thus,

1 1
2xfL = 27rfC', and f= 27r\/L—C',
where f is the (phase) resonant frequency in cycles per second when L
is the inductance in henrys and C is the capacitance in farads. For the
practical case a series circuit is composed of an inductor having effec-
tive resistance R and a ca-
pacitor having negligible
loss. The resistance does
not affect the frequency of
Impedance resonance. The way in
which the input impedance

— varies with frequeney is

(eac\a“c'e shown in Fig. 9. Note that

md“c\'we |l /" Equivalent  the input impedance is low
i input reactance 5t regonance.

At resonance the current

in a series-resonant circuit is

(13)

Resistance

Impedance —~
Resistance —

Frequency —=

Reactance
~—— Negative o Positive —>

R .. .
frzzﬂgﬁg limited only by the effective
- resistance of the coil. If
Capacitive the coil has a low effective

reactance

resistance (a high @), the
current may rise to a high
Frc. 9. Showing the variations in the resist- Vvalue, and large reactive
ance, reactances, and impedance of a series- voltages (Ex = IX¢ = IX,
'resona,nt circuit. Note .that at resonancg th‘e approximately) will exist
impedance equals the resistance. For a circuit . .
. . . across the eapacitor and in-

of lower resistance (and higher @) the imped- ‘ e .
ance would fall to a lower value and the cireuit ductor. This principle is
would be more sharply tuned. used to increase signal volt-

ages.

Parallel (Phase) Resonance. This is defined?! as “the steady-state
condition which exists in a eircuit comprising inductance and capaci-
tance connected in parallel, when the current entering the eireuit from
the supply line is in phase with the voltage across the circuit.” From
this definition the input impedance of the circuit at resonance is
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equivalent to pure resistance. This is often called parallel resonance.
The term antiresonance 1s somectimes used to designate parallel
resonance. The term current resonance is also used, a term cor-
rectly applicable only if the effective resistance is negligible.
Resonance (phase) occurs in a parallel eircuit composed of an in-
ductor and eapacitor when the inductive susceptance By = Xp/Z.2
equals the capacitive susceptance By = X¢/Z,2, and the reactive com-

Equivalent
input
resistance

Equivalent
input
impedance

Impedance —»-
Resistance —»

2 Equivalent
= | — input
8L reactance

s
=
§ o] Frequency — Resonant
& % frequency
o
[T
T

F1c. 10. Equivalent input impedance of a parallel-resonant circuit. Note that at

resonance the impedance rises rapidly and becomes a large value of pure resistance.

For a circuit with less loss (and higher Q) the curves rise to higher values and the cir-
cuit would be more sharply tuned.

ponent of the current through the inductor equals the reactive
component of the current through the capacitor. For the practical
case of a parallel circuit composed of an inductor having effective
resistance R and a capacitor having negligible loss, the inductive sus-
ceptance is By, = X;/(R;? + X.2) and the capacitive susceptance is
B. = 1/X¢. The resonant frequency is

Xy 1 1 \/L —CR;?
. S el 1
R],2 + XL2 X¢ and / 2T crL? ’ ( 4)

where f is the (phase) resonant frequency in cycles per second when L
is the inductance in henrys, C is the capacitance in farads, and Ry, is
the effective resistance of the inductor in ohms. For many parallel
circuits equation 13 is satisfactory. The way the input impedance
of a parallel circuit varies with frequency is shown in Fig. 10. Note

that the input impedance is high at resonance.
The voltage across a parallel circuit at resonance is E = IR,, where
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E. is the equivalent parallel resistance. From the familiar equation for

equivalent impedance of any parallel circuit,
Z1Z,

Z + Ze

the equivalent parallel impedance of the inductor and capacitor pre-

viously considered is approximately

4 - (BotiXD)(=iXc) _ (Ru+iX0)(=iXe)
© (Rp+5X1) + (—jXe) Ry

= wlQ = R.. (16)
This last expression applies at radio frequencies where R is small

compared with X7, where R; is neglected in the numerator, where
X; = X¢, and where @ = oL/R;.

Z, = (15)

1 The voltage at resonance across the
T . parallel inductor and capacitor is
R, R, I E =1Z, = IoLQ. Because the input

E L, ELS ézL impedance is greatest at resonance,
Zp z, ) the voltage across a tuned parallel

l circuit to which the current input I
2 is constant also is greatest at reso-
1 nance, and this property is made use
of in practice to obtain a high signal

R voltage. At resonance the current

E L: through the inductor and capacitor
Z, are I, =E/Z; and I = E/X¢, re-
spectively, and may be quite large at

2 lom? resonance; this' property also 1is

et = —7 utilized in practice.

Fia. 11. The effect of a closed Inductively' Couple(.l Circuits.
secondary circuit is to reflect an im- The current in the primary of a
pedance Zre into the primary circuit.  coil will induce a voltage in the

secondary of the coil. If the sec-
ondary is open and no appreciable current flows through the secondary
distributed capacitance, the effect of the secondary may be neglected.
If the secondary is closed through some load impedance Zj so that
current does flow, then the effect of this current is felt in the primary,
and the primary current is altered. Since the effect of a load connected
to the secondary is to alter the current in the primary, the effect of
the load is like connecting some impedance into the primary. This
value of impedance is called a reflected impedance and is indicated

in Fig. 11.
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The magnitude and angle of the reflected impedance ean be found
as follows: Referring to equation 8, page 55, the voltage induced in
the secondary will lag 90° behind the current in the primary, or
E; = —jeM]I,, and this must equal I.Z,, where Z, is the total secondary
impedance, including the impedance of the secondary of the coil and
the load. Equating these two expressions, and solving for I, gives

—jwMI,

I, =
Zst

(17)
The voltage E must equal the sum of the voltage drop across the coil
and voltage induced in the primary by the secondary, because this
induced voltage must oppose flow of primary current. Thus,

—juMI
E = 1,7, + joMI, = 1,7, + joM (—Jg—”)
st
(18)
(wM)?T
=I1,Z, + 7. £
This equation can be written
M H?
E - Ip [Zp + (a.u ) ] (19)
Zse

which states that the effect of the closed secondary is to couple a load
of impedance (oM )2/Z,, into the primary. All solutions must consider
both the magnitudes and angles. To find the current flow in the
secondary of Fig. 11 the steps are as follows:

1. Find the reflected impedance (wM)2/Z,., where w = 2=f, M is the mutual
inductance in henrys, and Z,: is the total secondary impedance.

2. Find the total impedance between points 1-2, by adding the reflected im-
pedance to the impedance of the primary of the coil.

3. Find the primary current by dividing the impressed voltage E (which may
well be taken as the reference vector) by the total impedance between points 1-2.

4. Find the voltage induced in the secondary by the expression E, = — joM]I,.

5. Find the secondary current by dividing this induced voltage by the total
secondary impedance.

-

Closely Coupled Circuits. When the primary and secondary of
an inductively coupled circuit are on a closed ferromagnetic core a
closely coupled transformer, or transformer, exists. In commu-
nication, transformers are often regarded as impedance changers, a
viewpoint that will now be discussed.

Assume that a transformer, or repeating coil, as it is often called in
telephony, has a closed core of Permalloy and that all the magnetic
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flux ¢ produced by the primary winding N, links with the secondary
turns Ny; also, assume that the losses in the transformer are negligible.
The magnitude of the back voltage induced in the primary is given by
the fundamental expression e, = N, d¢/(108 di), and this will ap-
proximately equal the impressed voltage. The magnitude of the
voltage induced in the secondary will be e, = N, d¢/(108 dt). Divid-
ing the second equation by the first, and in terms of effective instead
of instantaneous values, gives
ES NS

ETp = Fp and hence

NIN
»

3

Ny
= 2. 2
v (20)

To determine the approximate impedance transforming equations,
suppose that the transformer secondary is delivering power to a load.
The magnitude of the load impedance will be Z;, = E,/I,, and the im-
pedance measured across the primary terminals will be Z, = E,/I,.
From equation 20, E, = E.N,/N,, and I, = I,N,/N,, and, when these
are substituted in the equation for the primary impedance,

E, EN,/N, E, <Np)2 <N,,>2
= = ——— = —\ - = Zs * 21
Z P Ip I.N, / Np I, \N, N, (21)

This equation shows that the transformer acts like an impedance
changer because the impedance Z, measured at the primary will be
(N,/N,) 2 times the impedance connected as a load to the secondary.

Maximum Power Transfer. A power system operates at constant
voltage, but a communication circuit does not. The internal impedance
of communication apparatus is often quite high, with the result that
the output or terminal voltage varies greatly with the magnitude of the
current taken by a connected load. The amount of electric signal
power available from communieation equipment (such as a telephone
transmitter) is often very small, and maximum power transfer from
one device or circuit to another, rather than efficiency of power transfer,
is the criterion of good design.

The principle of maximum power transfer can be illustrated by a
simple example. Suppose that a battery of constant open-circuit
voltage E,. and internal resistance R; is connected directly to a load
resistor R;. It is desired to find the value of R; such that the
maximum power is transferred from the battery to the load.

The current flowing will be

E,.

= — 22
R, 4+ R, 22)

1
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and the power Py, delivered to the load resistor Ry will be

EOCQRL
- ————5 !
(R + R1)?
where P, will be in watts, when the other units are amperes, volts, and
ohms.

If equations 22 and 23 are examined, the power Py, delivered to the
load will be seen to approach zero if R, approaches either zero or
infinity in value. There is, accordingly, some intermediate point
where the power transferred is maximum. This can be found by

P, =I’R; = (23)
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Fia. 12. Per cent of short-circuited power E,.2/R; and efficiency for different.
values of R;/R;.

differentiating equation 23 and equating to zero, or by plotting a curve
of equation 23. By either method it is found that maximum power is
transferred from the battery to the load when the load resistance equals
the internal resistance of the battery.

The relations just discussed are plotted in Fig. 12. The maximum
power that can be developed by the battery is that produced when it is
short circuited. The per cent of this delivered to the load is plotted
against the ratio of the load resistance R, to the battery internal
resistance R;, and maximum power transfer occurs when R; = R,
The efficiency of power transfer is

power delivered I’Ry, Ry . (24
power generated I?R; + I’R, R; + Ry,

and, when R, =R, the efficiency is 50 per cent; that is, half of the
power generated is lost in the battery, and half is delivered to the load.

Efficiency =
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In alternating-current circuits the power transferred from a generator
of open-circuit voltage E,. and internal impedance Z, to a load of
impedance Z, will be P = I2R,, where

EOC EOC

I = = ’
Lyt 2 (Byg+iX,) 4 (B +5X1)

or

(25)
EOC .
(Rg + RL) +.7(Xg + XL)

If the reactance X; of the load is equal in magnitude and opposite in
sign to the internal reactance X, of the generator, then the reactances
cancel, and the relations previously considered apply; that is, maximum
power transfer occurs when Ry, = R,, and the efficiency is 50 per cent.
Impedances, which have equal resistance components and reactance
components equal in magnitude but opposite in sign, are defined?! as
conjugate impedances. For conjugate impedances the maximum
power transferred becomes

Eoc2RL _ EOCQRL _ Eoc2
(R, + R1)?  4R.® ~ 4Ry

If the generator internal impedance and the load impedance are not
conjugates, the power transferred 1s P = I2R;, where I is as given by
equation 25. Thus, the power transferred is

_ Eoc2RL .
(Ry+ R’ + (Xg + X1)?

When Z, and Z; are equal both in magnitude and angle (that is,
R, = R, and X, = X)), then equation 27 may be written

_ EoczRL _ Eoc2Rg .

ARSI XD T T TR+ XD

In communication ecircuits the following problem is often en-

countered: a load of impedance Z;, is to be connected to a generator

of internal impedance Z,. It is not possible to obtain a condition of

conjugate impedances. Instead, the generator and load must be

connected through a transformer that can be used to alter the mag-

nitude only of the impedance. If the magnitude, but not the angle of

an impedance can be altered, the relations for maximum power can be
determined by rewriting equation 27 as follows

p E,.2Z; cos O,
= ’
(Rg + ZL CO8s eL)2 + (Xg + ZL sin E)L)2

P =IR; = (26)

(27)

P

(28)

(29)
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and by differentiating this expression and equating to zero.l* The
solution shows that when the magnitude Z;, but not the angle 0, of a
load tmpedance can be varied, maximum power will be transferred from
a generator of internal vmpedance Z, when the magnitude of Zp equals
the magnitude of Z,.

Impedance Transformations. The two preceding sections con-
sidered methods of changing the magnitude (but not the angle) of a
load impedance. Transformers are often used for this purpose. Such
methods are used in audio-frequency circuits where the band width
is great compared to the magnitude of the center frequency. In
contrast, the band width occupied by the radio channel is such a
small per cent of the carrier frequency that in much radio design work
it ean be assumed that a single frequency is to be transmitted. Hence,
1t becomes possible to change angles as well as magnitudes in im-
pedance matching. Such transformations will be treated in this
section. The discussion applies to a single frequency, or to a rela-
tively narrow band of frequencies,

Fra. 13. Series and parallel circuits for studying impedance transformations.

Equivalent Series and Parallel Curcuits. A method of making
impedance transformations is based on equivalent circuits.l® Two
circuits are equivalent if they draw identical currents when they have
the same voltage impressed on them. The current taken by the series
circuit of Fig. 13 1s I, = E/(R, + jX,), and by the parallel circuit
I, = E/R, + E/(jX,). If the circuits are equivalent, these two ex-
pressions can be equated:

- (30)

R. +jiX, R, jX,
For equivalence, the two in-phase components of current must be
equal, and the two out-of-phase components must be equal. Thus in
equation 30 the real terms must be equated separately, and the reactive
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terms must be equated separately. When this is done,

X2
R, = R, (1 + 35 2> = R;(1 + %), 31)
and
R 1
Xp=X31+Z5 =X31+Q82- (32)

These two equations are useful for finding the parallel circuit that is

equivalent to a series circutt. In these equations @, = X,/R, and is

the @ of the series circuit that is to be converted into a parallel circuit.
Similarly, two equations can be written

R
R, = —2, 33
1+Q,° (33)
and
X
X, = —=2 . 34
1+ 1/Q,° (34)

These two equations are useful for finding the series circuit that 1s
equivalent to a parallel circuit. 1In these equations @, = R,/X, and is
the @ of the parallel circuit that is to be converted. Note that @,
differs from @,.

Increasing an Impedance. Impedance transforming ecircuits are
used extensively in radio. Usually the load to be matched contains
both resistance and reactance. This reactance is often neutralized
(and the phase angle of the load changed) by connecting an equal and
opposite reactance in series. If this is done, then there remains only
resistance to be transformed into a new value. A method of tncreasing
g resistance will now be considered. '

The circuit of Fig. 14(a) can be used to increase a resistance to a
larger value. The resistance B may be a resistor or a circuit actually
inserted in series with the inductor L, or it may be resistance reflected in
series with the coil in accordance with coupled-circuit theory. Assume
that B must appear as a larger value R’ at the points indicated. The
principle involved is to transform R to the desired value R’ by connect-
ing R in series with some inductor L. The equivalent inductance L’
then is neutralized with capacitor C, leaving only the transformed value
of R’ effective between the terminals.

As an illustration, suppose that it is desired to transform 100 ohms
resistance to 500 ohms resistance at 5.0 megacycles. Using equation 31

6.28 X 5X 10° X L
100

2
500 = 100 ‘:1 + ( ) :I y and L = 6.35 X 107° henry.
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This is the value of inductance to insert in series with the resistance to
be transformed. It is now necessary to find what the reactance of L/
of Fig. 14(b) will appear to be. This can be found from equation 32,
and is

orfL’ = X, = 6.28 X 5 X 10° X 6.35

100 2
| 1 — 250 ohms.
x 10 [+<6.28 ><5><106><6.35><10_6)} 50 ohms

(a) (b)

Fie. 14. Circuits for studying impedance transformations as used to increase a
value of resistance R to a higher value R’.

The reactance capacitor C must have must also equal 250 ohms so that
it will draw the correct leading current and neutralize the effect of the
equivalent reactance of L’. Thus 1/ (2+fC) = 250, and C' = 127 micro-
microfarads. These calculations show that L of Fig. 14 (a) should be
6.35 X 10~6 henry, and C of this figure should be 127 micromicrofarads
to transform 100 chms placed at R to 500 ohms as measured at R’.

Decreasing an Impedance. As an illustration, suppose that it is
desired to transform a 500-ohm resistance to a 100-ohm resistance at a
frequency of 10.0 megacycles. For this purpose, the circuit of
Fig. 15(a) can be used. The method is to find the value of the in-
ductor L that must be placed in parallel with the 500 ohms so that it
will appear as 100 ohms at R”. Then it is necessary to find the equiva-
lent series reactance of L and R so that this reactance can be neu-
tralized with capacitor C, leaving only resistance R’ between the input
terminals. Using equation 33

500

=00 s, and L = 8.95 X 107° henry.
1+ <6.28 X 107 X L>

100 =
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This is the value of the coil L to be connected ¢n parallel with R to cause
R’ to equal 100 ohms. The equivalent series reactance of the L and R
combination of Fig. 15(a) can be found by equation 34, and is

6.28 X 107 X 3.95 X 107°

2xfL’ = 1 = 200 ohms.
1
T ( 500 >2

6.28 X 107 X 3.95 X 107®
1L
H
C

R’ L R
(a) (b)

F1a. 15. Circuits for studying impedance transformations as used to decrease a
value of resistance R to a lower value R’.

The capacitor C of Fig. 15 required to neutralize this inductive re-
actance is 200 = 1/(2=fC), and C = 79.5 micromicrofarads. Then,
the resistance R’ measured at the terminals of Fig. 15 will be 100 ohms.

Direct-Current Bridges, Measurements of direct-current resist-
ance often are made with the Wheatstone bridge shown in Fig. 16. 1In
operating, R, and R, are usually set on some convenient ratio, and
resistor B3 is then adjusted until the galvanometer does not deflect.

Since the galvanometer does not deflect, the points across which it is
connected are at the same potential. Then,

IlRl = 12R2 and 11R3 = IQR,,;
Hence, I1/Is = Rs/Rq,1,/Is = R,/Rj, and, when equated,

(R;}ff}) . (35)

This bridge is used to find faults such as short circuits, crosses, or
grounds on communication circuits. One method is the Murray loop
shown in Fig. 17. The lower wire on which the acecidental ground
exists 1s connected at the distant end to a clear wire. The bridge is
then balanced.

R, =
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Suppose that the two wires have the same resistance r per foot and
that the total loop length L is known. Then, if A4, B, ¥, and X cor-
respond to Ry, Ro, Ry, and R, of Fig. 16 and equation 35, the distance
X to the fault is

B(L — X)r BL
Xr=—"""""" and X =-—"""- 36
r 4 (A4 + B) (36)
I,
—
Line wires——»l
A Y .
l Conngcting
! wirg
B X — l
H'lf e l
F16. 16. The Wheatstone Fig. 17. The Murray loop.

bridge.

If the two wires have different resistances ry and r, per foot because a
wire of the same size was not available for connection with the faulty

wire, R, = Xr,, and

When these substitutions are made in equation 35, the distance is

BL(ry 4 o)
2rs(A + B) 37)

Another method of finding faults is the Varley loop of Fig. 18. This
arrangement offers the possibility of throwing the switeh up and meas-
uring the loop resistance. Suppose that in this figure the two wires
have the same resistance r per foot and that the total loop resistance
R, has been measured. Then, when the switch is thrown down and the
loop balanced, R5 of equation 35 is R, — X7, and R, is B + Xr.
Hence, from equation 35,

X =

B(RL - XT)

R4+ Xr= 1
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and the distance X to the fault is

BR;, — AR .
r(A + B)
In this equation, Ry, is equal to the loop length L times the resistance
per foot r. If the wires do not have the same resistance per foot, it is

X = (38)

l«——Line wires
Y )
Connecting
wire
X i
1 1

Fic. 18. The Varley loop.

easily shown that equation 38 can be used to find the distance to the
fault if r is the resistance per foot of the grounded wire.

Alternating-Current Bridges.1¢ These are used for measuring the
effective resistance and inductance of inductors, the effective resistance
and reactance of capacitors, and
the input impedance of lines
and networks. The condition of
bridge balance usually is deter-
mined with a telephone receiver
if the test frequency is audible.
Above the audible-frequency
range the null detector often is
an amplifier and a rectifier. At
higher frequencies, a radio-re-
Fie. 19. An alternating-current bridge. ceiving set makes an excellent

detector.17. 18

In the alternating-current bridge of Fig. 19 Ry and R, are resistors
with negligible reactance. Impedance Z, may be a standard inductor
or capacitor, and Z; is the unknown inductor or capacitor to be meas-
ured.

At balance, negligible current flows through the receiver, minimum
tone is heard in the receiver, and the points across which the receiver
is connected are at the same potential. Thus I;R; = I,Rs in both
magnitude and phase, and I,Z, = I,Z, in both magnitude and phase.

Then,

Il R2 Il Za: R2 Zz: RZ
Z: 22, and Zp = 27,
L B L 7z, Rz, ™ %Tg (39)
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When this equation is generalized,

R
R.+jXo = 22 (Bo +5X.) - (39)
1

Because resistances and reactances produce different effects, in
balancing an alternating-current bridge, first one quantity, and then
the other, is varied, until minimum tone of the test frequency is heard.
The in-phase and out-of-phase terms of equation 39¢ must be separated
as follows: R;R; + jX.R, = R;R, + jX:Rs, R:R, = RsR., and
X R, = X,Ra. Solving for the unknown terms gives

R2 RZ
R.,=—R, and X,=—-X, 40
z Ry z R, ) ( )
where R, is the effective resistance and X, is the reactance of the un-
known. When a standard inductor is used to measure an unknown
inductor, equation 40 becomes
R R
25fL, = == (2nfL,), and L, = =2 L,- (41)
Ry Ry
When a standard capacitor is used to measure an unknown capacitor,
equation 40 becomes

1 Rz 1 ) Rl
24/C, Ry (27rsz »and Ch =7 C (“42)

in which the ratic R;/R, is opposite from equation 41. In the pre-
ceding equations the units are ohms, henrys, farads, and cycles per
second.

Bridge with Standard Inductor. The unknown inductor or capacitor
of Fig. 20 is measured in terms of the standard inductor L, and
standard resistor B,. The effective resistance of the standard inductor
necessitates a correction. If Fig. 20(a) is used, then R, of equation 40
equals R, of Fig. 20(a) plus the effective resistance of the standard
inductor. If Fig. 20(b) is used, then the effective resistance of the
unknown eapacitor is R, of equation 40 minus the effective resistance
of the standard inductor.

Often, in bridges, such as Figs. 20(a) and (b), R, and R, each equal
some value, such as 1000 ohms, and are fixed. Also, a resistor, equal
to the effective resistance of the standard inductor, is connected in the
arm opposite the standard variable inductor. The bridge of Fig. 20(a)
then becomes direct reading; at balance the setting of R, gives the
effective resistance of the unknown inductor, and the setting of L,
gives the inductance of the unknown,
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Inductor
being
measured

Capacitor
being
measured

(b)

Inductor
being
measured

Capacitor
being
measured

(b)

Fia. 21. An alternating-current bridge using standard capacitor C,.
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The bridge of Fig. 20(b) is adjusted until the inductive reactance
2xfL, equals the capacitive reactance 1/(2«fC). For this condition,

1

Ce = GariiL,

(43)
As will be noted, the frequency must be known.

Bridge with Standard Capacitor. For many purposes the standard
capacitor of Fig. 21 has negligible effective resistance and no resistance

corrections are necessary. For the circuit of Fig. 21 (a), when reso-
nance 1s obtained the value of the unknown inductor is

1
L. = .
(2nf)*C,

(44)

If the eircuit of Fig. 21 (b) is used, then the capacitance of the unknown
is given by equation 42.

Bridge Measurements of Mutual Inductance. The circuits of Figs.
20(a) and 21(a) are used for measuring
mutual inductance. Suppose that the
two coils of Fig. 22 arc connected aiding
so that the magnetic effects add; then,
because of the mutual inductance between
the coils, the back voltage between ter-
minals 1 and 4 may be considered as
composed of four components: (1) the
back voltage caused by the self-inductance
of coil A, (2) the voltage induced in cotil
A by the current in coil B and the mutual
inductance between B and A4, (3) the back
voltage caused by the self-inductance of (b) Coils opposing
coil B, and (4) the voltage induced In  p, 99 Connections for de-
coil B by the current in coil 4 and the termining mutual inductance.
mutual inductance between A and B.

This total back voltage appears as an inductive effect at the terminals,
and hence the equivalent self-inductance as measured by a bridge is

Lis =L 4+ 2M 4+ L, (45)

But if the coils are connected opposing so that the magnetic effects
subtract, then the induced voltages caused by the mutual inductances
subtract from those caused by the self-inductances, and

Li_s =Ly —2M + L. (45a)
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Subtracting equation 45a from equation 45 gives
L1_4 - L1_3 = 4:M. (46)

The mutual inductance between two coils is, accordingly, one-fourth
the difference in the inductance measured with the two coils aiding
and the two coils opposing.

S

Q00

F1e. 23. Circuit for measuring the incremental inductance L, and the effective
resistance R of a coil with a core of iron or other ferromagnetic material,

Bridge Measurements of Incremental Inductance. The magnitudes
of the incremental inductance and effective resistance of an inductor
with a ferromagnetic core will vary with the magnitude of both the
direct and the alternating currents through the coil (page 53). The
bridge of Fig. 23 provides both direct current and alternating cur-
rent. The direct current from the battery is regulated by resistance r
and measured with the milliammeter. It is difficult to measure directly
the magnitude of the alternating-current component, although it can
be done. A high-impedance vacuum-tube voltmeter connected as indi-
cated can be used to maintain constant the alternating voltage drop
across the inductor. This is accomplished by varying the voltage
divider E. Both the direct current and the alternating voltage must
be kept constant as the bridge is balanced.

If the inductor has many turns (a filter choke for instance), then a
low frequency of about 100 cycles must be used to avoid the effects
of the distributed capacitance. For this reason, null detector D is
often a tunable vacuum-tube amplifier and detector, or some similar
device. It should be noted that resistor S must pass the direct-current
component. At balance,16

L,=ASCg, R,=ABS.’Cp® and Q= (approximately), (47)

_ 1
(BuC)

where all values are in henrys, farads, and ohms, and o equals 27 times
the frequency.
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Thermocouples. Alternating-current and voltage measurements
are made with thermocouples and associated galvanometers. KEach
thermocouple of Fig. 24 consists essentially of two wires (4, B) of
dissimilar metal fastened to-

gether at the thermocouple
junction. When the junction
is heated with the alternating A\ /B A\/B
current to be measured, a A /5 H.  °H®
direct voltage is produced Mutsal C‘:;‘;Z‘:t Sﬁz:{::e
across the galvanometer. @ type type

This voltage is proportional , Load
to the heat dissipated, and
hence to I2R, where I is ef-

fective value of the alternat- FIG. 24. Tlustrating three types of thermo-
ing current flowing and R is couples and how they would be connected to
. . measure the current taken by a load. The
the effective resistance of the  gisgimilar metals forming the thermocouple
thermocouple heater. are A and B. The heater is marked H.

The mutual type is not
very satisfactory. The alternating current to be measured divides,
part passing through the galvanometer and part through the load.
Since the impedance of these two parallel paths varies with frequency,
the current division also varies, and a shunting error is introduced.
Furthermore, a reversal error exists, causing a different thermocouple
output for each direction of current flow.

In the contaet type of thermocouple the shunting error is neg-
ligible, and the reversal error is very small and may usually be
neglected. The calibration may readily be made with direct current
and is independent of frequency except at very high frequencies where
skin effect alters the effective resistance and the stray capacitance
shunts current out of the heater.

The separate-heater type has no reversal error and is especially
suitable for high-frequency measurements where the capacitance of
the galvanometer to ground would be objectionable. Maximum sen-
sitivity is obtained by binding the thermocouple junction and the
heater together with a bead of heat-conducting but electrical insulating
material.

At low frequencies, such as over the audio range, about the only
effect of inserting a thermocouple in a circuit is to add resistance to
the circuit. At radio frequencies, however, the equivalent cireuit® for
a separate-heater type thermocouple is as shown in Fig. 25. Because
of the stray inductances and capacitances, a calibration made with
direct current, or with low frequencies, does not hold at extremely high
frequencies.
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For measuring an alternating current, the thermocouple is inserted
in the circuit as in Fig. 24. For measuring an alternating voltage, the
thermocouple and a series resistance are connected as in Fig. 26. The
voltage between the line wires 1s £ = I (R + r), where K is the protec-

It
IV
Rl L1 !2 02
2 /A 03
Ci=—H
B
L,
R, L, 2 ﬁz
Vv 00 o A

F1e. 25. The high-frequency equivalent circuit of a thermocouple of the sep-

arate-heater type. A and B are the thermocouple wires, and H is the heater. L

and Lg are the inductances of the connecting leads and the heater. () is the

capacitance between connecting leads. C. is the capacitance between heater and

thermocouple. Cj3 is the capacitance of the insulating bead between the thermo-

junction and heater. Mutual inductance (not shown) exists between the heater
and thermocouple. (Adapted from Reference 19.)

tive or current-limiting resistor, » is the resistance of the thermocouple
heater (this should be accurately measured) and I is the current ob-
tained from the calibration curve. These arrangements take power
from the source and accordingly alter
circuit conditions. There are instances
when thermocouples cannot be used and

R when vacuum-tube measuring devices
> must be employed.
@ g Load Shielding. If instruments, or circuits

such as bridges, are operated In weak
constant electric or magnetic fields, dif-
ficulties are - seldom experienced. If
F1c. 26. Methods of measuring  these fields are strong, however, or if
voltage with a thermocouple. they are alternating rather than constant,
then serious troubles are experienced.

A circuit or an instrument can be shielded from the effect of a constant
(direct) electric field by enclosing the object to be shielded in a metal
box.29 Since the metal is electrically conducting, the lines of electric
force do not penetrate to the interior but terminate on surface charges.
An instrument or circuit can be shielded from the effects of a constant
magnetic field by entirely enclosing the device in a thick case of good
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magnetic material such as iron. The magnetic lines of force follow
through the metal of the shield and penctrate less within.

Although shielding against stray alternating-current fields is in
reality a process of shiclding against electromagnetic waves, it is
convenient to consider the separate components.21 There are, there-
fore, two problems: first, shielding against stray alternating magnetic
fields; and second, shiclding against stray alternating electric fields.

Shielding against stray alternating magnetic fields22 is usually
limited to wound apparatus such as transformers. Often the coils are
wound on a closed core of some good magnetic material such as iron or
Permalloy; then the flux will be confined almost entirely to the mag-
netic core, and but little coupling to other circuits will be experienced.
If such closed cores arc not sufficient or are not used, there are two
other methods of shielding,

The first of these is to enclose the device in a case of magnetic ma-
terial as previously explained. This shield will prevent the magnetic
lines of force from leaving the vicinity of the coil being shielded, and
from coupling with another unit. The second method of magnetic
shielding is to enclose the device in a box of non-magnetic material,
such as copper, having high electrical conductivity. Then the alter-
nating magnetic field produces eddy currents in the copper, and the
magnetic field produced by these currents reacts with, and largely
neutralizes, the stray field from the device tending to cause interference.
Such shields cause losses and change the electrical characteristics of
the apparatus shielded.

A metal box will shield against stray alternating electric fields. If
it is desired to shield the individual pieces of equipment in a network
(such as an impedance bridge) from the mutual effects of the other
pieces, the problem becomes more difficult. Shielding against an
electric fleld does not consist of preventing mutual coupling, but of
controlling the coupling. Two problems are involved, depending on
whether the units are in series or in parallel.

To illustrate the action of a shield, consider the impedance unit of
Fig. 27(a). When an alternating electromotive force is applied be-
tween A-B, in addition to the current from A to B through the
impedance, current flows from A to B through the stray capaci-
tances and the grounded path as shown by the arrow. These
stray capacitances and the resulting currents vary for every different
position of the impedance with respect to ground, and with respect to
surrounding objects such as an observer. If, however, a conducting
shield is placed completely around the impedance as in Fig. 27(b), the
stray paths will be made definite, and the impedance between the
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points A-B will be independent of the location of the unit. Stray
capacitance will also exist as shown between the shield and ground,
but, since all parts of the shield are at the same potential, no current

will flow.

Suppose that two elements are connected in series and that it is

desired to shield these from each other,
and also so that their impedances are
independent of their position with re-
spect to ground and surrounding ob-
jects. It might at first appear that
connecting them as in Fig. 28(a) would
be satisfactory. It is not,. however;

A Z B

Stray -
current

Ground

(a)

%

- ——— b ——
t
p-———q——

g
-

o
i}

a

Ground
(b)

F1c. 27. Method of shielding a single
element Z by the use of a conducting
metallic shield. The impedance be-
tween A-B is independent of position
with respect to ground. Element Z is
also shielded from high-frequency
electromagnetic fields.

Fic. 28. Incorrect method (a)

of shielding elements from each

other, and from the effects of

ground and surrounding objects,

Correct methods are shown in
(b) and (c).

the two shields are at different potentials, and current will flow as indi-
cated by the arrow. The impedance between A-C will therefore be
variable. If, however, the shield is extended as shown in Fig. 28(b),
then the stray capacitances between the two shields, indicated by the
dotted condenser C,, will be constant, and the impedance between A-C
will be independent of location. This arrangement can be extended to
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include any number of elements, three elements being shielded in
Fig. 28(c).

Attention is called to the fact that, although shielding tends to make
a unit independent of position, it increases the impedance variations
with frequency. Thus, if the unit of Fig. 27 (a) is a resistor, the actual
circuit between the terminals A-B consists of
resistance and capacitance in parallel. This -~ Shield
assumes, of course, that the inductance of o T ' 1
the resistor is negligible. When the shield is T T
placed in position, the capacitance is in-
creased. Even at voice {requencies the
c.ircuit A-B would not be strictly pure re- Fre. 29. Methods of shield-
sistance, and the higher the frequency, the ing parallel elements.
greater is the deviation from this ideal.

Shielding, therefore, does not prevent stray fields and capacitive
coupling, but controls these, making them independent of position.

Units connected in parallel should be individually shielded, and all
the shields connected to some common point which is then usually
grounded. This method is illustrated by Fig. 29.

Distortion. This is defined! as a “change in wave form.” Three
types of distortion are as follows:

Frequency Dristortion. This is defined! as “that form of distortion
in which the change is in the relative magnitudes of the different fre-
quency components of a wave, provided that the change is not caused
by non-linear distortion.” Thus, if the transmitting efficiency of a
circuit or piece of equipment is different at various frequencies, fre-
quency distortion results. This is sometimes called amplitude dis-
tortion.

Non-Linear Distortion. This is defined! as “that form of distor-
tion which occurs when the ratio of voltage to current, using root-mean-
square values (or analogous quantities in other fields), is a funection of
the magnitude of either.” Non-linear distortion causes harmonies to
be created (see page 558). If a pure sine-wave voltage is impressed
on a eireuit (such as an iron-cored transformer) having a non-linear
impedance (ratio of voltage to current as just defined), the current
that flows will not be a pure sine wave, but will contain harmonics and
will be irregular in shape. Non-linear circuits have many useful ap-
plications in communication, such as modulation (page 420), demodula-
tion (page 421), and the generation of carrier frequencies (page 425).

Delay Distortion. This is defined? as “that form of distortion which
oceurs when the phase angle of the transfer impedance (page 423) with
respect to two chosen pairs of terminals is not linear with frequency

}

= HH



86 ELECTRICAL FUNDAMENTALS OF COMMUNICATION

within a desired range, thus making the time of transmission or delay
vary with frequency in that range.” Delay distortion is the type
of distortion that occurs when the velocity of propagation or speed of
transmission of a wave through a circuit varies with the frequency of
the wave. Considerable delay distortion is tolerable in the transmis-
sion of speech and music but is very objectionable in picture and
television transmission.

The Decibel. The bel is defined! as “the fundamental division of
a logarithmic scale for expressing the ratio of two amounts of power,
the number of bels denoting such a ratio being the logarithm to the
base 10 of this ratio.” If Py and P, designate two amounts of power,
and if N is the number of bels denoting their ratio,

N = logi - 48)

The decibel is defined! as “one-tenth of a bel, the number of decibels

denoting the ratio of two amounts of power being 10 times the

logarithm to the base 10 of this ratio.” The abbreviation db is used

extensively. If P, and P, designate two amounts of power, and if n
is the number of decibels denoting their ratio,

P1 P1
n = 10logio —>» and — = 10%1%", (49)
g10 P, P,
Power is seldom measured di-
I, — " o I, — rectly in communication cireuits.
Network It is usually determined indi-
Z,— under Zy—> Load rectly from current measure-
test .
Lo o ments made with thermocouples,
or from voltage measurements

Fic. 30. Circuit for illustrating the made with vacuum-tube volt-

meaning of the term decibel. meters. Because of these indi-

rect measurements of power,

confusion has resulted in the use of the decibel, and the reasons will
now be explained.

It is desired to determine the power loss in decibels of the network
of Fig. 30. This is to be done from the ratio of the input current I,
and the output current I,. Since power is I2R, equation 49 can be
written

I’R I R
n =10 IOglo I_;‘(_,—R—;‘ = 20 IOgloi + 10 10g10 Ei . (50)

If Bi/Rs = 1.0, then the last term equals zero, and under these special
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conditions, in which the resistance components of the input impedance
equals the resistance component of the load impedance, the power
ratio and the loss in decibels is

I I
n = 20 log;o =+ and = = 10%9%%n. (51)

Iy Iy
Similarly, if the power loss is to be determined from voltage readings,
where E; is the voltage impressed across the network and E, is the
voltage across the load, since power = EI cos O, equation 49 can be
written
Elll Co8 91 E12Z2 CcoS 91 _

=101 —— =101 ———— =
" 0810 Ezlg COS 82 0810 E22Z1 CcOo8 92
(52)

C]
20 logw + 10 lOglo + 10 lOglO £05 B .
(60 )5} 92

If it happens that Z; equals Z5 in both magnitude and phase, then the
last two terms become zero, and wunder these special conditions the
power ratio and the loss in decibels is

n = 20 logyo %’ and 5—; = 1000%%n, (53)

The confusion mentioned previously resulted from using equa-
tions 51 and 53 to determine power ratios in decibels In circuits that
were not matched and did not meet the special conditions explained.
Most telephone lines and apparatus are matched for maximum power
transfer, and thus the impedance relations are such that equations 51
and 52 can be used without error. However, many circuits and much
equipment are not matched for maximum power transfer, and hence
these equations do not apply.

1t is common practice to use equations 51 and 53 in circuits in which
the impedances are not matched, but when so used these equations do
not give power ratios in decibels but instead express current or voltage
ratios in decibels. This is in accordance with the Standards,® but the
usage should be accompanied by a statement of the specific applica-
tion.

Cains in decibels as well as losses are expressed by equations 49, 51,
and 53. 1In all instances the larger number is divided by the smaller,
and the terminology “gain” or “loss” is used.

Equations 49, 51, and 53 can be plotted as in Fig. 31. With these
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F1c. 31. Curves for gain or loss in decibels, from current, voltage, or power ratios.
curves, the gain or loss in decibels can be found. Also, gains or losses
can be determined from Table V.

TABLE V

RELATIONS BETWEEN DECIBELS AND F'RACTIONAL Loss or GAIN
IN Powgr

Decibels Loss-Power Ratio Gain-Power Ratio

1 0.794 1.26
2 0.631 1.58
3 0.501 2.00
4 0.398 2.51
5 0.316 3.16
6 0.251 3.98
7 0.200 5.01
8 0.158 6.31
9 0.126 7.94
10 0.100 10.00
20 0.010 100.00
30 0.001 1,000.00
40 0.0001 10,000.00
50 0.00001 100,000.00

Transmission losses are sometimes expressed in nepers. From equa-
tions 51 and 53, the loss in decibels is

I E
n =20 loglol—;’ or n=20 logloﬁ-
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If the natural or Napierian base for the logarithms is used,

I E
n = logel—;’ or n' = log, E—;: (54)
where n” is the loss (or gain) in nepers. The relation between the
natural and common logarithms is loge x = 2.3026 logyy z. There-
fore, from equation 54, n’ = 2.3026 log;¢ I;/I5. From equation 51,

n/20 = logyo I,/I,, and

Loss in nepers = 0.11513 times loss in decibels. | (55)
Loss in decibels = 8.686 times loss in nepers. j

Power Level and Volume. If a given reference value is chosen,
the power level, or power being transmitted past any point in a
system,! may be expressed as so many decibels above or below the
selected reference. For several years the reference point or zero level
chosen was approximately 0.006 watt, or 6 milliwatts. On this basis,
if a circuit were delivering 60 milliwatts, it was operating at a “plus
10 db power level.” Or, if operating at a “minus 10 db level,” the
power at that point would be 0.6 milliwatt. A zero level of 0.001 watt
is common.

It is also common practice to select some strategic point in the
circuit as a reference point and express the power level in decibels in
other parts with respect to this arbitrary point. Thus, care must be
exercised in interpreting data because of the different zero levels used.
Because of this, there is a growing tendency to use the designation dbm
when the zero level is 1.0 milliwatt (or 0.001 watt).

Power levels are used in circuit tests where steady-state sine-wave
currents are employed. Such factors as the ballistic characteristics of
the measuring instrument do not, therefore, affect the measured values.
For measuring program levels on circuits transmitting speech and
music, where the currents are of transient nature, the characteristics
of the instrument do affect the measured value.

The volume at any point in a telephone circuit is a measure of the
power of a voice-frequency wave at that point.? Volume is expressed
in decibels with respect to some arbitrary reference standard. A spe-
cial volume-level indicator or VI has been developed?23 for measure-
ments in program circuits. This reference specifies (a) the charac-
teristics and method of use of the volume-indicator instrument, and
(b) that the steady-state reference power is 1.0 milliwatt in a circuit
of 600-ohms characteristic impedance (see page 202). The term
volume units (abbreviated vu) is used on the scale of the volume in-
dicator, one volume unit denoting that the program volume level is
one decibel above zero reference volume.
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REVIEW QUESTIONS

1.

2.

Define effective resistance. In alternating-current work, why should the old
“Ohm’s law” definition of resistance be avoided?

Explain why the effective resistance of a circuit may differ from the direct-
current resistance.
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A coil has a laminated silicon-steel core. Would you expect the permeability
of the core to be exactly the same at 50 cycles as at 10,000 cycles, all other
factors being comparable? Explain why.

. Discuss the nature of the inductance of a coil with a ferromagnetic core.
. What is the effect of a small air gap on the incremental inductance of a coil

with a ferromagnetic core?

. When phase relations are of importance, why should —j be written before

equation 8?

. On page 53 a somewhat detailed explanation was given of the inductive effects

in coils with ferromagnetic cores. What parts of this discussion apply to the
mutual inductance of coils with such cores?

. Would you attempt to use a 10,000-ohm wire-wound resistor at a frequency of

1.0 megacycle? Why? If your answer is negative, what type would you use?

. In telephone equipment non-inductive resistors are often made by winding the

resistance wire on a thin card. Fully explain why this reduces the inductance.
What are other advantages of a resistor of this type?

Discuss the types of cores used in communication inductors and transformers.
Discuss the types of dielectrics used n communication capacitors.

What is meant by the “Q” of an inductor and “D” of a capacitor? Are these
two terms related?

Briefly discuss the magnetic materials used in communication.

Briefly discuss the dielectric materials used in communication.

Enumerate and briefly discuss the various frequency bands used in communi-
cation.

On pages 64 and 65, phase resonances were discussed, the term phase being
used to prevent confusion with other types of resonance. What other pos-
sible types of steady-state electrical resonances are there? Why is the term
antiresonance sometimes used?

In solving an inductively coupled circuit as explained on page 67, the effect
of the secondary reflected into the primary is considered. Explain why it is
not necessary to consider the effect of the primary reflected into the secondary.
What are the conditions for maximum power transfer in an alternating-current
circuit? Why is maximum power transfer and not efficiency often of greatest
importance In communication?

Why are impedance transformations often made in communication? Name
several methods of transforming impedances.

In deriving the equations for an alternating-current bridge, why are the in-
phase and out-of-phase terms separated?

A device called .an Inductometer or Variometer is constructed on the principle
of the circuit of Fig. 18(a). It is used to furnish the variable inductance for
bridge standards. Explain how such a device should be constructed to give
variable inductance and constant effective resistance. Could the device have
zero inductance?

In making bridge measurements of incremental inductance why should a
thermocouple not be placed directly in series with the coil under test?

In discussing thermocouples, it was stated that the separate-heater type was
used for high-frequency measurements. Explain why on the basis of the
theory on page 139.

Explain why a copper or aluminum shield is effective against a high-frequency



92

25.

ELECTRICAL FUNDAMENTALS OF COMMUNICATION

magnetic field. Will such a shield affect the resistance and inductance of
an air-cored coil? If so, how?
Under what conditions can power ratios in decibels be found from current
and voltage ratios? Is the decibel used for purposes other than measuring
power ratios? Name several.

PROBLEMS

1.

10.

An air-core coil has a self-inductance of 0.056 henry, and a resistance of
9.2 ohms. Calculate the @ at 100, 1000, 10,000, 1,000,000, and 10,000,000 cycles.
Plot as a curve.  Would measured values agree with calculated values? Why?

. If the coil just considered is connected in series with a 0.5-microfarad capac-

itor, what will be the resonant frequency? What will be the impedance at
resonance, and at 10 per cent above and below resonance?

. Repeat Problem 2 for the inductor and capacitor in parallel. Use both equa-

tions 15 and 16, and compare.

. An oscillator has an open-circuit voltage of 39 volts at 1000 cycles and an

internal impedance of 0.003 henry inductance and 447 ohms resistance. It is
connected to the primary of a coil having an inductance of 0.052 henry and
a resistance of 56 ohms. The mutual inductance between the primary and
the secondary is 0.0536 henry. The secondary has an inductance of 0.061
henry, a resistance of 61 ohms, and is connected to a 500-ohm load resistor.
Calculate the current that will flow through this resistor.

. If the combination of Problem 2 is connected across 50 volts at the resonant

frequency, what will be the line current, and the voltage across the inductor
and across the capacitor?

. If the combination of Problem 3 is connected in parallel and across 50 volts

at the resonant frequency, what will be the line current, and the current
through the inductor and capacitor?

. Prove mathematically that the statement in italics preceding equation 24 is

correct.

. Prove mathematically that the statement in italics following equation 29 is

correct.

. Repeat the problems starting on page 72 for increasing and decreasing im-

pedances, but with frequencies of 2.0 megacycles instead of 5.0 megacycles,
and at 7.5 instead of 10.0 megacycles.

The heater of a thermocouple has a constant resistance of 610 ohms. For
a current of 0.002 ampere through the heater, the deflection of the associated
microammeter is 10 microamperes. The thermocouple heater is placed in
series with 9390 ohms, and placed across an unknown voltage. The microam-
meter reads 100 microamperes. What is the value of the unknown voltage
in volts?



CHAPTER 4

ELECTROACOUSTIC
DEVICES

Introduction. If the spoken word or a program of music is to be
transmitted electrically, some electroacoustic device must either convert
the sound waves into electric energy or permit the sound waves to
control the electric power supplied by a source such as a battery. Such
an electroacoustic device is defined! as a telephone transmitter, “a
device whereby sound waves produce substantially equivalent electric
waves.” The familiar word mierophone is! “a term frequently used
as a synonym for telephone transmitter, particularly in radio and
sound picture fields.”

A telephone transmitter (or microphone) is a special form of electro-
acoustic transducer, defined! as “a transducer by which power may
flow from an electric system to an acoustic system or vice versa.”
The term transducer is defined! as “a device by means of which energy
may flow {rom one or more transmission systems to one or more other
transmission systems.” There are two types of transducers, a passive
transducer, containing no source of power, and an active transducer,
containing a source, or sources, of power.l Accordingly, telephone
transmitters (or microphones) that contain no source of power but
which convert acoustic energy into electric energy are passive or
generator-type transmitters and sometimes are called passive electro-
acoustic transducers.? Similarly, telephone transmitters that use
sound waves to control the flow of power from a battery are active
or modifier-type transmitters and are sometimes called active electro-
acoustic transducers.?

Passive or Generator-Type Telephone Transmitters. In these
transmitters (or microphones) all the electric power output must come
from the acoustic power in the sound waves. The passive transmitters
are, therefore, essentially electric generators with internal impedance
and an open-circuit output voltage that is a replica of the sound waves.
Passive or generator-type transmitters can be grouped in two classes:
the magnetic microphone, defined! as “a microphone the electric
output of which is generated by the relative motion of a magnetic field
and a coil or conductor located within the magnetic field,” and the

93
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erystal microphone, which is a microphone that operates by virtue of
the piezoelectric effect. These devices will be considered in detail later
in this chapter.

The electric power output of a passive or generator-type transmitter
is very low, because the electric power output comes entirely from the
acoustic power of about 10 microwatts actuating the transmitter, and
because the efficiency of transforming from acoustic to electric power
is a few per cent,

Active or Modifier-Type Telephone Transmitters. In active
telephone transmitters the sound waves control an external source of
power. For example, in the telephone set, the transmitter modifies the
current flowing from a battery. Such transmitters are also amplifiers.
The common telephone transmitter may deliver an electric power out-
put 1000 times the magnitude of the acoustic power from the voice of
the speaker.# The power output of most modifier transmitters is ac-
cordingly many times greater than that of the generator type.

Many types of modifier transmitters have been developed,? including
liquid transmitters,® flame transmitters,® glow transmitters,® the ther-
mophone,? carbon-granule transmitters, and condenser transmitters.
The last two are of much practical interest and will be discussed in
detail.

The Single-Button Carbon-Granule Telephone Transmitter.
Many types of telephone transmitters have been developed,? one being
shown in Fig. 1. This consists of a circular brass cup partly filled with
carefully selected carbon granules. The inside edge of the cup is
insulated with a paper ring. In the bottom is placed a highly polished,
circular, carbon electrode which is fastened to the cup and serves for
a contact with the carbon granules. The opening or top of the cup is
partly filled with another circular electrode fastened to a metal plunger
which in turn is attached to the diaphragm.

The path of the current is through the insulated terminal fastened
to the steel bridge, through the damping spring, through the front
movable disk, through the carbon granules, and thence out through the
fixed carbon disk to a second insulated binding post on the steel bridge.
The damping spring is provided to reduce resonance effects in the
mechanical portions. The resistance of the transmitter at a current
of about 0.1 ampere is about 50 ohms when it is not excited by sound
waves.

The Functioning of the Carbon Granules. It is thought that
microphonic action is the result of variations of contact area with
deformation of the contact material.8 ® The carbon granules act
like elastic spheres which flatten out as they are pressed together.
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The resistance decreases with an increase of the area of the contact.
It is also thought that mechanical forces on the granules establish new
contacts as well as change the areas of those already formed.

A special type of ecarbon is used for the granules, and these must be
specially seleeted as to size and quality. They must be free from cor-
rosion and of high resistance, and their contact resistance must be
sensitive to pressure changes. If the granules are not of good quality

%? l«-BRASS FACE PLATE

ALUMINUM DIAPHRAGM

INSULATED TERMINAL
(CONNECTING TO, BACK - JJ
OF BUTTON)
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77~ CENTRAL
7} DAMPING SPRING
ij*VARNISHED MUSLUIN
5 WASHER
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(CONNECTING TO FRONT
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Fic. 1. Cross section of a Western Electric carbon-granule transmitter. Although
this type will gradually be replaced by those of later design, many transmitters of
this general type will remain in useful service for years.

or if they are not carefully selected, they readily become packed and
the transmitter becomes insensitive. Packing may also be caused by
the entrance of moisture, by overheating, or by other misuses. Shightly
jarring the transmitter will usually remedy this condition.

1f the transmitter of Fig. 1 is held at an angle, the granules tend to
fall away from the electrodes, and this may completely open the
circuit. It is important that the transmitter be held close to the
speaker’s lips when it is being used. One advantage of the modern
handset telephone is that, if the receiver is in position for hearing, the
transmitter is in the correct position for talking.

When the current through the carbon transmitter is increased be-
yond a certain value, the points where the currents enter and leave the
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granules will become hot and arcing will take place. A hissing or
frying sound!? will be heard, and the so-called frying or burning point
of the transmitter has then been reached. The normal current taken
by telephone transmitters is about 0.1 ampere. In certain water-
cooled carbon-granule transmitters of historical interest 15 amperes
have been carried continuously.?

Transmitters for Telephone Handsets. The telephone handset is
defined! as a “combination of a telephone transmitter and a telephone

Watertight

Clamping ring
Protecting grid

Qiled sitk
membrane

Diaphragm shield

Diaphragm

Carbon Acoustic shield

granules
Felt ring
Granular carbon

Silk washer for
carbon chamber closure

Acoustic
leak hole

(@) ®

Fig. 2. Construction of typical telephone handset transmitters. (a. Courtesy
Western Electric Co.; b. courtesy Kellogg Switchboard and Supply Co.)

receiver mounted on a handle.” The transmitter clectrodes and the
carbon-granule cup must be constructed so that the granules cannot
fall away from the electrodes and open the circuit for any position in
which the handset is held; that is, the transmitter must be non-
posttional.

Typical methods of construction are shown in Fig. 2. In each of
these the diaphragm is formed and placed so that it acts as the front
electrode. The other electrode is at the back of the carbon-granule
cup or container. The cups are not filled entirely with granules
because space must be left for expansion of the granules when the
temperature rises. The diaphragm of Fig. 2(a) is cone shaped and
ribbed so that it will be stiff and will move in and out somewhat like a
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piston. The diaphragm of Fig. 2(b) is damped acoustically so that it
does not vibrate excessively at certain resonant frequencies.

A second type of handset transmitter is shown in Fig. 3(a). The
diaphragm consists of two thin aluminum-alloy cones. The two
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Fic. 3. Construction (@) and frequency response (b) of a typical telephone handset

transmitter. For the meaning of the word bar, see Fig. 9. (Courtesy Automatic
Electric Co.)

electrodes are separated by paper bellows. The frequency-response
curve is shown in Fig. 3(b).

The telephone transmitters of Figs. 2 and 3 are known as “capsule
types” because they are made as a unit and cannot be adjusted in the
field. The characteristics of the handset telephone transmitters are
superior to those of the transmitter of Fig. 1.
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Telephone Transmitter Operation in Resistive Circuits. In this
section the theory of a single-button, carbon-granule transmitter in a
circuit containing resistance only will be discussed. It is assumed
that the transmitter diaphragm is excited by a pure tone; also, that
the diaphragm of the transmitter and the resistance of the carbon
granules vary harmonically.

The total resistance at any instant of the circuit of Fig. 4 is

R = (R, + R;) — r sin ot. (1)
In this expression, R; is the steady-state transmitter resistance, E,

is the resistance of the remaining portion of the circuit, and r is the
maximum variation in transmitter resistance from RE; When the
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F1c. 4. Telephone F1c. 5. Line A represents direct-
transmitter in re- current component or current
sistive circuit. flow when diaphragm is at rest.

Line B represents current flow-
ing when diaphragm is excited
by a pure tone.

sound-wave pressure is maximum, the diaphragm will be pressed in
and the ecircuit resistance will be (R, + R;) — r. When the sound-
wave pressure is least, the transmitier diaphragm will be bent out and
the circuit resistance will be increased to the value (R, + R:) + 7.

The current through the transmitter at any instant will be similar
to that shown by Fig. 5. It consists of direct and alternating com-
ponents and is given by the relation

E E

I, = . or © (2)
(R, + R;) — rsin wl < >< r . >
E.+R ] ———snowt
! (Rc + Rt) ¢
This equation is in the form of the series
1
—— =1+z+2>4+2a% - 2" (3)

1 —z
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Equation 2 may be expanded according to this series, becoming
E <1 + r . t + 7‘2 -2 t+ > (4

= sin wt + —————sin Y

(R + B\ " (Rt B R+ B2 )

This equation indicates that, in addition to current variations having

I

r
the same frequency as the impinging sound waves <—— sin wt> )
(R: + Ry)

2

m sin® wt) is expanded,
¢ t

are produced. These harmonics were not present in the original varia-
tions assumed, and thus distortion has been produced, although it is
usually not serious. In fact, all terms higher than the first may usually
be neglected, and the total instantaneous transmitter current can be
written

harmonics, such as obtained when

[ (1 +—" t> 5
t = . T R) (Rc TR sin wt )» ( )
or
r .
I, = L,(l + Y wt>’ (6)

where [, is the normal or steady-state current flowing when the dia-
phragm is at rest. This equation becomes

I .
I; = Io-{-(m s1nwt> (7)

From a telephone standpoint, interest is in the largest value that the
Ir

(R, + RBy)

Since I, = —————— the maximum value of the alternating com-

h (Rc + Rl)

ponent becomes, from equation 7,

alternating component may have, that is, in the portion

Er

Imax = m ®)

To illustrate the application of this equation, suppose that a number of
transmitters of different normal resistance R, are available for connec-
tion to a circuit of resistance R., and also assume that for each one the
ratio r/R, = p is a constant value. That is, the percentage change of
resistance v when excited by the same source is the same. Then, equa-
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tion 8 becomes

EpR,
(Re + R)?
Now let it be assumed that all the factors in this equation are constant

except RK; and that the expression is differentiated with respect to R;.
Then,

Imax -

9

A1 ax _ Ep(R. + Rt)2 — EpR:(2R, + 2R)) .
th (Rc + Rt)4

(10)

The greatest value of the alternating component I.x will be obtained
if equation 10 is equated to zero. Thus,

Ep(Rc + Rt)2 - EpRt(ch -+ 2Rt) = 0:
and
R, = R.. (11)

For the maximum useful alternating (speech) component of current in
a circuit the steady-state resistance of the transmitter R; should equal
the resistance of the external circuit. If these relations are obtained,
the useful output can be increased by substituting a transmitter having
a greater change in resistance 7.

Distortion Produced by Telephone Transmitters. The single-
button carbon-granule telephone transmitters do not have the high
quality of radio microphones, but they do have what is much more
important—greater power outputs. In a telephone system much dis-
tortion can be tolerated, provided that the intelligibility is satisfactory
and too much unnaturalness does not result.

It was shown by equation 4 that distortion resulted from normal
transmitter action. For transmitters of given resistance R, in circuits
of resistance R, the least sensitive transmitters will produce the least
distortion since they have the smallest total resistance change r. It
follows that a given transmitter in different circuits will produce the
least distortion in high-resistance circuits. In such cireuits a given
transmitter will, of course, produce less useful output.

Much distortion is caused by the diaphragm which is mechanically
resonant at certain frequencies. At these frequencies the diaphragm
motion and the electric output will be greater than for sounds of the
same intensity but different frequency. In modern transmitters the
diaphragms are ribbed or otherwise stiffened so that flexure is reduced
and piston motion is approximated. The resonant cavities caused by
the air spaces around the diaphragm and by the mouthpiece also cause
distortion unless these cavities are designed properly.
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A small amount of distortion is caused by the unequal travel of the
diaphragm. When moving inward it meets an increasing opposition as
it tends to compress the carbon granules, but this opposition does not
ocecur when the diaphragm moves outward. This is an important
factor leading to the use of the double-
button earbon-granule microphone to
be considered later. Permanent

The Magnetic “Sound-Powered” magnet\v

Telephone Transmitter. The sound-
powered transmitter is of the genera-
tor type. Acoustic power from the
sound waves is converted into electric
power; hence the wording “sound-
powered.” As explained on page 94,
the electric power output is very low,
and such transmitters are used only in
special telephone systems where the
talking distances are small and the
transmission losses are low.

A schematic diagram of a sound-
.powe.red magnetie telephone_is‘ shown gl e Sochematic diaphragm of
in Fig. 6. Sound waves striking the 5 gound-powered telephone trans-
diaphragm cause it to move, and this mitter. The internal impedance is
motion is imparted to the small soft- 900 ohms at 1000 cycles. For very
iron armature which conducts mag- 1oud talking the generated voltage

H li of for betwee th is about 50 millivolts. This device
netic nes oree etween € may also be used as a receiver.

soft-iron pole pieces. As this arma-  (Courtesy Automatic Electric Co.)
ture moves in accordance with the

speech sounds, the magnetic lines of force linking the coil are caused
to vary, and this induces in the coil an electromotive force that is a
good replica of the sound waves. This transmitter can be used also
as a telephone receiver.

The Double-Button Carbon-Granule Microphone. This micro-
phone has been extensively used in radio-broadecast and sound-ampli-
fying systems. It is still used where high output is important. A
cross section of a typical microphone is shown in Fig. 7

The diaphragm of this microphonel? is of Duralumin, 0.0017 inch
thick, and is clamped securely at the outer edge to prevent slipping.
The portions of the diaphragm in contact with the carbon granules are
covered with a film of gold to ensure a low-resistance contact. The
buttons are cylindrical and provided with a paper seal to prevent
carbon leakage.

Armature\

Soft iron
pole pieces

Armature
bearing

pole pieces
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transmitter used in regular telephone service. The output is, neverthe-
less, much greater than that of any other of the microphones to be
considered in the following pages. This is

a decided advantage in many instances. e

Typical current values are 25 milliam-
peres per button. The current should Diaphragm
always be reduced to about zero value
before opening the battery circuit. If i O:tpm
this is not done, the high voltage induced
in the transformer windings when the
switch is opened may cause the carbon —
granules to arc across and thus injure the Fie.8. Circuit for a double-
microphone. A filter system consisting of putton carbon-granule micro-
a 0.0014-henry choke coil in series with phone,
each line wire and a 0.02-microfarad econ-
denser directly across each of the two transformer primary windings
is sometimes used to reduce arecing.

The Condenser Microphone. This consists essentially of a fixed
plate and a thin, tightly stretched diaphragm, the two being insulated
and separated by about 0.001 inch. The basic circuit is shown in
Fig. 10. When sound waves strike the diaphragm it moves and the
capacitance varies causing an electric current corresponding to the
sound waves to flow through the high resistance. The resulting voltage
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Fic. 9. Pressure calibration for the Western Electric microphone of Fig. 7. One

bar is sound pressure of one dyne per square centimeter. For usual speech, the

average pressure is about 0.4 bar, and for music it often is much higher, depending
on the musical selection, ete.

drop is then amplified. The direct polarizing voltage is about 200
volts. The action of condenser transmitters and receivers was
studied*! by Dolbear in 1881. These microphones became of practical
importance because of the improvements made by Wente and the de-
velopment of vacuum-tube amplifiers.1? 14 Tt has been stated15
that modern acoustics began with the development, by Wente, of this
microphone.
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A condenser microphone is made small to minimize distortion of the
sound waves; the diaphragm is about 1 inch in diameter. The capaci-
tance is about 50 micromicrofarads. This requires (a) that very short
leads must be used between the microphone and the amplifier and
(b) that the input or grid resistor of the amplifier must be of high

resistance. In a typical amplifier this is 100
y Stretched diaphragm megohms. Free-field response curves of the
Fixed plate microphone and amplifier are shown in Fig. 11.

Pressure calibration curves (page 110) are also
available.16 The output impedances of the
amplifier commonly are 25 to 50 and 150 to
250 ohms.

The Moving-Coil or Electrodynamic (Dy-
namic) Microphone. In 1877 it was sug-
gested1? that the performance of Bell’s
magnetic transmitter could be improved by
making the diaphragm of non-magnetic mate-

=

Fi1c. 10. The basic cir-
cuit of a condenser
microphone.  Although

this microphone has a

source of voltage in

series, its output is very
low.

microphone was impracticable until amplifiers were available.

rial and attaching to this diaphragm a light
coil of wire which would vibrate in a magnetic
field and generate a voltage in accordance with
the sounds striking the diaphragm. Such a
Mov-

ing-coil microphones became commercially available about 1930.
Cross-sectional views of a moving-coil microphone are shown in
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F16. 11.  Free-field response curves of a typical condenser microphone and associated

amplifier.

Arrows indicate direction of arrival of sound waves.

(Courtesy Western
Eleetrie Co.)

Fig. 12. The diaphragm is made of Duralumin and is dome shaped to
stiffen the center and ensure that the diaphragm moves with piston

action.

aluminum ribbon wound on edge.

The moving coil fastened to the diaphragm consists of an

The strong radial magnetic field
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across the air gap in which the coil is located is produced by a perma-
nent magnet.

As indicated by the arrows in Fig. 12 there are two major air cham-
bers in this microphone. These chambers and the narrow connecting
air slits improve the frequency response of the microphone.18 19

DIAPHRAGM AND AR CHAMBER POLE PIECE SLOT TuBE AIR CHAMBER
COIL ASSEMBLY AIR CHAMBER

= W)

F1g. 12. Cross sections of a moving-coil or dynamic microphone. (Courtesy
Western Electric Co.)

The shape of the housing is important in determining the direetional
characteristics. To obtain a non-directional microphone, a spherical
housing was used in one type.2® Frequency response curves of a
typical dynamic microphone2! are shown in Fig. 13.
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F16. 13.  Free-field response curve for a typical dynamic microphone. 0 decibels =
1 volt per dyne per square centimeter (open-circuit voltage across output impedance
of 20 ohms). (Courtesy Western Electric Co.)

Several hundred feet of ecable may be used between the moving-coil
microphone and the associated amplifier because the impedance of
the microphone is only about 20 to 40 ohms. The condenser micro-
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air-particle motion and velocity, it is often called a velocity-operated
microphone.

1,000 cps ===

LA B ~.

F1e. 15. Directional characteristics of a typical ribbon, or velocity, microphone.
Front and back refer to the microphone which is assumed to be at the center of the
figure. (Courtesy Radio Corporation of America.)

The motion of the ribbon in the magnetic field causes a signal voltage
to be induced in the ribbon. Both the voltage and the internal im-
pedance are low. These are inereased by a transformer located be-
neath the pole pieces, Transformer output impedances are either 50
or 250 ohms.
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mounted so that motion of the diaphragm bends the crystal element
{Fig. 16). Sound-cell erystal microphones have been built in which a
number of crystals connected in series are employed, and sometimes
they were connected in series-parallel combinations to give both
increased output and low internal impedance.

With microphones and other devices using Rochelle salt crystals, the
operating temperatures recommended by the manufacturer should not
be exceeded or the crystal may be damaged permanently.

CASE

PRESSURE ELEMENT

TAPHRAGM
DIAPHR BECAUSE SOUND FLOWS

ARQUND CORNERS THE
DIAPHRAGM ALWAYS MOVES
IN SAME DIRECTION
REGAROLESS OF DIRECTION
OF SOUND

RIBBON TYPE
J PRESSURE GRADIENT ELEMENT

! —) | — — - o— a— =

—_— . — —e

a
180

! THE RIBBON REVERSES ITS i
DIRECTION OF MOTION WITH y
RIBBON REVERSAL OF SOUND DIRECTION %

BAFFLE
FOR SOUND APPROACHING FROM THE
BACK THE DIAPHRAGM AND RIBBON
ARE DEFLECTED IN
OPPOSITE DIRECTIONS

FOR SOUND APPROACHING FROM THE
FRONT THE DIAPHRAGM AND RIBBON
ARE DEFLECTED IN SAME DIRECTION

Fia. 17. IDlustrating the principles of operation of the Cardioid microphone.
(Courtesy Western Electric Co.)

Combined Pressure and Velocity Microphone. With the pres-
sure-operated microphone, a sound wave coming from the front will
force the diaphragm in. Similarly, a sound wave coming from the
back of the microphone will flow around to the front with but little
distortion and will also force the diaphragm in. These relations are
shown in Fig. 17.

For the velocity microphone, however, sound waves from one direc-
tion cause a motion of the ribbon in one direction, and corresponding
sound impulses from the opposite direction cause a motion in the op-
posite direction. The pressure or diaphragm-type microphone and the
veloeity or ribbon-type microphone can be used together to produce a
highly directional sound pickup combination, as will now be ex-
plained.22

If the coil of wire attached to the diaphragm shown in Fig. 17 is
properly connected tn series with the ribbon of this same illustration,
then, for sound approaching from the front, the voltage outputs of
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the two generating elements will add, but, for sound coming from the
back, the two generated voltages will subtract. The result is a direc-
tional sensitivity pattern that is heart shaped.

Microphone Calibrations. High-quality microphones, often of the
condenser type, are used to measure the intensity of sound waves.
Various methods of calibrating microphones have been summarized in
references 15, 23, and 24.

There are two types of calibration, the constant-pressure or pres-
sure calibration, and the constant-field or field calibration. The
difference between the two is this: The microphone itself by reason
of its presence in the sound field causes a distortion of the oncoming
sound waves, although this effect is small for some types. Accord-
ingly, a calibration made where the pressure is uniform over the
diaphragm and measured at the diaphragm will not agree (espe-
cially at the higher frequencies) with a calibration made where the
sound is picked up in an unobstructed space some distance from the
source.

A thermophone sometimes is used in pressure calibrating miecro-
phones. It consists essentially of an enclosed chamber which can be
tightly sealed against the face of the microphone to be calibrated.
There are two very thin gold-leaf thermal elements near the bottom
of the chamber. These are kept heated by a constant current, upon
which an alternating current of the frequency at which the calibration
is desired is superimposed. Gold leaf has low thermal capacity, and
accordingly the impressed alternating current produces relatively large
temperature variations. These in turn cause expansion and contrac-
tion of the surrounding gas, which constitute sound waves of deter-
minable pressure. Calculations for determining this pressure can be
made from the constants and operating data.11

Telephone Receivers and Loudspeakers, A telephone receiver
is defined? as “a device whereby electric waves produce substantially
equivalent sound waves.” A loudspeaker is defined! as “a telephone
receiver designed to effectively radiate acoustic power for reception at
a distance.”

Any electroacoustic transducer consists of an electric portion and an
acoustic portion, although in some instances these two portions may be
common. For instance, in some crystal microphones the sound waves
strike the erystal (acoustic portion) and the crystal (electric portion)
generates electric signals. Somewhat similarly, the received electric
signals cause the iron diaphragm (electric portion} of the common
telephone receiver to move back and forth, and this iron diaphragm

(acoustic portion) thereby radiates sound waves,
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The electric portion is the motor element, defined?! as “that portion
of a telephone receiver which receives power from the electric system
and converts it into mechanical power.” The acoustic portion is the
acoustic radiator, defined! as “that portion of an electroacoustic
transducer which initiates the radiation of sound vibrations.” A tele-
phone receiver or loudspeaker is a reciprocating electric motor loaded
with an acoustic radiating system.

Types of Motor Elements. Many motor elements have been de-
veloped, and most of them can be classified under the following
headings.

Condenser Motor Element.25 As is well known, mechanical forces
exist between the plates of a charged capacitor. Thus, if a special
capacitor is constructed with one or more movable plates, if these
plates are arranged so that they will radiate sound effectively, and, if
speech or program electric voltage waves are impressed on the device,
sound waves will be radiated.

Condenser receivers and condenser loudspeakers have mnot been
used extensively. They are more delicate and more expensive, and
they require higher voltages than other types. Also, condenser driving
elements require a polarizing direct voltage to prevent the radiation
of sounds of twice the frequency of the received electrie signals.

Piezoelectric Motor Element. FElectrie signals impressed on the
crystal electrodes cause the dimensions of the erystal to change in
accordance. The crystal may radiate the sound waves directly or may
be coupled mechanically to an acoustie radiator, such as a diaphragm
or 4 paper cone.

Crystal telephone receivers are rugged, light in weight, sensitive, and
have an excellent frequency response. The input impedance of one
type is about 80,000 ohms at any frequency, and the sensitivity is 1.5
bars per volt at 1000 cycles.* Piezoelectric motor elements have been
used to a limited extent in small loudspeakers.26

Magnetic Motor Element. This classification includes most of the
motor elements used in modern telephone receivers and loudspeakers.
Largely of historical interest are the induction magnetic motor ele-
ment27 and the magnetostriction motor element. Of practical
importance is the magnetic-armature motor element, a device the
operation of which involves vibration in some part of the ferromagnetic
circuit.l1 Also of practical importance is the moving-coeil motor
element in which the mechanical forces are developed by the inter-
action of the field set up by the currents in the conductor and the
polarizing field surrounding it.1

* Advertising literature of the Brush Development Company.
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Magnetic-Armature Motor Element. From the general nature of
the definition previously given, it follows that many magnetic-
armature motor elements are possible. One type that was used early
in radio is shown in Fig. 18. The armature is of soft iron and is held
at the center so that it can move by flexing the support that holds it.
The coil carrying the signal currents does not move.

D-c
magnetizing =%
A coil
N V)
Soft iron TR
magnetic frame .
Voice Voice -
Frequency frequgncy
Coil coil
Fia. 18. Cross section of a balanced- Fra. 19. Cross section of a
armature cone loudspeaker. moving-coil, or dynamie, loud-

speaker. The magnetic field is
often furnished by a permanent
magnet,

Suppose that at a given instant the alternating signal current has
the direction indicated. The soft-iron armature will then have the
polarity shown, and the top of the armature will move to the right and
the bottom to the left. On the next half cycle the current and the
motion will be reversed. Because of this mode of operation, the device
1s often called a balanced-armature motor element.

In an early radio loudspeaker known as the cone loudspeaker the
motion of the armature was transmitted to a large double cone, only
a portion of the front cone being shown in Fig. 18.

Moving-Coil (Electrodynamic or Dynamic) Motor Element.
This motor element is used almost universally in loudspeakers. A cross
section of a dynamic loudspeaker using such a motor element is shown
in Fig. 19. It has been pointed out2® that a loudspeaker of this type
was invented by Lodge in 1898,

The moving-coil motor element consists of a voice coil of a few
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turns of wire suspended in a very strong, constant magnetic field.
The coil is free to move back and forth axially. It is attached to a
suitable acoustic radiator, such as a paper cone as in the radio dynamic
loudspeaker, or a metal diaphragm, as in the driving unit used with
large horn-type loudspeakers. The signal current variations in the
voice coil react with the constant magnetic field and cause the coil and
acoustic radiator to move and radiate sounds.

The strong constant magnetic field is produced by an electromagnet
as shown in Fig. 19, or by a permanent magnet. If an electromagnet
produces the field, the coil is sometimes made of a few turns of fairly
heavy wire, and the direct current is furnished by a storage battery
or by rectifiers. Or the coil can be made of a large number of turns
of fine wire, and the exciting current is furnished by a rectifier supply-
ing, perhaps, 50 milliamperes at several hundred volts. In many
radio receiving sets the loudspeaker field coil also serves as the
inductor, or “choke,” in the filter of the power supply.

The impedance of the voice coil in a moving-coil driving unit is very
low, a typical value being Z = 8.8 /4-25° ohms at 1000 cycles, and a
direct-current resistance of 5 ohms. Many moving-coil loudspeakers
have an impedance-matching transformer (page 68) mounted on
them to increase their impedance so that they will match amplifiers
with high-impedance outputs. When the impedance of the voice coil
was measured through an inexpensive transformer of this type, it was
found to be Z = 2400 /430° ohms. The difference in these phase
angles is caused largely by the transformer.

As mentioned earlier in this section, the moving coil of a motor
element used to drive a large horn is connected to a small metal dia-
phragm. A motor element of this type is shown in Fig. 20. The
design of the diaphragm, air chamber, throat, and other details of a
moving-coil motor element of this type is a specialized subject of much
importance.

Types of Acoustic Radiators. The acoustic radiator is the por-
tion of a telephone receiver or loudspeaker that initiates the radiation
of sound vibrations.! Two types are commonly used: the small dia-
phragm and the cone. Fundamentally, they are the same, but prac-
tically they are quite different, particularly in size.

Diaphragms. Diaphragms are used in the receivers of common
telephone sets and will be considered on page 119. Diaphragms are
also used in the moving-coil motor elements for horn-type loudspeakers
considered on page 114.

Cones. A double cone, with the driving element inside, was used
with the type shown in Fig. 18. The cone used with the element of
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Fig. 19 moves back and forth, even at the outer edge and is sometimes
called a free-edge cone. These cones have been made of various
substances, particularly pa-

~Throat per and similar materials,

and sometimes metal.29
Surprisingly wide and uni-
form frequency response is
obtained with a loud-

Diaphragr speaker of this type, as
indicated in Fig. 21.

Dynamic Loudspeakers.

pes,,t.,rgr',%nt This type is used almost

magnet exclusively in radio. It

consists essentially of a

moving-coil motor element

driving a free-edge cone.

Fra. 20. Cross section of a driving unit for a  Lhe cones used are of var-
horn-type loudspeaker. The impedance is about  lous types and shapes and
15 ohms at 1000 cycles, and is largely resistance, are made so that they move
a 15° lagging angle being typica]: Thi§ unit, approximately with piston
when coupled to a horn may be driven with ap- .
proximately 20 watts. The efficiency is about action. .
35 per cent. (Courtesy Racon Electric Co.) A dynamic loudspeaker
should be mounted in a
cabinet or in a baffle if it is to operate satisfactorily, particularly at
low frequencies. When the cone moves out, a condensation is produced
on the front side and a rarefaction occurs on the rear side. The air

accordingly flows around the edge, neutralizing the pressure difference
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F1a. 21. Response curve of a moving-coil loudspeaker with a thin metal cone
radiator. (Reference 29.)

and hence largely preventing sound radiation at that frequency. The
baffle corrects this by providing a long path from the front of the
diaphragm around to the back, thus preventing neutralization until
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after considerable sound has been radiated. The dimensions of the
baffle should be such that the shortest air path between the front and
the back of the cone is at least one-fourth the wavelength of the lowest
note to be reproduced. Thus, for a 50-cycle note the wavelength
would be approximately (1125 X 12) /50 = 270 inches. One-fourth
of this is 67.5 inches or about 5.6 feet for the distance from the front
around the baffle to the back of the cone.

From the standpoint of frequency response alone, a dynamic loud-
speaker mounted in the center of a large wall would be ideal. How-
ever, since much sound is radiated from the back of the cone, this
would result in low efficiency. Dynamic speakers are often mounted in
a cabinet, the back of which is left open. The cabinet then acts as a
baffle and greatly influences the radiated sound. When it 1s necessary
to enclose the back of the cone entirely, the box should be as large as
possible and should be lined with hair felt or other sound-absorbing
material to prevent the box from causing serious distortion. Distortion
is caused in two ways: First, the reflected waves from the unlined walls
strike the eone and interfere with the proper operation of the speaker,
thus impalring its output. Second, the box is mechanically resonant
for certain frequencies and if unlined is more likely to be set in
undesired resonant vibration.

Horn-Type Loudspeakers. Horn-type loudspeakers are used ex-
tensively where large audiences are to be served, as in a large audi-
torium or in a stadium. These loudspeakers usually consist of a horn
attached to a moving-coil driving unit such as is shown in Fig. 20.
The function of the horn is interesting as the following quotation??
indicates.

Contrary to the prevalent conception, the horn does not merely gather up
the sound energy from the receiver and concentrate it in certain directions. Its
relation to the diaphragm is much more intimate. It causes an actual increase
in the load on the diaphragm, making it advance against a greater air pressure,
and withdraw from a greater opposing rarefaction. Anyone can assure himself
that the average sound energy in a room is greatly reduced on removing the
horn from a good loud speaker. And frequently when the horn is removed the
amplitude of vibration of the diaphragm becomes so great that it strikes against
the pole pieces. A receiver element without a horn is analogous to a motor
without a connected load; or better yet, a receiver element without a horn is
like a closed oscillation cireuit from which little radiation takes place (radia-
tion resistance zero) ; while with a horn it is like an open oscillation circuit with
an antenna (radiation resistance considerable). The horn is the antenna of
the loud speaker.*

* Reprinted by permission, courtesy C. R. Hanna, J. Slepian, and the American
Institute of Electrical Engineers.
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The Awr Chamber. The horn itself is connected acoustically to the
diaphragm by the throat and air chamber as indicated by Fig. 20.
This air chamber acts as an acoustic transformer for, owing to the
differences between the area of the diaphragm and the area of the
throat, a small diaphragm velocity gives the air in the horn a greater
velocity and much higher air pressure.30

To explain further the theory of the air chamber and the throat,
assume that the volume of the chamber is so small that as the dia-
phragm is moved forward all the air is forced out instead of being com-
pressed. If the area of the throat is now reduced, it is apparent that,
as this area becomes smaller, the mechanical load on the diaphragm
grows larger. Thus, if the throat is closed, the diaphragm will be
damped (page 123), and substantially no motion will be possible when
the coil is energized. The size of the area of the throat is made such
that the diaphragm is effectively coupled to the air, and the opposition
to motion is then almost a pure mechanical resistance.! For good fre-
quency response, this resistance relation should hold over the entire
frequency range. The area of the throat should not be made too
small or air friction will be excessive.

Size of the Horn Mouth. 1f the area of the horn mouth is not cor-
rect, sound waves of the lower frequencies will not be effectively ra-
diated from the horn but will be reflected back down the horn.30 As
the sound waves suddenly leave the mouth of a horn, the waves greatly
increase in volume and decrease in pressure. If the air pressure out-
side the mouth is lower than that immediately within, the air velocity
just within the mouth will be increased. This in turn will cause the
pressure just behind to decrease and the velocity to increase. By this
action, therefore, sound waves are propagated back down the tube to
the diaphragm.

These reflected sound waves represent acoustic power which is not
radiated into the air. Also, these reflected waves either aid or oppose
the action of the diaphragm, depending on the phase relations they
have upon reaching the diaphragm, and hence on their wavelength.
This action will result in distortion. Hanna stated3? that such reflec-
tions will not be objectionable if the diameter of the horn mouth is
greater than one-fourth of the wavelength of the lowest frequency that
it is desired to radiate. In horn design, the mouth is given an area ap-
proximately equal to the area of a circle having a diameter equal to
one-quarter the length of the wave of lowest frequency to be radiated;
this applies approximately for rectangular openings.

Rate of Taper. TFrom the preceding discussions it is seen that the
area of the throat must be small to load the diaphragm properly, and
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that the mouth of the horn must be large to radiate the lower frequen-
cies into the air effectively. The next consideration is the shape and
length of the horn to connect these two extremities properly.

Wave reflection will occur at any discontinuity. If reflection along
the horn is to be minimized, the relative increase in cross-section area
should be uniform. Thus, the exponential horn, “whose sectional
area varies exponentially with its length,”’! is used. This horn is
defined! by the following relations:

8 = SyeT2, (12)

where § is the area of plane section of the horn normal to the axis at a
distance x from the throat of the horn; S, is the area of plane section of
the horn normal to the axis at the throat; and T is a constant which
determines the rate of taper of the horn.

The effectiveness with which an exponential horn transmits sound
energy to the mouth is determined by the frequency of the sound wave
in relation to the rate of taper, or rate at which the horn opens out,
that is, to 7. It can be shown3© that, for frequencies below about
f = 40007, the transmission is poor, and, if the frequency is further
reduced, a cutoff frequency is soon reached. At high audio frequencies
the propagation along an exponential horn is excellent. In the past,
conical horns having poor characteristics were used.

Hanna gave a simple rule for laying out exponential horns.3t In
such horns the area doubles at equal intervals along the length. Since
the cutoff frequency is a function of the rate of expansion, the cutoff
is also a function of the length between two circles having a ratio of 2
to 1. As he pointed out, if the area doubles every 3 inches, the cutoff
frequency will be 256 cycles; if it doubles in 6 inches, it will be ap-
proximately 128 cycles; and if every 12 inches, it will be 64 cycles.

Since the throat area must be small and the mouth opening large,
and furthermore since good frequency characteristics demand that the
rate of taper be not too large, the exponential horn must be compara-
tively long. In the open, or where space is not limited, a trumpet horn
is sometimes used, the maximum length of such horns being about 6 feet.
Where space requirements are important, horns are sometimes coiled,
lengths as great as 12 feet having been obtained in this way. At
present a folded-horn construction is usually employed. The material
used in constructing a horn should be such that portions of the horn do
not vibrate or rattle.

Short Exponential Horns.1® The diaphragm of the driving unit of
Fig. 20 sends sound waves toward the open mouth of the horn. The
air pressure is high at the narrow throat and decreases in intensity as
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the wave travels toward the mouth. If a short section of an exponen-
tial horn is coupled to a loudspeaker with a large diaphragm, such as
Fig. 19 and if this large diaphragm produces the same acoustic pressure
at a given point in the short horn as the driving unit of Fig. 20 produces
at a corresponding point in a long horn, the performance should be
similar.

Short exponential horns with loudspeakers of the general type of
Fig. 19 having diaphragms about 6 inches or more in diameter are used
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Fig. 22. Cross section of a Western Electric telephone receiver. This is used with

the transmitter on page 95. This receiver, like the transmitter there described,

will gradually be replaced by those of later design, but many of this older type will
remain in service for years.

as just described. From the discussion given for the long exponential
horn with a small throat, it is apparent that the efficiency would not be
so high. The frequency response, however, may be excellent, and the
directional characteristics are good.

In some instances the horn used with a loudspeaker such as Fig. 19
is very short, often merely a flared system of boards of a variety of
shapes. Such arrangements are commonly called directional baffles.
They increase the efficiency and directivity but little over that obtained
with a flat baffle. '

Hand and Head Receivers. A hand receiver is! a ‘“‘telephone
recciver designed to be held to the ear by the hand,” and a head
receiver i1s! a “telephone receiver designed to be held to the ear by
a headband.” Because their fundamental prineiple of operation is
the same, no further distinction will be made between them. They
will be referred to as telephone receivers or receivers in this chapter.
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For illustrating the theory of operation, the old-style telephone receiver
will be used because of its simplicity.

The permanent magnet of the receiver of Fig. 22 provides a constant
magnetic field which passes from the north pole, through the magnetic
(soft-iron) pole picce, across the air gap, through the soft-iron dia-
phragm, across the air gap, through the pole piece, and to the south
magnetic pole. The coils through which the speech currents flow are
placed on the soft-iron pole pieces and are connected in series so that
they aid.

The necessity for the constant pull on the diaphragm is made clear
by Fig. 23. Suppose that one cycle of alternating current passes
through the coil in (a). As the current increases from zero to a posi-
tive maximum, the diaphragm is pulled in to the dotted position. The
adjacent air partieles on the right of the diaphragm D will flow in, thus
causing a rarefaction. Now as the current dies out to zero, the dia-
phragm will return to a posi-
tion of the zero displacement,
and in so doing the air particles
on the right will be compressed
and a condensation will be 606]
produced. When the current
builds up in the negative diree-
tion the diaphragm will be
again drawn in, producing Signal current ()
another rarefaction; and, when
it again dies out to zero, the
diaphragm will return to the D
position of rest and will pro- Permanent magnet
duce another condensation. 7@(
When one cycle of alternating
current flows through the speech / : N\ \ Sound wave
coils, two complete cyecles of
sound waves are set up. Thus, Signal current
if a constant pull is not exerted ®)
on a diaphragm, the repro- Fi. 23. Tlustrating how a double-fre-
duced sound waves will be queney tone is produced by a receiver not
twice the frequency of the having a constant pull on the diaphragm.
speech currents.

If the windings are placed on a permanent magnet as in (b), the
diaphragm is bowed in when no current flows, as shown by the full
line D.  When the current increases from zero to a positive maximum,
the diaphragm is pulled in further to the dotted position, producing
one half of a rarefaction. When the current dies out to zero the dia-
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phragm returns momentarily to the position shown by the full line
producing one half of a condensation. As the current builds up in the
opposite direction the flux due to this current neutralizes part of the
flux from the permanent magnet and the diaphragm moves to the out-
ward dotted position, thus causing the other half of the condensation.
As the current dies out to zero, the diaphragm returns momentarily to
the full-line position, causing the other half of the rarefaction. With
a constant pull on the diaphragm, therefore, one cycle of current causes
one cycle of sound wave, and thus the frequency of the sound is the
same as that of the exciting current.

Theory of Telephone Receiver Operation.32: 33  The total mag-
netic flux ¢ crossing the air gaps between the pole picces and the
iron diaphragm is composed of the constant flux ¢, produced by the
magnets, and the variable flux ¢; caused by the voice currents passing
through the coils on the soft-iron pole pieces. That is,

¢ = ¢ + ¢ (13)

The air gaps tend to keep the total reluctance of the magnetic path
independent of the current intensity, and it can therefore be assumed
that the flux ¢; produced by a sine-wave test current is proportional to
the current intensity, or

b = KI,, sin wt. (14)

Combining equations 13 and 14,
¢ = ¢, + KI,, sin of. (15)
As shown in most textbooks presenting magnetic theory, the force
of attraction between two portions of a magnetic circuit separated by

an air gap varies as the flux squared, and it can thercfore be written
that the force F acting on the diaphragm is

F =K ¢$2=K,(¢, + KI, sin ot)2. (16)

When this expression is squared it becomes

F = Kq¢,2 + 2K {K¢,l,, sin ot + K;K21,,2 sin? ot. (17)
Since from trigonometry sin? ot = (1 — cos 20t) /2, equation 17 can
be written

K.K%I.2  KK%I.2 cos 2wl
2 2

F = K162 + 2K Kool sin of + (18)

Equation 18 is of importance as it indicates the forces acting on the
receiver diaphragm. These are: (1) a steady pull K;¢,2 produced by
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the permanent magnets; (2) a force 2K, K¢,l,, sin ot proportional to
the product of the strength of the permanent magnets and the value
of the instantaneous current flow; (3) a force (K;K21,2}/2
which is constant; and (4) a foree (K,K2I,2 cos 2uwt)/2 which has a
frequency (2o0t) twice that of the impressed current. Thus, part 4
produces a double-frequency sound, causing distortion. An examina-
tion of parts 2 and 4 will show that, for good quality, the flux ¢, from
the permanent magnet should be made large so that the magnetic effect
of the speech currents is small in comparison with that of the per-
manent magnet. Then, part 2 will be large and the volume will be
sufficient, but part 4 will be small and there will be little distortion.

There is also a force acting due to the eddy currents induced in the
diaphragm. The voice-frequency component of the flux passes through
the diaphragm, and as this flux changes it induces eddy currents. It
will now be shown that these eddy currents cause distortion.

Assume that a sine-wave current ¢ = 1,, sin ot flows through the
coils of the receiver. There is little hysteresis owing to the large air
gaps, and therefore the flux produced is in phase with the current.
This varying flux will induce a voltage in the diaphragm proportional
to the rate of change of flux, but lagging 90° behind it. The eddy
currents flowing in the diaphragm will be in phase with the voltage
and will accordingly lag 90° behind the currents producing them.
Thus, with respect to the useful current ¢ = I, sin of, there will be
eddy currents having the value 7, = I, sin (ot — 90).

The distorting force acting on the diaphragm because of the reaction
of the eddy currents and the useful voice currents is proportional to the
product of the two equations just written. That is,

F,= K[, sin of) (Leom sin (ot — 90))]. (19)
This can be written in the form
F,=KI, I, (sin of) sin (ot — 90). (20)

Since from trigonometry (sin ot) (sin (ot — 90)) is equal to 1 sin 2uf,
equation 20 becomes

F(’ = '%KI))IIF(IH) Sin 2""t | (21)

Therefore, since 2ot is twice the frequency of of, the eddy currents in
the diaphragm cause a double-frequency component and thus distort
the original speech sounds.

This double-frequency effect can be illustrated by Fig. 24. The
curve ¢ represents the voice currents in the receiver windings, and 7,
represents the induced eddy currents and the resulting flux ¢, in the
receiver diaphragm, lagging by approximately 90°. Since the force on
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the diaphragm is at any instant the product of the current and the
flux, this force will be a double-frequency wave as indicated by the
heavy line. Diaphragms of high-resistance material tend to prevent
large eddy currents and thus minimize this double-frequency dis-
tortion.

The degree of saturation of the receiver diaphragm has an influence
on distortion. Because of hysteresis, if the diaphragm is not operated
fairly high on its magnetization curve,
the increase and decrease of flux with
current will not be proportional, and
thus the diaphragm will not follow the
current variations. Since the diaphragm
is thin, the desired magnetic operating
point is easily reached.

Fre. 24. The eddy currents in The air gaps between the pole pieces
the diaphragm reacting with . .
the voice current in the. wind. and.the dlaphr.agm tend to reduce .d1s—
ings produce a double-frequency tortion by making the overall magnetiza-
force F. tion characteristics approach a straight
line. Then, the rise and fall of flux in
the magnetic path will closely follow current variations instead of
following a hysteresis curve.

Direct current passing through the windings of a receiver not de-
signed for it may cause distortion by opposing the flux from the perma-
nent magnet, and thus shifting the point of operation to a non-linear
portion of the magnetization curve. Also, direct current in opposing
the constant magnetic flux will weaken the ficld, making the receiver
less sensitive. Furthermore, if the current is strong enough it may
clamp the diaphragm against the pole pieces or even burn out the
windings.

Distortion is also caused by the mechanical resonance of the re-
ceiver diaphragm. This causes a greater response at the resonant
frequencies and causes the diaphragm to tend to continue to vibrate at
these frequencies. The diaphragms of the new telephone receivers are
designed to minimize these effects.

Acoustic distortion of the radiated sound waves is produced by the
effects of the air cavities of the receiver and of the listener’s ear.

Input Impedance of Telephone Receivers. A receiver or a
loudspeaker is an electric motor, and information regarding operation
can be obtained from input impedance measurements. The data and
the discussion in the following pages are for a small low-impedance
head receiver. This receiver was resonant at about 840 cycles.
Similar tests can be made on other telephone receivers and can also be

igOrge
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made on loudspeakers. The results would be somewhat different
because some modern receivers and loudspeakers are less resonant.

If a receiver is connected to an impedance bridge as in Fig. 25, if
the test current indicated by the milliammeter is held constant by
rheostat r, and if the resistance R and the inductance L required to
balance the receiver impedance at different frequencies are measured,
it will be found that these measured
values vary greatly with test condi-
tions. If the receiver is radiating
sound energy into a small closed box 6, Oscillator
the impedance will be greatly differ-

Receiver
under
test

ent from that if it is radiating into a r Milliammeter
large room. Or if the receiver is L]

held, to the car the impedance ,WI‘H F1c. 25. Impedance bridge for meas-
be different from that measured if it uring receiver constants.

is radiating into a room. The im-
pedance of a receiver or loudspeaker varies with the acoustic load on
the diaphragm.

The vector difference between the normal and the blocked impedance
of an electroacoustic transducer such as a telephone receiver or a
loudspeaker is defined as the motional impedance! of the device.
This motional impedance is proportional to the back electromotive
force induced in the receiver windings by the motion of the receiver
diaphragm. The reluctance of the magnetic circuit of a receiver
changes with the motion of the receiver diaphragm, and thus the flux
linking the receiver coils varies, inducing a back electromotive force
in these coils. If the diaphragm is damped, the diaphragm motion is
influenced, and thus the induced back electromotive force and therefore
the impedance are changed.

Receiver Characteristics with Diaphragm Blocked. The im-
pedance is measured with the diaphragm held stationary in such a way
that the normal magnetic field relations will not be changed. That
is, the diaphragm is held in the same position as when the receiver coils
are not carrying current. Several methods33 have been developed for
blocking the diaphragm. One method employs air damping and is
accomplished by eclosing the hole in the receiver cap with an air-tight
plug of wood or wax. This last method was used in obtaining the
data here included.

Resistance and reactance curves obtained with the diaphragm of a
telephone receiver blocked are as shown in Fig. 26. The test current
for this figure and those that follow was 1.0 milliampere.

An impedance diagram corresponding to these readings is included in
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Fig. 27. The line Ry represents the direct-current resistance of the
receiver windings. The line R, represents that part of the total
effective resistance due to power consumed largely in hysteresis and
eddy-current losses in the magnetic circuit. The line R; + R, is the
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Fre. 26. Resistance and reactance curves with  Fic. 27. Impedance dia-
diaphragm blocked. gram with diaphragm
blocked.

resistance component, the line z the reactive component, and z the
impedance of the receiver with the diaphragm blocked. The corre-
sponding vector diagram is given in Fig. 28. The vector E, represents
the voltage across the receiver, leading the re-
ceiver current I by an angle . The vector i
is the flux produced by the current I and lags
E, I by the angle B because of the hysteresis and

the skin effect in the magnetic circuit.33
The reactance of Fig. 27 increases almost
V& > directly as the frequency. The alternating-

4

current portion Es of the damped receiver re-
. sistance is largely composed of hysteresis and
Fic. 28. Vector dia- .

gram for a receiver with eddy-current los.ses. Because of t.hese losses the
diaphragm blocked. ~ measured effective resistance varies as the fre-
quency to some power greater than unity (page
52), and the point b of Fig. 27 will follow the approximate path a-b
which bends continually to the right. This bending tendency is
evident in Fig. 29, which represents the intersections of z and z (or

the point b of Fig. 27) for a number of frequencies.
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Receiver Characteristics with Diaphragm Free. The impedance
characteristics with the diaphragm blocked are similar to those of a
coil on an iron core containing an air gap. With the diaphragm free,
however, the motional impedance and the mechanical resonance of
the diaphragm greatly change the impedance characteristics.

260 i
240 -l|200_
220 1100 120
1000
) 200 ] VQO:O 100
E o fand g
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é 140 600 8 80
£ 120 750 L / \
< 100 / a /
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60 / é 40 / N
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40 = 20 /
20 7 L~
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Resistance - Ohms Frequency - Cycles per Second

Fic. 29. Impedance curve with dia- Fic. 30. Motional impedance curve
phragm blocked. Points indicate test for a telephone receiver; diaphragm
frequency. free.

The receiver diaphragm has a certain mass which through its iner-
tia effect tends to prevent changes in diaphragm motion. This causes
an effect analogous to inductive reactance. The diaphragm is of elas-
tic material and thus possesses compliance (displacement per unit
force or reciprocal of stiffness!) which causes an effect analogous to
capacitive reactance. At certain frequencies these two mechanical
reactances neutralize each other, and mechanical resonance of the dia-
phragm occurs.

When mechanical resonance is reached, the motion of the diaphragm
is greatest and is in phasc with the impelling force. Since the greatest
motion means the greatest flux change, the largest value of back
voltage will be induced in the receiver windings and thus the motional
impedance will be greatest at this point (Fig. 30).

The manner in which the total impedance changes with frequency
is evident from Fig. 31. These curves show that at the resonant point
the reactive component becomes very small and the resistive com-
ponent becomes large, indicating that the diaphragm motion is in
phase with the impressed electrical impulses.



126 ELECTROACOUSTIC DEVICES

220

200
Resistance
N

180 /
160 //
Reacta\nce \ /

w
£
140
= 7N/
- /
Re5|stapce
100 /’ - /
Reactance
80 ]
60

400 500 600 700 800 900 1000
Frequency - Cycles per Second

Fia. 31. Resistance and reactance curves for a telephone receiver with
diaphragm free.
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When the resistance and reactance components measured with the
diaphragm frec are plotted, the interesting curve of Fig. 32 (cor-
responding to Fig. 29) 1s obtained. Since Figs 29 and 32 are for the
same receiver, they may be plotted together as in Fig. 33. The vector
difference between corresponding points on these two curves as shown
in Fig. 33 is the motional impedance.
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F1c. 33. Blocked and free impedance curves (Figs. 29 and 32).

If each of these motional impedance lines is plotted from a common
point the curve of Fig. 34 will be produced. As is shown, the length
of the motional impedance line at the resonant frequency f. determines
the diameter of the circle.

The vector diagram of a telephone receiver with the diaphragm free
can now be drawn. As Fig. 35 indicates, this diagram is produced by
adding the motional impedance cirele of Fig. 34 to the impedance dia-
gram of Fig. 27. This figure represents conditions at the resonant
frequency, the line Z, being the total measured impedance at this fre-
quency. As the test frequeney is varied the total impedance Z; inter-
sects the motional impedance circle at different points, and also the
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Motional impedance diagram of a telephone receiver.

point b moves along the curve of Fig. 29. Thus, the curve of Fig. 32

is produced.

As indicated in Fig. 35 the motional impedance Z,, at the resonant

b
28
Zm
Z;
Ry
a Rz Ry
Ay
i
Fra. 35. Impedance diagram for

a telephone receiver at the resonant
frequency.

frequency lags behind a line parallel
to the X axis by the angle 28, that
is, by an angle twice as great as that
by which the receiver flux in Fig. 27
lags the current through the receiver
windings. This can be explained by
an analysis of recciver action.33
Although the discussion given in
the preceding pages was for the
old-type telephone receivers, which
are highly resonant, attention again
is called to the fact that the general
theory applies also to the new-type
receivers and to certain loudspeakers.
Impedance tests made on moving-
coil loudspeakers with the diaphragm
blocked, and free, and with and with-

out the horn attached, and with different types of horns, provide

interesting and useful data.

Such tests can be performed by driving



MISCELLANEOUS RECEIVERS AND LOUDSPEAKERS 129

the motor element with a good amplifier, and by measuring the current
and voltage with thermocouples and vacuum-tube voltmeters, and the
phase angle with a cathode-ray oscilloscope.

Receivers for Telephone Handsets. The receivers considered in
the preceding pages are becoming obsolete. A serious objection is the
resonant diaphragm. This reso-

nance was desirable in carly re-  gealed protective shell
ceivers because it increased the
sensitivity. This is no longer nec-  pyje piece )

essary because telephone circuits
are better designed and vacuum-
tube amplifiers are available for
long-distance service.

The receivers used for modern
handsets are of the capsule type
and are made so that they cannot
be dismantled in the field. The
basic principle of operation is the
same as for the receivers considered
previously. Methods of construe-
tion used and the improvement in
frequency response are shown in
Figs. 36 and 37. Fra. 36. Cross section of a typical

A modern receiver has a small, telephone handset receiver. (Courtesy
vet powerful, permanent magnet Automatic Electric Co.)
which is often made of Alnico.

The diaphragm is made of good flux-conducting material. Also, the
diaphragm is constructed and acoustically damped so that resonances
are minimized.34 35

The resonant diaphragms of the old receivers produced loud clicks
when excited by transients such as those caused by switching. These
clicks sometimes caused acoustic shocks that were bothersome and
occasionally injurious. Such disturbances are not so pronounced with
non-resonant receivers.

Miscellaneous Receivers and Loudspeakers. In addition to the
receivers and loudspeakers considered in the preceding sections, many
other types have been developed.5 32. 36

Thermal Recetver. The thermal receiver or thermophone is
seldom used as a receiver, but it is employed to calibrate transmitters.
A thermal recciver to be inserted into the ear for receiving tele-
phone or radio messages was devised in 1906 by Eccles;5 it is shown
in Fig 38.

Magnet

4
L+ Diaphragm
-

Coil

Magnetic windings

shunt
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Pneumatic Loudspeakers.! A device called a Stentorphone was
invented by Gaydon.? An air valve controlled by the electrie signals
to be reproduced regulated the flow of compressed air into a horn. A
modern version is the Vocal-Aire loudspeaker,?7 a highly successful
device for producing very intense sounds. This has a good response
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Fig. 37. Frequency response of the telephone receiver of Fig. 36. (Courtesy
Automatic Electric Co.)

from 250 to 5000 cycles, has an output of about 110 decibels at 30 feet.
Under ideal conditions this loudspeaker has been audible at 10 miles,
and 1t is well suited to airports, harbors, freight yards, stadiums, and
similar uses.
Frictional Loudspeakers. The Johnsen-Rahbek loudspeaker® con-
sisted of a small, revolving cylinder of agate attached to one side of the
incoming line. The other input wire was
Hot Wire  connected to a thin metal strip bearing

fy\ upon the revolving cylinder and attached
) to a diaphragm. The friction between
e wvj the eylinder and wire is caused to vary

in accordance with the impressed electri-
cal impulses, and thus sound signals are
produced. A modification of this historical device using a revolv-
ing glass disk and a cork pad called a Frenophone has been de-
veloped.38

The Talking Arc. The talking or singing are produces sound waves
when electrical impulses are properly impressed across the are.

Receivers operating on the principle of the condenser motor element
(page 111) and on the prineiple of the crystal motor element (page 111)
have been used. Also, high-quality moving-coil receivers?? and ribbon
receivers49 have been developed for special purposes.

Acoustic Tests. Tt is difficult to make accurate tests of transmitters,
microphones, receivers, and loudspeakers unless special apparatus and
acoustically treated rooms are available. The transmitters and re-

Fic. 38. A thermal receiver.
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ceivers used in telephone systems are usually tested with equipment
designed for that specific purpose.#! Microphones are usually com-
pared with a standardized microphone in a room that is sound proof
and acoustically treated so that reflections are negligible.

A telephone transmitter can be tested with some degree of reliability
by placing the transmitter in a sound-proof box that is acoustically
treated so that negligible reflection oceurs from the inner walls. A
small loudspeaker and the microphone of a sound-level meter (page
42) are also placed in the box. The microphone is placed adjacent to
the transmitter under test and is used to measure the sound level as
the sound frequency is varied, so that the level can be maintained
constant. The transmitter under test is provided with normal direct
current, and the signal output is measured with a vacuum-tube volt-
meter, or by other suitable means.

A telephone receiver can be tested with a fair degree of reliability
in a similar box. In this instance the receiver and the microphone of
the sound-level meter are placed in the box, and the receiver is driven
with an oscillator operating at suitable level. The sound-level meter
gives an indication of the output at various frequencies. An osecillo-
scope and a wave analyzer also are useful in studying the performance
of a transmitter or a receiver.

If a special acoustic laboratory is not available, the frequency
response of a loudspeaker can be measured out-of-doors in a loeation
free from reflecting objects. A simple method is to measure the
intensity of the radiated sound with a sound-level meter. For such
tests a beat-frequency oscillator provides an excellent source because
the frequency is continuously variable and the loudspeaker can there-
fore be studied for any decided resonant points which often exist and
might be missed if a point-to-point test were made. 1f measurements
must be made in an untreated room, the reflected waves will cause
points of maximum and minimum intensity to exist within the room;
also, the location of these points will vary with frequency.

Power Output and Efficiency of Receivers and Loudspeakers.
For the telephone receiver, if each of the values of Fig. 35 is multiplied
by I2 (the effective value of the testing current squared), a power
diagram will be obtained. The value I2Z, is the apparent power input;
the value I2R; is the power dissipated in the ohmic resistance of the
wire; I12R, is the power dissipated electrically in skin-effeet, eddy-
current, and hysteresis losses, and I2R, is the total power delivered to
the diaphragm. The various other terms may also be analyzed.33

Of the total effective power input to the diaphragm I2R,, little is
radiated in the form of sound waves. For some telephone receivers,
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the average ratio of the acoustic power output to the electrical power
input is below 1 per cent.4#2 Thus, if the input current of the receiver
tested is 0.0025 ampere (a large input), the power input will be
I2R = 0.00252 x 210 = 0.00131 watt, or 1310 microwatts. The value
210 ohms was obtained from Fig. 32 for a frequency of 820 cycles.
Using an efficiency of 1 per cent, the power output in speech sounds
would be 13.1 microwatts. This is a much larger output than under
actual operating conditions. (Only about 10 microwatts of power is
given out by the average voice in talking, page 30.)

A dynamic (moving-coil) loudspeaker will handle a continuous
power input of about 5 watts. Auditorium dynamic loudspeakers will
handle about 20 watts. Technical literature*3. 44 contains widely
differing figures for the efficiency of dynamic loudspeakers; the varia-
tion is not surprising because of the many types available, the various
uses, and the difficulty in measuring efficiencies. Based on references
43 and 44, and other sources of information, it is estimated that a
dynamic loudspeaker in a baffle or cabinet has an efficiency of 2.5 to
10 per cent, that a dynamic loudspeaker in a directional baffle has an
efficiency of 5 to 15 per cent, and that a dynamic loudspeaker in a
short exponential horn has an efficiency of about 15 to 25 per cent.
For the moving-coil dynamic unit driving a long exponential horn, the
efficiency is estimated to be about 20 to 40 per cent. These units can
handle a continuous power input of about 20 watts. It is emphasized
that these are average estimated figures and that many exceptions
exist. Standard methods have been devised? for determining the
efficiency of loudspeakers.

In the design of sound systems for a theater4? or an auditorium,44
the acoustic power required must be known. The acoustic power
requirements of auditoriums are givent* as follows: 50,000 cubic
feet, 1.2 watts; 100,000 cubic feet, 2.0 watts; 250,000 cubic feet, 4.0
watts; and 600,000 cubic feet, 8.0 watts. This same reference gives

the equation

Vi
Acoustic power (watts) = 11.6 T (22)

where V is the volume of the auditorium in cubie feet, I is the sound
intensity in watts per square centimeter, and T is the reverberation
time in seconds. Also, this reference states that for orchestral
reproduction the level should be + 100 decibels (105 watt per square
centimeter), based on the zero level of page 39, and that for speech the
level should be + 80 decibels (1078 watt per square centimeter).
These data assume average noise conditions.
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REVIEW QUESTIONS

1.

2.

From a technical and a historical viewpoint, what is the distinction between
the terms microphone and transmitter?

What is meant by the terms transducer, electroacoustic transducer, passive
electroacoustic transducer, and active electroacoustic transducer?

. What are the types of passive telephone transmitters? Of active transmitters?

Which ones are used in practice?

. How do the carbon granules function in a telephone transmitter?
. What features are incorporated into handset transmitters so that they will

be essentially non-resonant and non-positional?

. What is meant by the term “capsule type” when applied to a telephone trans-

mitter or receiver?

. Distinguish between the use of the terms transmitter and receiver in teleph-

ony and radio.

. For maximum power transfer, what should be the relation between the re-
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sistance of a transmitter and the resistance of the circuit into which it is ta
work?

9. Discuss the nature and reasons for the distortion caused by telephone trans-
mitters.

10. How does the so-called “sound-powered” telephone operate. Will it operate
as both a transmitter and a receiver? Explain.

11. What is an important advantage of the double-button carbon microphone?
An important disadvantage?

12. Discuss the condenser microphone. For what scientific purposes is it used?

13. What features do the moving-coil and ribbon microphones have in common?
In what respects do they differ greatly?

14. Explain the operation of the cerystal microphone. What important precaution
must be taken in its use?

15. Define the terms telephone receiver and loudspeaker.

16. Name the two principal parts of a receiver or loudspeaker.

17. What types of electroacoustic motor elements are possible, and what types
are in practical use?

18. Discuss the receivers used in telephone sets.

19. Why is a transformer commonly used with the radio dynamic loudspeaker?

20. What types of acoustic radiators are used with loudspeakers? Discuss the
principle of operation of each.

21. For the horn-type loudspeaker, discuss the air chamber, the throat, the mouth,
and the rate of taper.

22. Discuss the nature and reasons for the distortion caused by telephone re-
ceivers.

23. Discuss the nature of the input impedance of a telephone receiver. If any
peculiarities exist, explain the causes.

24. What are some of the improvements incorporated in telephone receivers of
the capsule type?

25. Briefly discuss some of the miscellaneous receivers and loudspeakers that have
been used.

26. What important problems are encountered in making tests on electroacoustic
devices?

27. What are the approximate average power inputs to a telephone receiver, a
radio-set dynamic loudspeaker, a large horn-type loudspeaker?

28. Give the approximate efliciencies of each device in Question 27.

29. The length of a loudspeaker horn sometimes is quite objectionable. What is
a remedy if this general type of radiator must be used? Explain diagram-
matically.

30. What are several important factors that must be determined when a sound
system is to be designed for an auditorium?

PROBLEMS

1. The resistance of a carbon-granule transmitter in the quiescent state is 70
ohms. When it is actuated by sound waves, the change in resistance is 12
per cent above and below this value. If a 3-volt battery and a 100-ohm
resistor are connected in serics with this transmitter, calculate the current
that will flow and the power that will be delivered to the resistor.

2. Assume that the pressure on the diaphragm of the microphone of Fig. 9 is 10

bars and that the microphone is connected through an input transformer to
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10.

an amplifier. Calculate the approximate voltage amplification (both as a
ratio and in decibels) that the amplifier must have to produce an output
voltage of 25 volts.

. The internal capacitance of a condenser mierophone is assumed to be 50 micro-

microfarads. Make the calculations required to show that the input resistor
of the associated amplifier should be about 100 megohms, and that the ampli-
fier should be close to the mierophone with negligible connecting leads.

. Use Fig. 11 as a basis, and at 500 cycles compute the dbm output at 0.1, 1.0, 10,

and 100 bars.

. Use the data accompanying Fig. 13, and calculate the open-circuit output

voltage at 0.1, 1.0, 10, and 100 bars. If the output impedance is assumed
to be 50 ohms resistance and 100 feet of microphone cable having a capacitance
of 20 micromicrofarads per foot is used between the microphone and a 50-chm
resistance load, calculate the effect of the cable capacitance on the voltage
delivered the load at 50, 1000, and 8000 cycles.

. The output impedance of an amplifier is 15 ohms, and it is to be used to

drive four loudspeakers with 15-ohm driving coils. How should the connec-
tions be made? If each loudspeaker draws 15 watts and if they are 350 feet
from the amplifier, what size wire would you recommend for the line feeding

the four speakers?

. If the voice-coil current of the loudspeaker discussed on page 112 is 1.0

ampere, make an estimate of the power radiated, and of the efficiency. Does
this compare with data given on page 132?

. The diameter of the throat of a horn is 0.75 inch. If it is to transmit up to

7000 cycles, what should be the length of the horn and the diameter of the
mouth, assumed to be circular.

. Use the data for a telephone receiver given in Figs. 26 to 34 and draw to

scale a diagram similar to Fig. 35. For the frequency of resonance, calculate
the power lost in the direct-current resistance of the windings, the power lost
in the magnetic circuit exclusive of the diaphragm, and the power delivered to
the diaphragm. If this is assumed completely radiated, calculate the effi-
ciency of the receiver. Compare this with the statement on page 132 and
account for differences that may exist. Also compare with the calculations
on page 132.

What acoustic power would you recommend for a college auditorium that will
seat 5000 people? Assuming that you used horn-type speakers, what power-
handling capacity should the amplifier have?



CHAPTER 3

ELECTRIC NETWORKS

An electric network is defined! as “a combination of any number of
electric elements, the impedances of which may be either lumped or
distributed or both, which are connected in any manner, conductively,
inductively, or capacitively.”

Electric networks may be classified! as active electric networks
(a network containing one or more sources of energy) or as passive
electric networks (a network containing no source of energy). It is
understood that a network is passive and contains no source of energy
within itself unless the contrary is stated.l Passive lumped networks
only will be considered in this chapter.

Network Elements. Electric networks of lumped impedances are
composed of elements such as resistors, capacitors, inductors and
transformers. The characteristies of such circuit elements were treated
in Chapter 3. In the pages that follow it will be assumed that the
elements and the networks are linear; that is, have constants and trans-
mission characteristics that do not vary with the magnitude of either
the voltage impressed or the current flowing (page 85). Any circuit
containing coils with ferromagnetic cores will be non-linear, but this
effect is assumed negligible. The elements and networks are con-
sidered bilateral, passing current and signals equally well in both
directions. Networks containing rectifying elements that are uni-
lateral will not be considered.

Voltage Dividers. Communication circuits are often composed
of a “chain” of devices and networks that passes electric signals from
one device or network to the next. In many instances all the output
voltage from one network is not needed by the next, or it may be
advisable to make provisions for varying the voltage. Voltage di-
viders are used to select a fixed portion of an available voltage or to
provide a variable voltage. These are often called potentiometers, a
term erroneously used.!

An example of the use of a voltage divider is shown in Fig. 1.
The voltage divider is a resistor with either fixed or movable con-
tacts.l In communication the driving circuit often can supply but
little energy, and the driven circuit requires but little energy. In
such instances the voltage divider would be a high resistance of perhaps
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500,000 ohms. In some instances a voltage divider must be of low
resistance (such as for terminating a transmission line, page 202).

Electric Transducers. Many electric networks, and particularly
those considered in this chapter, are eleetriec transducers, defined?!
as “an electric network by means of which energy may flow from one
or more transmission systems to one or more other transmission sys-

N ,
Driving é < I Driven
circuit p circuits
o———l I-——-o
Voltage
divider

Fic. 1. A voltage divider is a resistor with fixed or movable contacts,
often used as shown.

tems.” An electric transducer generally has four terminals—two input
terminals and two output terminals.!? As for any electric network,
electric transducers may be either active or passive. Those considered
in this chapter are passive; that is, they contain within themselves no
source of energy.

F1c. 2. A balanced network.

Balanced and Unbalanced Transducers. Most electric networks can
be classified as two types on the basis of the arrangement of the imped-
ance elements with respect to ground. The first type is the balanced
network of Fig. 2. Assuming that the plane of the network is parallel
to the ground plane, that the physical sizes of the Z, elements are the
same and that the physical sizes of the Z,” elements are the same, the
stray capacitances C, to ground will be the same. If, also, the imped-
ances of the series elements Z, are identical, and the impedances Z,’ are
identical, currents I will be the same and the currents Iy will be the
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same. The series elements Z, and Z.” on each side of the circuit are
paralleled by the stray capacitances to ground, and the current flowing
through the load* is the sum of the currents /1 and I, arriving by the
two paths. If the identities previously discussed are maintained then
the series voltage drops IZ; will be the same; the series voltage drops
117 will be the same; and the currents I ¢, Will be the same. Then,
the currents [ in impedances Z, will be identical, and she currents I, in
impedances Z," will be identical.

An unbalanced network is shown in Fig. 3; this is an extreme instance,
the series impedances having been omitted in one side. The current
that reaches Z; will be Iy and I ¢, much as before, but the current
path back to the source has been altered. Thus, I and I’ are not equal,
and Iy, and 11’ are not equal. A circuit such as Fig. 2 (containing four
series elements) will be unbalanced if corresponding series elements Z,
are not identical, if corresponding series elements Z,” are not identical,
or if the plane of the circuit is not parallel to the ground plane.

From the preceding discussion it follows that a balanced network
is one in which the corresponding series impedance elements are
identical, and one in which these elements are symmetrical (elec-
trically) with respect to some reference (ground) potential. Un-
balanced networks are those that do not fulfill these requirements.

The ground plane referred to may be the surface of the earth (as for
an open-wire transmission line), may be the metal chassis of an
amplifier, or may be a metal sheet under the top of a laboratory test
bench. If it is necessary to “ground” a balanced circuit such as Fig. 2,
the ground wire should be attached at the center of the parallel im-
pedance Z,; this maintains the balance to ground. An unbalanced
circuit such as Fig. 3 is often grounded by attaching the ground wire to
the side containing no series impedances.

Whether a circuit should be balanced or unbalanced and whether it
should be grounded or ungrounded depend on circumstances. The
important points at present are that fundamentally they are different
types of circuits and that in general balanced and unbalanced circuits
must not be interconnected for testing or for operation, unless the con-
nection ts made through a transformer that has a grounded shield
between the primary and the secondary. If this is not done, measure-
ments and operation at communication frequencies (including audio
frequencies) will probably be unsatisfactory.

* By definition,! the word load means the power that an apparatus or machine
delivers. Hence, strictly speaking the word “loading impedance” should be used

in Fig. 2 and elsewhere in this book. It is accepted practice in communication to
refer to the loading impedance as the load.
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Because one side of the circuit contains essentially no impedance, it
is possible to have one input and one output terminal common. Thus,
Fig. 3 is sometimes referred to as a three-terminal network, and Fig. 2
is sometimes referred to as a four-terminal network. This classifica-
tion is of little (if any) fundamental importance, but whether or not
a circuit is balanced or unbalanced is of great fundamental importance.

Z, zZ;
M\
C I /
S
Source ‘i
= Ie, { Zp
T T e—
2 ;%:;Cg | I I
1L !
®

i .
|
} Ground
Y

F1a. 3. An unbalanced Il(;tWOI‘k.

Symmetrical and Unsymmetrical Transducers. In discussing the
network of Fig. 2 it was pointed out that for balance the two Z, ele-
ments must be identical, and the two Z,” elements must be identical.
For this network to be both balanced and symmetrical, each of the
series elements must be identical. If this is true, then the network of
Fig. 2 offers the same input impedance characteristics when considered
from terminals 1-2 or terminals 3-4.

AC B D
I

f I
I I
Fia. 4. A portion of an unbalanced network.

A network may be unbalanced, yet symmetrical. Thus in Fig. 3,
if Z, is of the same impedance as Z,”, then the unbalanced circuit will
be symmetrical. The network (only) will offer the same input
impedance charaecteristics when considered from terminals 1-2 or
terminals 3—4 (see also page 154).

Midseries and Midshunt Terminations. Often several networks
are connected one after the other in a “chain,” in “cascade,” or in
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“tandem.” In such a transmission system, as far as the signal is

concerned, the individual networks tend to lose their identity. It is

advisable in network study first to investigate the system as a whole.
Figure 4 shows an unbalanced

networ.k ex.tendmg tf’ mﬁr.nty m 4, yz z, %z, g
both directions. 1t is desired to ~O—A——4—AN\/ AMA——0
select a finite portion of this net-

work to use as a transmission z, Z,

system. Suppose the portion

A-B is selected by cutting the & —0
network at 1Z;. This will give (o)

the netwqu of. Fig. 5a, and the c z, z, D
network is said to have mid-

series terminations, because it

“starts” and “ends” in 3Z,. 22, Z, 2z,

Another possibility is to select
the finite section C-D (Fig. 5b).
This network is said to have mid-
shunt terminations. The value
27, is specified because two such
impedances in parallel give the
impedance Z, of Fig. 4. The

!

(6)
F1e. 5. The circuit of (a) is obtained by
selecting the portion A-B of Fig. 4. The

circuit of (b) is obtained by selecting the
portion C-D of Fig, 4.

infinite network could have been
cut into at any point; then fractional termination would have re-
sulted.

T and r Sections. Assume that it is desired to construct a network
such as Fig. 5(a). Because two series impedances 1Z; add to give an
impedance Zy, the circuit of Fig. 5(a) can be formed of the two
T sections of Fig. 6(a). Also, a network such as Fig. 5(b) can be
formed of the two = sections of Fig. 6(b).

Equivalence of T and » Sections. In communication circuits it
sometimes is desired to find the = section that is equivalent to a T sec-
tion, or vice versa. Two networks are of general equivalencel ‘if
one network can replace another network in any system whatsoever
without altering in any way the electrical operation of that portion of
the system external to the network.” Two networks are of limited
equivalence! “if one network can replace another network only in
some particular system without altering in any way the electrical
operation of that portion of the system external to the networks.”
In the following discussion limited equivalence will be investigated.
Tt is very important to note that networks often are constructed of
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impedances that vary with frequency; usually, networks are equivalent
only at a given frequency.

In Fig. 7 are shown T and # networks. To derive the transforma-
tion equations from which an equivalent = section can be designed if

%Z, %7, | %z, 52,
T Wv ’ M—O
Z2 1 Zz
o . . 0
T section 1 T section 2
(a)
[}
Z; Zy
o ’ AN y AN 0
2Z, 2Z,, 2Z, 2Z,
7 section 1 [ 7 section 2
)

Fic. 6. T and = sections.

a T section is known (or vice versa) three equations will be written.
For the T section, the impedance Z;, measured between terminals

Z, Z,
o~ MV —AVY 0 O ANN—— -0
1 3 1 Zy 3
Z. 3 ZA Z C
2 4 2 4
O —C) O - g O
T section T section

Fia. 7. Circuits for deriving network transformation equations.
1-2 is Zy5 = Z1 + Zs, and for the = section the impedance Z;, =
Z,(Zg + Zo)/(Z4 + Zp + Z¢). When thesc are equated,
Z4(Zp + Zc)
Z4s+Zp+ Z¢

The corresponding equations for impedances measured between ter-
minals 3-4 are

Ze=2)+ Z3 = 1)

Zc(Za + Zp)

(2)
Zs+Zp+ Z¢

Zsy = Zo + 23 =
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The corresponding equations for impedances measured between ter-

minals 1-3 are

Z(Zs+ Zc)

Zys+Zp + Z¢
These three equations can be solved simultaneously for Z, Z,, and

Zg in terms of Z4, Zp, and Z,. By adding equations 1 and 3, and sub-

tracting equation 2, it is found that

_ ZaZgp
Za+Zp+ Zc

Likewise, adding equations 2 and 3, and subtracting equation 1 gives

Zis =21+ Zy = (3)

Z, 4)

ZpZc
Zy = 0 ) 5
® Zu+Zs+ Zc )
and adding equations 1 and 2, and subtracting equation 3 gives
ZaZc
Zy = o0———"7—n" 6
P Zi+Zs+ Zc ©

These equations are for transformation from a = to a T network.
To make transformations from T to a = network, the equations prove
to be2 8

_ ZZy + ZsZs + Z1Z3,

Za 7 (7)
Z1Zo + ZoZ YAV
7y = 122 223 + 143 8)
Z3
and
Z1Zo + ZoZ Z7Z
7, = 212 o3 + Z1Z3 )

Zy

It is now desired to show that if the two networks are related
according to these equations they are equivalent and can replace each
other without altering the circuit operation. For this Fig. 8 will be
used, in which the two cireuits, related in accordance with the equations
just grven, are connected between tdentical sources of voltage E,, and
tdentical load impedances Z;. If it can be shown that in each circuit
the identical gencrators supply currents I; that are exactly the same
and that the identical load impedances Z; receive currents I, that
are exactly the same, then the T and = sections are equivalent as far
as terminals 1-2 and 3-4 are concerned.
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For the T section of Fig. §,
E,

I, = . 10
! Z+Z+(Z2+ZL)Z3 {10)
¢ T I+ 25+ Zs
Because the voltage drops across two parallel branches must be equal,
IIZ3
I, — 1,)Z; = 1I.(Z Z), and Iy = 0—————- (11
(I, — 12)Z3 2(Z2 + Z1) 2= X 7.4 71 (11)
L— % Zy [— Ill—> AW I,—
Zg 3
Zg
Eg ZA §Zc ZL
2 4

Fia. 8. Networks for studying conditions of limited equivalence.

The next step is to substitute in these two equations the values of Zy,
Z,, and Z5 given in equations 4, 5, and 6. Making these substitutions
in equation 10 and simplifying the expression gives

E,

Zr(Zp + Zc) + ZsZc :l
(Za+ Zp)(Z1r + Zc) + Z1Zc
Making these substitutions in equation 11 gives
_ IZaZc

(Za+2Zp)ZL+ Zo) + Z1Zc

It now remains to derive expressions for I; and I, for the = section
of Fig. 8, in terms of Z4, Zp, and Z; and to ascertain if these expressions
agree with equations 12 and 13. Thus, for the = section of Fig. 8,

E,
Z4 (ZB +

I = (12)

Zg+ZA[

I, (13)

Il=

ZeZn N\
Z¢ +ZL>
ZcZy,
Ze+ 7y

Zy +
Zs+ Zp +
and simplifying,
E
I, = z 14
! 7 4 ZA[ Zi(Zp + Z¢) + ZpZc il (14)
¢ (Za+ Zp)Zr + Ze) + Z1Zc
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To find the current I in the = section of Fig. 8 first it is necessary to
find the current in impedance Zg, which can be determined from the
relation

ZoZy,
- =TI, (7 il ek
(1 — Iz = Ly (2 + 2505
and
1,74
Iz =
ZoZy,
Z Z
4 +Zs+ Zo+ Zs,
12,7

Similarly, (25 — Is)Z¢c = I2Zy, and Iy = ZLZj‘ 20.
Substituting the value of Iz in this expression gives

B 1.7 Z4Z¢
(Za+Zp)Zr+ Zc) + ZirZc
Tt has been shown that equations 12 and 13 derived for the T section

are identical to equations 14 and 15 derived for the = section. This

I, (15)

(d)
F1c. 9. Diagrams indicating the steps in simplifying circuits.

proves that the sections will perform exactly alike when inserted
between a source of voltage and a load impedance and that so far as
terminals 1-2 and 3-4 are concerned T and x networks related by
equations 4, 5, and 6, or 7, 8, and 9 are equivalent.

Simplification of Networks. Communication networks are often
complicated, and it sometimes is advantageous to reduce them to simple
networks before a final solution is made. Thus, in Fig. 9(a) suppose
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that it is desired to find the current I, that the generator of voltage E,
and of internal impedance Z, sends through the load impedance Zy.

The combination Z4, Zp, and Z, can be treated as a = section, and
the equivalent T section can be obtained from equations 4, 5, and 6.
This gives the circuit of Fig. 9(b). These new impedances are called
Zy,Zs, and Zs. '

The combination Z,, Zg, and Zy also can be treated as a = section, and
the equivalent T section can be found from equations 4, 5, and 6, giving
the circuit of Fig. 9(c) with the new

o ol impedances called Z4, Z5, and Zg.
z, 1 3 All series impedances are then added,
z, giving Fig. 9(d), which can readily be
2 2 solved for the desired current I,
~° T through the load impedance Z;,.

() Equivalent Networks. In the pre-
ceding section the value of each im-
pedance of Fig. 9 (a) was known, and
the reduction to the simple T network
was made by transformation equa-
tions. Sometimes a circuit or device
(&) ' is in a “black box” (Fig. 10), the
values of the impedances are unknown,
and it 1s desired to determine the simple
equivalent T or = network.

For limited equivalence between the two sets of input terminals 1-2
and the two sets of output terminals 3—4, the input currents 7y to the
two networks must be identical and the output currents I, to the loads
Z;, must be identical (in both magnitude and phase). Of course, this
also implies that the voltage across terminals 1-2 must be identical, and
the output voltages across terminals 3—4 must be identical when the
networks are connected between the same generator and the same load
impedance Z.

An investigation will show that if the input current I; does not equal
the output current I,, there must be a shunt element such as Z3 in an
equivalent network (Fig. 9 or 10). Similarly, if the input voltage E{2
does not equal the output voltage Ej54, there must be series elements
such as Zy and Z,. Thus, three impedances are required in an equiv-
alent network. These three impedances may be in a T configuration as
in Fig. 10, or may be transformed into a = configuration.

The individual elements within the black box of Fig. 10 in general
cannot be determined. It is known, however, that, at a given fre-
quency, some T network will be equivalent. The values of Zy, Z,,

Fre. 10. Unknown network (a),
and equivalent network (b).
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and Z3 of this equivalent T network must be determined from measure-
ments on the unknown network. Thus, if the input impedance between
terminals 1-2 is measured with the output terminals 3—4 open cir-
cuited and if this is called Z;z,c, then

ZlZoc = Zl + Z3- (16)

If the input impedance Z;», 1s measured between input terminals 1-2

with the output terminals 34 short circuited, then
ZyZs

_“243 17
Zy + Zs {17

Zi9se = L1+

If the output impedance Z34,. is measured between output terminals
3—4 with the input terminals 1-2 open circuited, then

Z3goe = Lo + Z3 . (18)
From these three equations,
Zy = Zizoe — 43, (19)
Zy = Zzsoc — L3, (20)
and
Z3 =V (Z12oc — Z12s¢)Z3400 » (21)

Equation 21 1s found by substituting equations 19 and 20 in equation 17
and solving for Zj.

The Lattice Network. The networks z,
(such as Fig. 4) considered in the pre- ¢ MWy 3
ceding pages are known as ladder net- z,
works because of the arrangement of the z,
series and shunt elements. Another fun- » a
damental type is the lattice network of ° IVZ\Q' —°

Fig. 11. Considering only the input ter-
minals 1-2 and the output terminals 3-4, Fic. 11. A lattice network.
a T (or a =) ladder network, such as Fig.
10(b), exists that is equivalent to the lattice network, and this limited
equivalent network can be found from the three impedance measure-
ments; Z120c; Z12SC} Z340c-

From Fig. 11 it is seen that

(Zs +Zc)(Zp + Zp) ,

Za+Zp+Ze+Zp
Z4Zp ZcZp

ZatZs Zo+7Zp

(22)

Z12oc =

(23)

Zigse =



148 ELECTRIC NETWORKS

and that
(Za + Zp)(Zc + Zp)

Za+Zp+Zc+ Zp
When these terms are inserted in equations 21, 20, and 19 in this order
and when equations are simplified,3

ZpZo — Z4Zp

Z3goc =

(24)

Z = b 25
3 Zi+Z+ Ze+ Zp 25)
ZaZco +224Zp ¥ ZpZp
Z = H 26
2 Zys+Zs+Zc+ Zp (26)
and
Z 7
7, = ZaZp +2Z42p + ZeZp @7)

Za+Zp+Zc+ Zp

Network Theorems. The theorems now to be discussed are useful
in studying networks. It is assumed that the networks are composed
of elements that are linear and

1 '\"ZV\' VZW_‘f3 bilateral, that the steady-state
Zg ! z condition has been reached, and
Za 2. Eoc

E Ial ZL  that all quantities are complex.
y Thévenin’s Theorem. If an
(a) 4 tmpedance Zy 1s connected be-

tween any two points of a cir-

1 Z, = £q. (29) — 3 cuit, the current I, that will flow
Zg ' 4 through this impedance is the
E, L same as if the impedance Zy, is
— connected to a generator whose

2 (b 4 constant generated voltage E,
F1a. 12. Circuits for studying Thévenin’s is the same as the voltage E,.
theorem. between the two points of the

circut, prior to the connection,
and whose internal impedance Z, 1s the same as the tmpedance Z; meas-
ured, prior to the connection, back into the circuit, with each source of
driving voltage within the ctrcuit replaced with an impedance equal in
value to the internal impedance of that source.

To prove Thévenin’s theorem, recall that any passive network can
be represented by the T section of Fig. 12. If a generator is connected
as shown, an open-circuit voltage will appear between terminals 3—4.
The magnitude of this open-circuit voltage is

E,Zs

_ B3, (28)
Zo+ Zy + Zs

Eoo = I3Z3 =
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The impedance measured toward the generator from terminals 3-4 is

Z3(Zy+ Z,) |

Z; =4y + 29
2V Z,+ 2y + Zs (29)
According to Thévenin’s theorem, when Z;, is connected
I, = " Eoe _ Equation 28 _
L= 7.+ Z1,  Equation 29 + Zz
E,Z, 30)
ZoZy+ ZhZy + ZoZs + Z1Zs + Z3Zy + ZyZ 1 + 202 + Z3Zy,
From ordinary circuit theory, when Z;, is connected,
E
I, = . . 31
T 7 . it i) BU
¢ "2+ Zs+ 7

Since the voltage drops across Zg and (Ze + Zr) of Fig. 12 must be
equal,

1,73
I.(Zo+Z1) = I, —I1)Zs, and I =—-2"——" (32
L(Zs+Z1) = (Ig —IL)Z; and IL 7.1 7, 1 72 (32)
Substituting equation 31 in equation 32 gives
I By
£ ZoZy+ Z1Zoy + ZoZs + Z1Z3 + Z3Zy + ZgZy, + Z1Zy, + Z3Z 1
(33)

Thus, since equations 30 and 33 are identical, the proof of Thévenin’s
theorem 1is established. Regarding the last portion of Thévenin's
theorem, consult the superposition theorem in the following pages.

Norton’s Theorem. If an impedance Z; is connected between any
two points of a circuit, the current Iy, that will flow through this im-
pedance is the same as if the impedance Zy, is connected to a generator
whose constant generated current I, is the same as the current Iy that
flows if the two points of the circuit are short circuited, the constant-
current generator being in parallel with an impedance Z; measured
prior to the connection back into the circuit, with each other source of
driving voltage within the circuit replaced with an impedance equal in
value to the internal impedance of that source.

In proving Norton’s theorem, it will be recalled that any circuit can
be reduced to the T network of Fig. 13(a) and it must be shown that
this circuit is equivalent to Fig. 13(b). Since Fig. 13(a) already has
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been shown to be equal to Fig. 12(b), if an equivalence between
Fig. 12(b) (also reproduced as Fig. 13(¢)) and Fig. 13(b) is estab-
lished, then Norton’s theorem will be proved.

(a) Equivalent T network

|

I,

4

-

{b) Circuit from Norton’s theorem

O
A 3

3

Enc ZL

4

-
(¢) Circuit from Thévenin’s theorem

Fi1ac. 13. The circuit of (a) may be solved by the use of either Norton’s
theorem or Thévenin’s theorem.

From Thévenin’s theorem, the current that will flow through a load
impedance Z, is

I J— _EL. 34)
Pz 7, (
and, if the generator of Fig. 13(c) is short-circuited,
E,
Iy = ZC and Eoc = Ichi . (35)
According to Norton’s theorem and the circuit of Fig. 13(b),
Ichi
—IZ, =117 d Ip=—"—"
(Ise —IL)Z; tZr an L= 7, (36)
From equation 35, equation 36 becomes
E,
I : 37)

T Zi+ 7L
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which is the same as equation 34, thus establishing the fact that
Norton’s theorem and the circuit of Fig 13(d) can be used in solving
network problems.

Norton’s theorem is convenient for use with circuits of high im-
pedance, such as voltage amplifiers employing tetrodes and pentodes
having internal impedances (plate resistances) of about 1,000,000
ohms. Thévenin’s theorem is convenient for low-impedance circuits.

Superposition Theorem. If a network has more than one source of
driving voltage, the current that flows at any point, or the voltage
between any two points, is the sum of the currents or voltages at these
ponts which would exist if each source of voltage were considered
separately, each of the other sources being replaced at that time by
an impedance equal to the internal vmpedance of that source.

AW —AN—2
2 1 Z, Z, 3
8
E, § Zs ZL
2 4

F1c¢. 14. Circuit for studying the reciprocity theorem.

If the impedances in a network are linear, and their values are not
affected by the magnitudes of the currents and voltages existing, then
the current or voltage in the various portions of the circuit are inde-
pendent of each other and the principle of superposition applies. A
simple laboratory experiment will verify this principle.

This theorem can be applied to a circuit, and the use of the
Kirchhoff’s law method avoided. Also, the effect of a given genera-
tor voltage (of the same or different frequency) at a given point
can be determined without considering the effects of other voltage
sources.

Reciprocity Theorem. If any source of voltage E located at one
point in a network produces a current I at any other point in the
network, the same source of voltage E placed at the second point
will produce the same current I at the first point.

Any complex network can be reduced to the simple T section of
Fig. 14. The current I that generator E, forces through impedance
Z; is given by equation 33. If the source of voltage E, only is re-
moved and placed in series with Z; and if equations such as 31, 32, and
33 for the current I, through Z, are written, it will be found that the
two currents are identical.
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Compensation Theorem. Any impedance in an energized network
may be replaced by a generator of zero internal impedance whose in-
stantaneous generated voltage is equal to the instantaneous potential
difference across the replaced itmpedance caused
by the current flowing through the impedance.

The principle on which this theorem is based is
well known. Thus in Fig. 15, if the polarity of
the instantaneous generated voltage used to
replace the impedance as indicated and if the
magnitude of this generated voltage equals the
magnitude of the potential difference across the
impedance, the currents in the two circuits will
be identical.

Maximum Power Transfer Theorems. If a
passive network 1s jowned to an active network
by two terminals the power that will be ab-
Fie. 15. Cireuits for sorbed by the passive network will be mazrimum
studying the com- *f the impedances measured in the two directions,

pensation theorem. prior to the conmection, are conjugates.

This was considered on page 70, and addi-
tional discussion is unnecessary, except to point out that, since any
network can be replaced by a simple T structure and because Thévenin’s
theorem applies, this theorem can be represented by Fig. 16. For
maximum power transfer, if Z, = B + jX, then Z
should be Z, = R — jX, and vice versa. Con-
jugate impedances have ecqual resistances and
equal but opposite reactances.

If the magnitude, but not the angle, of a load A E,
impedance may be varied, then the maximum
power .wzll be absorbed when the magmtude of the Fie. 16. Cirouit for
load impedance equals the magnitude of the determining maxi-
nternal impedance of the source. mum power transfer

This was considered on page 71, and ad- relations.
ditional discussion is unnecessary.

Transformer Equivalent Networks. For the purposes of circuit
analysis, it is sometimes desired to replace a transformer by an equiva-
lent T (or =) network. The equivalent T nctwork for a transformer
can be found from three impedance measurements and the use of equa-
tions 19, 20, and 21. From Fig. 17 it is scen that Z;s,. = Z,, the im-
pedance of the primary of the transformer; also, that Z3,. = Z,, the
impedance of the secondary. The impedance of the primary, with the
secondary short circuited is, from coupled-circuit theory (page 67),

Zg
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Zisse = Zy + (oM)2/Zs. 'Thus, it is possible from these three meas-
urements to determine both the important constants of a transformer,
and the cquivalent T network.

If the values just discussed are inserted in equations 21, 20, and 19
in the order given,

Zs =NZ, — (Zy + &*M?*/Z)Zs = oM, (38)

Zy =4y — oM =Z; — Zy, (39)
and

Zy=Zp, —oM =2, — Z,. (40)

The reason that oM = Z,, where Z,, is called the mutual impedance,
can be explained in the following manner. From Fig. 17, when the
secondary is open, the voltage

E.4 across the secondary is equal = —— g —
to the I,Z; voltage drop. Thus,  oml ~— .
Zy = Eay/I, = oMI,/T, = oM = } . I
Zn, the term mutual impedance | P”'Zp Zfec' |
being used because, for the actual I [
transformer of Fig. 17, the sec-  2_ ! I 4
ondary voltage s, is being di- N _;
vided by the primary current Ip. 77 -7 Zez -7
Transformers are used in com- 1= %7 m 2= LTl
munieation circuits for impedance T vy JW\'_—g
matching (page 68). For such oy Output
purposcs, an ideal transformer is  (pri) Z;=wM= ng (sec.)
assumed. Such a transformer will 2
O— O

change the magnitude of the load
impedance without altering the Fie. 17. Actual and equivalent circuits
angle of the load impedance and for a transformer.
introduces no losses into the cir-

cuit. An ideal transformer is assumed in making possible maximum
power transfer under the conditions of the second maximum power
transfer theorem.

Image Impedances. Four-terminal transducers are used for pass-
ing electric energy from one part of an electric system to another.
Often it is desired that the transducers draw maximum possible
signal power from the preceding part of the system and pass it on to
the following part of the system. Ordinarily, this cannot be done
under the condition of conjugate impedances, and hence the conditions
of the second power transfer theorem must be met.

The image impedances of a transducer are defined! as the “im-
pedances which will simultaneously terminate each pair of terminals
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of a transducer in such a way that at cach pair of terminals the
impedances in both directions are equal.”

An unsymmetrical, unbalanced (page 139) T network is shown in
Fig. 18, the network being unsymmetrical because Z; does not equal
Z,. It is desired to find the two image impedances Z; and Z; that

AW MW
1 Z 1 ZZ

zZ; z, zy
2 g

Fia. 18. Circuit for studying image impedances.

will satisfy the definition previously given. If this is accomplished,
then maximum power transfer would occur from the transducer to the
impedance (or from the impedance to the transducer) at either set of
terminals.

The equations for the image impedances can be written for the condi-
tions specified in the definition. Thus, the input impedance at
terminals 1-2, with image impedance Z;/ connected at terminals 3—4
(but with Z; not connected), is

Z3(Zs + Z1')
Zy+ Z3 + Z1
The input impedance at terminals 3—4, with image impedance Z; con-
nected at terminals 1-2 (but with Z, not connected), is
Z3(Zy + Z1)
Zy + 23+ Zr

When these two equations are solved, the image impedances are
found to be

Zr =74 + (41)

Zi' = Zy + (42)

Zi+ Zs
Z=\/—*—ZZ+ZZ+ZZ» 43
I Z2}Z3(12 243 17Z3) (43)
and
, Zo 4+ Zs
= ———————— Z .
Zr \/Z1 Zs (Z\Zo + ZoZs + Z Z3) (44)

It is also possible to write equations for the image impedances of a
« section; or the = section can be transformed into a T section,
and equations 43 and 44 then used. An investigation will disclose that
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unsymmetrical networks have impedance-transforming properties and
that they can be used for impedance matching.

Iterative Impedance. The circuit of Fig. 18, for which the image
impedances were found, was unsymmetrical, and the two terminating
image impedances were different. If a circuit is symmetrical, how-
ever, the image impedances become the same, and equal the iterative
impedances! now to be discussed.

%7 %2,
W W
Zgr — Z, Zygp
2 4
(a)
S ;
Z,— 322, 22, 3,
2 4
()
Fic. 19. Circuits for deriving the equations for midseries and midshunt iterative
impedances.

The iterative impedance at a pair of terminals such as 1-2 or 34
of Fig. 19 is defined! as “the impedance which will terminate the
other pair of terminals in such a way that the impedance measured at
the first pair of terminals is equal to this terminating impedance.” For
an unsymmetrical section the iterative impedances at the two sets
of terminals are different; for a symmetrical section the iterative im-
pedances are equal and the same as the image impedances.l Because
of their wide use, symmetrical sections will be treated in the remainder
of this section.

The notation used for the elements of the T and = sections of Fig. 19
are the same as was used for the sections of Fig. 6. This notation is
usually employed for the circuits now to be considered.

The input impedances at terminals 1-2 of Fig. 19(a) when terminals
3-4 are terminated in the iterative impedance Zgrp of the T network is

Z9(3Z1 + Zkr) ,
32y + Zy + Zgr

1
Zgr = §Z1 +
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which, when solved for Zgr, gives

Zxr = |27 +Z—12—1/ZZ<1+Q>- (45)
KT = 142 4_ 1442 4:Z2

For the = section, the iterative impedance Z g, is the input impedance
at terminals 1-2 of Fig. 19(b) when terminals 3—-4 are terminated in
the iterative impedance Z k., of the = network. Thus

2757 g x
222<21 + o 2R )
Zn = 2+ Zra/ _ Z1Zs _ZiZs (46)
B 2797 kn 72 7
27 Z — “1 KT
2 + 1+2Z2+ZK,F \/Z1Z2+ .

The iterative impedance of a network such as shown in Fig. 19(a)
or (b) is readily determined from open-circuit and short-circuit im-
pedance measurements. Thus, if an impedance bridge is used to
measure the input impedance at terminals 1-2 of the T section of
Fig. 19(a) when terminals 3—4 are open,

Zi20c = 371 + Za, 47)

and the input impedance at terminals 1-2 with terminals 3—4 short
circuited is

1 S YAVA
Z12sc = §Z1 + 3 2ol 2 (48)
2

2.+ 2y

If these two equations are multiplied together and the square root taken,

1 1 17.7, > \/ 7,2
= — — —= - ) = A — =7 .
\/Zochc \/<2Z1 +Z2>(2Z1+%Z1 + Zz Zl 2+ 4 KT

(49)

Although this derivation was for a T section, it can be shown that the
iterative impedance of a = section also can be found from open-circuit
and short-circuited measurements.

Midseries and Midshunt Iterative Impedance. Suppose that
another identical T section is connected ahead of terminals 1-2 of
Fig. 19(a). The input impedance to this new T section also will be
Zxt, because, in accordance with the definition for iterative impedance,
this new T section also will be terminated with Zgr. The same reason-
ing applies, of course, to the # section of Fig. 19(b).

Now suppose that an infinite number of T sections (or an infinite
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number of # sections) are in tandem forming an iterative or recurrent
structure. The input impedance of the infinite number of T sections,
or the input impedance of the infinite number of = sections, also will be
the iterative impedance, whether or not the distant end at infinity is
terminated in the iterative impedance. The line is so long that an
electric signal never reaches the distant end, and hence it makes no
difference how the end at infinity is terminated. Thus, the input
impedance of an infinite number of identical recurrent sections equals
the iterative impedance of a network.

As was shown in Figs. 4, 5, and 6, a group of T sections or = sections,
when connected one after the other, “blend into” the same basic strue-
ture (Fig. 4). The only difference between the two will be at the
sending and receiving ends. Here the end sections will be “one half”
of a T section or “one half” of a = section, giving a midseries termina-
tion or a midshunt termination (page 141). Thus, except from the
standpoint of the performance at the input or the output terminals, it
makes no difference whether a recurrent group of identical networks is
T sections, = sections, or “blended together” as in Fig. 4. The matter
of importance is how the structure is terminated. If it is terminated in
midseries, then the input (and ouput) impedance is the midseries
iterative impedance given by cquation 45; if it is terminated in mid-
shunt, then the input (and output) impedance is the midshunt itera-
tive impedance given by equation 46.

Transition Loss. As has been mentioned elsewhere, electric trans-
ducers, such as the networks considered in this chapter, must pass
electric signal encrgy from one network to the next, ete. As shown on
pages 71 and 152, the ability to pass energy from one network to the
next depends on the impedance relations at the network junctions. If
the output impedance of one network is not related correctly to the
input impedance of the next network, then conditions for maximum
power transfer will not exist, and a transmission loss or loss, defined?!
as “a term used to denote a decrease in power in transmission from one
point to another,” will be encountered.

Maximum possible power transfer between two circuits has been
shown to occur when the impedances involved were conjugates. The
transition loss in transferring power from one circuit to another is a
comparison of the power that is transferred under actual circuit condi-
tions to the power that would be transferred if the load impedance
and the source were conjugates.

Transition loss is not widely used in studying circuit performance.
One reason is that communication equipment is built in a particular
way for reasons other than impedance considerations, and the inherent
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impedances of the equipment often cannot be altered at will. Also, as
will be made clear in Chapters 6 and 7, lines and cables should be
terminated in load impedances having the
same magnitudes and angles as their charac-
teristic impedances.

Reflection Loss. Reflection loss and not
transition loss is commonly used in measuring
the loss in transferring power from one circuit
or device to another. The reflection loss is
Fic. 20. Circuit for zero when the input impedance Zy, of the circuit
studying reflection loss.  or device receiving the power equals in both

magnitude and angle (including sign) the in-
ternal impedance Z, of the circuit or device delivering the power.

In Fig. 20 is shown a generator supplying power to a load impedance.
The power delivered to the load impedance is

E 2Ry )
(Za + ZL)2
For no reflection loss, By, = R,, and X;, = X,. For this condition the
power P;’ delivered to the load impedance is

ER; ESR;, E/SR,

,= 2 = = = .
Pr = TI'Ry (Z)2 ~ (22,2 4Z2 (51)

The power reflection loss is determined from the ratio of the power
transferred to the load impedance under actual cireuit conditions to
the power that would be transferred under the preseribed conditions
for no reflection loss. Dividing equation 50 by equation 51 gives

PL 4Z02 XRL 4ZgZL ><COSGL

—_— — _—= ?

PLl (Zg + ZL)2 R, (Zg + ZL)2 cos b,
because Ry, = Zj, cos 0z, and R, = Z, cos §,. Equation 52 may be writ-
ten

Zy=Rg+ X,
Z= RL+jXL§

Pp =1I°R; = (50)

(52)

ﬂ _ kzcosoL,

53
Py’ cos O, (53)
where | = i'ZL, and sometimes is called the reflection factor.4
Zg + ZL
The reflection loss is defined?! as
1 Z,+ Zy,
Reflection loss = 20 logo — = 20 logig | —e——=|» 54
g10 I g10 \/4Z0ZL (54)

where the reflection loss is in decibels. This equation also can be
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derived on the basis of the currents flowing under matched and mis-
matched conditions.* The two vertical lines enclosing a portion of
equation 54 indicate that in finding the reflection loss the impedances
are combined as complex numbers and that the log is taken of the
magnitude of the final value of impedance.

It is common practice to state that two connected circuits are
matched when the input impedance of the driven circuit equals the
internal impedance of the driving circuit in both magnitude and angle
(including sign). Because the condition for matched impedances is
not the condition for maximum power transfer (which is that the cir-
cuits are conjugate) it is possible to have reflection gains, Reflection
losses and gains can be determined from Fig. 21.

Insertion Loss. In a communication transmission system, the
magnitude of the loss caused by the tnsertion into the system of a new
network or device must often be known. This loss is determined by
several factors, such as the degree of impedance match at the input
terminals, the internal transmission loss in the device to be inserted,
and the degree of impedance match at the output terminals.

By definition,! the “insertion loss at a given frequency caused by
the insertion of apparatus in a transmission system is the ratio, ex-
pressed in decibels, of the powers at that frequency delivered to that
part of the system beyond the point of insertion before and after the
insertion.”

A generalized equation that will give the insertion loss of any line,
circuit, or device becomes quite involved and will not be given.#: 5  As
an example, consider the insertion loss when a network, such as a few
miles of telephone cable having a transmission loss (or attenuation loss,
Chapter 7) within itself of Ly decibels, is inserted between a generator
and a load. For these conditions, four losses will be involved in deter-
mining the insertion loss. These are the reflection loss L, at the
junction of the network and the generator; the reflection loss Lo at
the junction of the network and the load impedance; the loss Ly
within the cable (or network) ; and the reflection loss L; which would
occur if the load impedance were connected directly to the generator.
For this example the insertion loss is Ly + Ly + Ly — Lg, the loss
L4 being subtracted because it enters into determining the received
power both before and after the insertion of the cable or other network.

Pads and Attenuators. It is often desired in communication eir-
cuits to reduce the amplitude of a signal wave. For example, the
program signal delivered over a telephone line may be transmitted at
a power level sufficient to “override” line noise (Chapter 14). A pad,
defined! as “a non-adjustable transducer for reducing the amplitude
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of a wave without introducing appreciable distortion,” may be neces-
sary at the receiving end of the linc to reduce the signal volume to
the desired amount. An attenuator, defined?! as an “adjustable trans-
ducer for reducing the amplitude of a wave without introducing appre-

ciable distortion,” is used in
radio speech-input equipment %R, x %R,
to vary the volume of the pro- WV ' WAV——
gram signal.
Pads are made of fixed re- R, §Zx
sistors and will funetion over
a wide frequency range, deter- 2 MA | A 4
mined by the high-frequency %R, Y %R,

characteristics of the resistors.

Pads are connnonly made in Fie. 22. Circuit for studying the design of

the form shown in Fig. 22 a balanced pad. For a pad, the iterative
. b

. . i d Zg i ist , often desi d
particularly if they are to be impedance Zg is res;sBI::nce often designate

used with balanced circuits.

In the design of pads, the facts known are usually the impedances of
the devices with which the pad is to be associated and the loss in
decibels that the pad is to have.

In accordance with the theory on page 156, the iterative impedance
of the pad of Fig. 22 is

R / Ui
K=\/R1R2+”4—’ (55)
the letter Ex being used because the iterative impedance will be re-
sistance.

The power loss in decibels introduced by the pad can be found from
power, voltage, or current ratios. If a voltage F, is impressed at the
sending end, the input current will be I1» = E;2/ Rk, because the pad is
symmetrical and is terminated in Rx. The voltage across the junetions
z-y will be

32E:R iR
Ew = Eiz — 3RiI12 = Epp — 2 2l E12<1 - 2—1> (56)

RK Rk

The current through Ry will be E,,/(}Ry + Rg), and this current
multiplied by Ry will give the output voltage Esy across Rx. Thus,

_ E(1 - 3Ri/Rx)Rx _ E1n(Rg — %Rl)’

3R + Rk Rg + 3R:

and (56a)
Ei2 _ Rx + 3R, .

Ess Ry — 3R

E34
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As an illustration of the use of this equation, suppose that a pad
such as Fig. 22 is to introduce a loss of 10 decibels and must have
an iterative impedance of 600 ohms. The voltage ratio E{o/Es4 =
100.05X10 = 3162, and, from equation 56a, the value of R, will be
622.5 ohms. With Rg and Ry both known, from equation 55 B, = 422
ohms. Thus the pad of Fig. 22 should be composed of four 156-ohm
resistors, and one 422-ohm resistor. Sometimes unsymmetrical taper

pads® having different image impedances

o——% . % are used between circuits of different itera-
%R, %R, tive impedances.

Attenuators are made of variable resis-
tors, usually arranged so that they are
varied by a common knob. An attenua-

Ry

- (a) Ts.ecﬁon tor of the configuration shown in Fig. 22
is a symmetrical, balanced device. The
various resistances that an attenuator must

jfg\(r ! *  have can be calculated as just explained for
! each different attenuator setting in decibels.

R, Or calculations can be made at several set-

tings, and curves can be plotted from which

! —— the values at other settings can be obtained.

(5) L section An unbalanced pad commonly used is

Fie. 23. Unbalanced atten- Shown in Fig. 23a. This pad also can be

uators commonly used. designed as just explained. The L-gection

attenuator of Fig. 23(b) is widely used in
unbalanced circuits where the input and the output impedances offered
by the attenuator need not remain fixed. This is an unsymmetrical
device, but it is satisfactory for many purposes. Equations for the
design of this attenuator can be derived in the same way as for the
symmetrical pad.

Propagation Constant of a Transducer. As an electromagnetic
wave, such as an audio-frequency signal wave, travels along a net-
work such as Fig. 6, two important phenomena oceur. First, the mag-
nitudes of the voltage and current at the input terminals will not be
the same as the magnitudes of the voltage and current at the output
terminals. For a network such as Fig. 6 the output voltages and
currents will be less than the input voltages and currents, and attenua-
tion, defined! as “a decrease in amplitude,” will have occurred.
Second, because time is required for a signal wave to travel through a
network, the output voltage will not be in phase with the input voltage,
and the output current will not be in phage with the input current.
Thus, a time delay and a phase shift will oceur.
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The magnitudes of the attenuation and phase shift that occur are
determined by the propagation constant of a transducer, defined?! as
“the natural logarithm of the ratio of the current entering the trans-
ducer to the current leaving the transducer, when the transducer is
terminated in its iterative impedances.” This definition applies to
symmetrical networks; corresponding definitions for unsymmetrical
networks will be found in reference 1. The propagation constant is
usually represented by y and is a complex number. By definition,?
the real part of the propagation constant is the attenuation constant
(usually represented by %), and the imaginary part is the phase
constant (usually represented by B).

%2, %2,
1 —_ —_— 3
L 1,
>
ZZ lIl_IZ <EZKT
2 4

Fi1g. 24. Circuit for determining the propagation constant of a transducer.

If the current entering the network of Fig. 24 is I and if the
current leaving the network is Iy, the current through the shunt ele-
ment will be I; — I,. It can be written that

(Iy — 1) Zy = Iy (3Zy + Zgv)

and that
Z VA 72
7 31+Z2+ZKT 7 ‘2—1+Z2+\/Z1Z2+‘i‘
1 1
L and A= 57
Is Zs W T Zs > (67)

when the value of Zgy from equation 45 is substituted. From the
definition for propagation constant,

Z Zy?
D4 7+ 72 +
Zs

Z 1 (Z
—1 B S B O =
cosh <1 + 2 Z2> 2 sin 27,

v = log, — = log,

(58)

1l
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The mathematical proof of these relations is given in detail in reference 5, on
page 123, and in appendix C, from which the following has been taken:
Assume that U = 1 + (Z1/2Z,). Then, equation 58 may be written

v =log, (U + VU — 1) = cosh™! U. (59)
From fundamental mathematical relations,
sibhx = % (& — ¢ ), and cosh z = 3 (¢ + ¢7%).
Then, from equation 59,
U =coshy =3 (7 +¢). (60)
UP—1=3 @+ —1=5 (P -2+ =5 (0 —)?
UV =1 =3 @ + e 3@ —em=e
Hence,
log, (U +VU? — 1) =log, & = v = cosh™! U,

and when the value U = 1 + (Z1/2Z,) is substituted, the first hyperbolic term of
equation 58 is proved.

7

The proof that v = cosh™ U = 2 sinh~!

is as follows:

From equation 60,

U-1
U =coshvy = % (" +€7), or 2 =

(& — 2 + &),

U—-1
; h‘l\/ .
2 sin 2

When the value of U is substituted, the last part of equation 58 is proved.

[N

Then,
U-—-1
2

1l

L
=1 (72 — /%) =sinh~ and «
2 2

Electric Wave Filters. A filter is defined?! as “a selective network
which transmits freely electric waves having frequencies within one
or more frequency bands and which attenuates substantially electric
waves having other frequencies.” Electric wave filters were invented
by Campbell, a contribution of great importance.

Many types of filters are used in practice,4 3 7 but it is feasible to
consider only the simplest structures. These will be composed of
inductors and capacitors only, so that they may transmit freely over
certain bands of frequencies. The assumption is made that the in-
ductors and capacitors are lossless, and that no energy can be dissipated
within the filter. The treatment will be confined largely to ladder-
type structures, such as the equivalent T and = sections of Fig. 6.

Of great importance in filter design is the width of the transmitted
band of frequencies. There are several ways of determining this, two
of which will now be given.
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Transmitted Bands from Propagation Constant. As shown by
equation 58, the propagation constant for a T section such as Fig. 24 is
v = 2sinh™ 3V'Z,/Z,.  Since the clements of a filter are assumed to
be without resistance and to cause no energy losses, Z; and Z, must
be pure reactances. Accordingly, the ratio Z;/Z, must have an angle
that is either 0 or 180°; that is, the ratio must be a real positive
quantity, or a real negative quantity, but cannot be complex. For
instance, if Z; and Z, are both inductors with negligible resistance,
the ratio Zy/Z, will have a zero angle; if Z; is inductive and Z,
capacitive, then Z;/Z, will have an angle of 180°. The effects of
these different ratios of Zy/Z, on the propagation constant will be
considered now.5

Case I. When Z,/Zy s positive. The propagation constant y is
composed of a real and an imaginary term; that is, y = a + jB.
When Z,/Z, of equation 58 gives a zero angle, y is a real number
since the jB8 part becomes zero. There will accordingly be undesired
attenuation in the filter for all positive values of Z;/Z,.

Case II. When Z{/Zy s negative and less than —4. If the ratio
Z1/Zy has an angle of 180° it is negative in sign; and, therefore,
N7\ [Z, of equation 58 has an angle of 90° and both INZ1]Z,
and y are pure imaginaries. Equation 58 can be written

sinhg = ginh (‘—x +]—6> = l\/é- (61)

2 2 2NZ;

From hyperbolic trigonometry, sinh (z + jy) = sinh z cos y + j
cosh z sin y. Thus,
1 |7,

sinh (g —l—jg) = sinhi;(cosg—{—jcoshgsing7 =3 —Z—; (62)
Since it was previously shown that V' Z;/Z; and y are pure imagi-
naries for the case being considered, then the real part of equation
62, that is, sinh «/2 cos /2, must be zero. For this to be true, either
sinh «/2 or cos B/2 must equal zero. If sinh «/2 =0, then
cosh /2 =1, because of the numerical relations between these two
hyperbolic functions. When these relations exist, equation 62 becomes

1 1 Z 1 Z
jsinﬁ/2=§,/%:sin§ =§‘/ —Z—;:andﬁ=2sin‘1§‘/—2§; (63)

therefore,

1 A
- o1 | 41
v=0+72sin 2\/ Z (64)
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If Z,/Z, is greater than —4, then 3v/—Z1/Z2 would exceed 1, and
equation 63 cannot hold because the sine of an angle cannot exceed
unity. Thus, from equation 64 a filter will transmit without attenu-
ation when Z,/Z, is negative and less than —4 in magnitude.

Case I1I. When Z1/Z5 is more negative than —4. For values of
Z1/Zs more negative than —4, the real part sinh «/2 cos 8/2 of equa-
tion 62 can be made zero by cos 8/2 = 0. At the values cos /2 = 0,
sin 8/2 = 1. Thus the angle 8/2 must be some odd multiple of
90° to give these zero and unity values. Expressed in terms of radians
(90° = »/2 radians),

g = @K -1DT and g= (K - D, (65)

where K is any whole number. This relation must hold to give

cos 8/2 = 0 values.
When cos /2 = 0 and sin 8/2 = =1 are placed in equation 62,

this becomes
o 1 Z4
h— =~ [—_ 66
cos 5= 3 Zs (66)
From this relation

1 [z 1] _Z |
g=cosh—1§ —Z—;, and a=2cosh_1§\/—2;' (67)

Then, from equations 65 and 67, the propagation constant becomes

‘y=2cosh_11\/—é+j(2K - 1) (68)
2 Zs

This relation shows that, for negative values of Z,/Z, greater than —4,
the filter will offer attenuation.

From the foregoing, it appears that a non-dissipative recurrent strue-
ture of the type shown in Fig. 4 having series impedances Z, and shunt
impedances Z, will pass readily only those signals of frequencies such
that the ratio Z,/Z, will lie between zero and —4. The values of Z,
and Z, depend on the frequency because in filters Z; and Z, are in-
ductors and capacitors.

Transmitted Band from Iterative Impedances. The frequencies
transmitted by a filter can be determined from the iterative impedances
of the filter sections by the following method. Assume that a resistance
load is connected to a source through a filter composed of inductors and
capacitors having negligible losses. Then, the filter ttself cannot absorb
power.
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Now suppose that a frequency X
1s chosen such that the iterative 2000 | R
impedance of the filter is purely o 1500 l ! oo
resistive. At this frequency, the :me Resistance| / | | Frequency |
source will send power to the & [ A ;’1000 Cycles
filter, and, since the filter can- 500 =] \,L

. | _Frequency -Cycles per Second \|__

not absorb power, it must reach g | 1400 600|800 | NI
the load. 5 ‘[T 100012001400

Next assume that at a dif- 500 Reactance\ !
ferent frequency the iterative ¢ 1R
impedance of the filter is purely § z

- . QU

reactive. This prevents the =Z1500 7
source from sending any power 2000 AR
into the connected cireuit, and ‘

thus no power reaches the load . .

t this frequenc From these Fre. 25. Approximate resistance and
a S q Y. = reactance components of the iterative im-
facts it may be concluded that pedance of a typical low-pass filter.

a filter will transmit without
attenuation those frequencies for which the iterative impedance Zg
is resistive (Fig. 25).

The iterative impedance given by equation 45 is

Zxr = VZZy + 2%+ = NV Z1(Zy + Z,/4).

For unattenuated transmission this must be a positive real number to
be resistive. This equation consists of two parts: X, = Z; and X, =
(Zy + Z;/4). Thus, Zgr = VXX, Pure reactances only are being
considered; and for Zgr to be positive, if X, represents inductive
reactance and is + jN,, then X, must be capacitive reactance or —jX,,
and vice versa, within the band of frequencies transmitted. TFor these
relations Zgy = V' (+jXa) (—jX3), and Zxp will be positive. To
satisfy these conditions, Z, must be, first, the opposite type of reactance
to Zy, and second, greater in numerical value than Z;/4. Or, in other
words, the ratio Z;/4Z, from equation 45 must lie between 0 and —1
for the frequencies to be transmitted, as shown in Fig. 26.

“Constant-k” Filters. Constant-k filters are sometimes used by
themselves, and sometimes as a basis for the design of the other types.
In the constant-k filter, Z; and Z, are inverse elements; that is, if Z4
of Fig. 24 consists of inductance, then Z, must consist of capacitance.
That is,

Z1Zy = k2, (69)

where k is a constant independent of frequency. Because of the fact
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that the other filters are derived from it, the constant-k filter is known
as a “prototype.”

/Attenuation Transmission Attenuation
% S
47, 7
-1 0 +

Fi1a. 26. Relations of Z; and Z, for unattenuated transmission.

Low-Pass Filter. A properly terminated low-pass filter with no
power losses in the elements will pass, without attenuation, signals of
all frequencies from zero up to a critical cutoff frequeney, and will

attenuate signals above this fre-

z, quency. Three sections of a low-
| L, "L | L L | L, 1, | Dass filter are shown in Fig. 27.
2 2 2 2 | 2 2 These will pass signals of such
| frequencies that Z{/Z, lies between

| | 7 } 0 and —4.
: czT ! CZT 2| CzT | In Fig. 27 the series impedances
% | % | are Z; = jolL,, and the shunt im-

|

oneT__| ' % edances are Z, = 1/(joC,).
r_segteion_)' | b 2 o2

F1e.27. Three constant-k low-pass

Then, ZI/ZZ = (j(uLl)(]u)Cz) =
—w2LCy. When Z,/Zy = 0, the

filter sections. lower cutoff frequency is found;

thus, since o = 2«f, Z,/Z, =

—w2LCy = —(2xf/)2L,Cy = 0, and f/ = 0. When Z,/Z, =

—0,20,Cy = — (2xf)2L;Cy = —4, then the upper cutoff fre-
quency is

PP
7wV LiCq

The low-pass filter will accordingly pass currents of all frequencies
from direct current (f = 0) up to the value given by equation 70.

The variations of the iterative impedances of T and = low-pass filter
sections will now be investigated. From equation 45,

12, il 1 jwly
Zxr \/Zl 2 [ T Zz] jwCy TiTT
JwClsy

_ [u M_\/E _(f)Z,

(70)
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when —o.2L,Cs = —4 and o,/ = 2=f,” are substituted. This equa-
tion gives the iterative impedance of the low-pass T section of Fig. 27
at any given frequency ratio f/f;””. By a similar process it can be
shown that, for the = section, equation 46 becomes

ljwli
VZiZy JwCy

Zxr = 12, 1 jol
Jwisq
1 ! 14 -1
\/ +4Z2 Ti ]
JuwCy
VLG VLG

(72)

=\/1 —%w2L102—\/1 _<f>2.
fc,/

The equations for these two impedance curves are shown plotted in
Fig. 28. They show that, for f = 0,

Zx = V'Li/Cs, (73)

for both the T and the = sections. They further show that the impe-
dance values then diverge and that at the value f = f.”/ (that is, at the
cutoff frequency) Zxr = 0 and Z g, = . It is common practice to
design a low-pass filter so that the iterative impedance Zx computed at
f = 0 and given by equation 73 equals the impedance of the line in
which it is to operate.

It is now possible to derive the design equations for low-pass
filters. The upper cutoff frequency was found from the relation
—w2LCy = —4. If 2xf” is substituted for o, this relation can

be arranged Ly/Cy = (2nf.’L1)2/4. But Zg =/L1/Cs, and thus
Zx = «f)'Ly and Ly = Zg/(xf.'") henrys. (74)

Therefore,

/Z / (xf.") 1 1
Zg = Lg;f——’ Zg = ch,,cz’ and C, = mfarads. (75)

Using these two equations, simple low-pass constant-k filters can be
designed as will be illustrated.

Suppose that it is desired to construct a low-pass filter having an
iterative impedance of 600 ohms and a cutoff frequency of 1000 cycles.
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From equation 74, L; = 600/(3.1416 X 1000) = 0.191 henry, and
from equation 75, C, = 1/(3.1416 X 1000 X 600) = 0.000000530
farad or 0.53 microfarad. That is, the series element Z; of Fig. 27 must
be 0.191 henry inductance and the shunt element Z, of Fig. 27 must be
0.53 mierofarad capacitance.

W TTITTTTIL
n ZK7r (calculated) 4 / \ oy
E ey
£ 800 ZK 1 (measured) ” 17 \ :é,
8" L fonre! l =
% ~
2 Zg 1 calcutated) . |3
& NN
0
™\ X
'é’ 400 Zgy (measured) \ZKT (calcutated)
: INER==—c
@ e ~
2 800 | 1 .
"g /
8 [/
o 1200
:.g / ] Zgr (calculated
8 [ 1/
S1600 ¢
8 {
1
2000 1
1

0 200 400 600 800 1000 1200 1400 1600
Frequency, cycles

F1c. 28. Theoretical curves are shown by broken lines for lossless low-pass constant-k

filters. These are plots of equations 71 and 72 for 600-ohm filters having the

values calculated on this page. The solid curves are the resistance and reactance

components as measured on an actual = section having the values calculated on

this page. The measurements were made with an impedance bridge, and the
impedance found from the relation Zx = V ZcZge.

The filter section can be connected either as a T or as a = section.
If connected as a T section, two induectors each having an inductance of
0.191/2 or 0.0955 henry, and one capacitor having a capacitance of 0.53
microfarad, will be required. If connected as a = section, one 0.191-
henry inductor and two 0.53/2 = 0.265-microfarad capacitors will be
needed. These relations will be evident from Figs. 4, 5, and 6. It
should also be noted that

T - \/ 0.191

= h . 1 '
3700000053 ~ 000 obms (approximately)
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Of particular interest in filter studies are the iterative impedance
that has been considered, and the attenuation and phase shift that will
now be treated. If the filter elements are pure reactances, the attenua-
tion will be zero for frequencies within the band passed and will be as
given by equation 67 for frequencies beyond the band passed. For the
low-pass filter of Fig. 27,

1 Z 1 127 L
a=2cosh‘1—\/——1=2cosh_l— /—iﬂ'—fl— =

oN " 7, 2 \/ 1
J oniCy

2 cosh™'4V/ (2xf)?L,C; = 2 cosh™ % )

[

(76)

when the value given by equation 74
is substituted for L, and the value
given by equation 75 is substi- 24 y
tuted for Cy. Thus, at 2000 cycles /A
the attenuation of the low-pass filter
under consideration will be a«=
2 eosh—1 (2000/1000) = 2 cosh—1 2,
and « = 2 X 131 = 2.62 nepers,
the wvalue 1.31 being determined
from a table of hyperbolic functions.
The corresponding loss in decibels is
db = 262 X 8.686 = 228 decibels.
The dotted curve of Fig. 29 was com- 4
puted in this way. The solid curve

of Fig. 29 was measured on an actual oo o =y
filter section, the elements of which N¥38R §
had some loss. For methods of cal-
culating the attenuation in which

28

N
o

,_.
[o)]

Cutoff frequency
™.
N
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™
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o]
~
™~

-_15

|

(9]
o
o
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o
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Measured ~4

1400
1600
1800
2000

Frequency,

Fic. 29. Attenuation curves as cal-

the losses of the filter elements are
considered, reference 4 should be
consulted.

If the elements of a low-pass filter
are pure reactances, there will be a
varying phase shift over the band
passed, and a constant phase shift

culated using equation 76 and as

measured. These curves are for

one = section of the constant-k low-

pass filter calculated on page 170.

Small variations in the measured

values below cutoff have been neg-
lected.

of 180° beyond the band passed. From equation 63, and for the low-

pass filter,

1 ’ Z
B=2sin_l§ —Z—;=2sin

, 77)
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when the substitutions as in equation 76 are made. Thus, for the
low-pass filter under consideration, and at 500 cyecles, 8 = 2 sin—1
(500/1000) = 2 sin~! 0.5 = 60°. The dotted curve of Fig. 30 was

200

180

N

160

Measured —

S

140

I~ Calculated

Ty
=~

120

100

0]
[=]

Phase shift, degrees

D
o
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H
o
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o
™,
A

BN
Cutoff frequency

o

0
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o
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o O 9O O
8000
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Frequency, cycle
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F1e. 30. Phase-shift curves for one = section of a constant-k low-pass filter as cal-
culated by equation 77, and as measured with a cathode-ray oscilloscope. The in-
put voltage was impressed on one set of deflecting plates, the output was impressed
on the other set, and the phase angle was determined from the resulting figure.

(Page 310.)

computed in this manner, and the solid curve was measured on an

Z)

Frequency —
T A——

\

- Reactance +

Fig. 31. Reactance curves for
a low-pass filter.

actual filter section, the elements of which
had some loss. The phase measurements
were made with a cathode-ray oscilloscope
(page 309).

The transmission and attenuation bands
of low-pass filters can be determined from
simple reactance sketches as in Fig. 31.
Thus, if curves for Z; (equals 2xL;) and
—4Z, (where Zo, = 1/(2fC5)) are plot-
ted as indicated, the transmission band T
will occur where Z; lies between the fre-

quency axis and the curve —4Z,, and the band 4 where Z, lies with-
out curve —4Z, will be attenuated.

High-Pass Filters. Such

a network freely passes all signals above

a certain critical or cutoff frequency and greatly attenuates signals
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below this frequency. Three T sections of a constant-k high-pass filter
are shown in Fig. 32.

In the high-pass filter Z; = 1/(jw(C,), since the condensers 2C,
are in serics, Zo = joLs, and the ratio of these two impedances is
Zy/Zy = —1/(w2LyC¢). From the general filter theory, the frequency

G c1 c,l

26, |
H

L

== |
! | Lo
Zy : L, | 2 |
) |
4 —
1 leOneT | $|
sectlon |
F1c. 32. Three high-pass filter sections.
band passed will lie between Z,/Z, = 0 and Z,/Z, = —4. When
the first value is substituted, Z{/Zo = —1/(02C{Lsy) = 0, and

fo/ will be infinite. When the second substitution is made, then
—1/(w2LyCy) = —4, and

1=

A/ L0,

Thus, the high-pass filter of Fig. 32 will freely pass all frequencies
between f, and infinity and will greatly attenuate all frequencies
below f..

The iterative impedance equations for the T section of Fig. 32 are
found in the same general manner as for the low-pass filter. From
equation 45,

(78)

1

_ 1 1 juCy
Zrr = \/Z‘Z2[1 + 422] \/<.7 )(J“’L2> L ey
_ L fc’ :
JJ 4&1,201 B p (79)

In a similar manner the iterative impedance for a =« section is found
from equation 46 to be

_ VLG o)

G
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As equations 79 and 80 indicate, Zx varies with frequency in both the
T and the = sections (see also Fig. 33). TFor both types of sections,
Zg = \/L2/01 at f = . For the T section, Zgp = 0 at the cutoff
frequency; and for the = section, Zx, = « at the cutoff frequency.

800

T N
Z Kr (calculated)\\
> i S

600 5
» 2 _
L
E:,; 400 % '// ZgT (measured)
g S| /1
(743
D
& 200 1

1 Zgr (calculated)
0 |
ZKT(measured)

£ /i
5 200 —\ h
o
é 1
':%400 \\ /"IZKT(calculated)
2 [ /
3 600 4
3 fi
© ZK7r (calculated)

800 72/

0 500 1000 1500 2000 2500 3000
Frequency, cycles

F16. 33. Theoretical curves are shown by broken lines for lossless high-pass constant-
k filters. These are plots of equations 79 and 80 for 600-ohm filters having the values
calculated on page 175. The solid curves are the resistance and reactance com-
ponents as measured on an actual T section having the values calculated on page 175.
(See explanation accompanying Fig. 28 for method of making measurements.)

The iterative impedance used for high-pass filter design is at f = «;
hence, for both the T and the = sections,

Zg = VLy/C. (81)

The design formulas are now easily found. Since Zg = \/L2/Cl,
1/(w?LyCy) = 4, and Lg/Cy = 4w, Lo% then Zg? = 4w.2L,°%, and there-
fore

Ly = Zg/(2w:) = Zx/(4xf,) henrys. (82)
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The value of C; can now be readily found as follows

Ly  4xf./ 7k 1
— &, 272 _ e _ A0y = —
Zr =Ng, 28 =0 = or T a4 O = g 83

To consider a typical case, suppose that it is desired to design a high-
pass filter to operate between circuits of 600 ochms impedance, and to
cut off at 1000 ecycles. Then, L, = 600/(4 X 3.1416 x 1000) =
0.0477 henry, and C; = 1/(4 X 3.1416 X 1000 x 600) = 0.000000132
farad or 0.132 microfarad. If Zg were desired, and L, and C; had been
given, then Zg = V/Ly/C; = V0.0477/0.000000132 = 600 ohms, ap-
proximately. As shown in Fig. 32, two capacitors of 2C; and an in-
ductor L, would be used for a T section. For a = section, two in-
ductors of 2L, and one capacitor of C; would be used.

The attenuation of a constant-k high-pass filter can be calculated from
equation 67. Thus,

1 Z 1
a=2 cosh_1§ _Z—; = 2 cosh™! 5
= 2 cosh™! l\/—l— = 2 cosh™ = (84)
h 2V (2nf)°LsC, 7

when the value given by equation 82 is substituted for Ls, and the
value given by equation 83 is substituted for ;. At 500 cycles, for
the high-pass filter under consideration, @ = 2 cosh™ (1000/500) =
2 ecosh™ 2, and « = 2 X 1.31 = 2.62 nepers, or 2.62 X 8.686 = 22.8
decibels. The dotted curve of Fig. 34 shows calculated values of at-
tenuation for the filter under consideration (assumed to be composed of
lossless elements), and the solid curve shows the attenuation measured
on an actual filter, designed as explained in the preceding paragraph.

The phase shift of a constant-k high-pass filter can be found from
equation 63

1 Z .
g8 = 2sin™! oV~ Z_; = 2sin™! J—rf— » (85)

when the same substitutions as in equation 84 are made. For the
filter under consideration, and at a frequency of 2000 cycles, 8 =
2 sin~1(1000/2000) = 2 sin—1 0.5 = 60°. The dotted curve of Fig. 35
shows calculated values, and the solid curve shows values measured
with a cathode-ray oscilloscope.



176

ELECTRIC NETWORKS

As for the low-pass filter, an analysis of the characteristics of a
high-pass filter can be made from simple reactance sketches as in

Fig. 36. 1In this figure Z, = 1/(2=fCy)

60

\
\\,/- Calculated
40 \

\

N

\Y
N\
20 N

7

Attenuation, decibels

74

/_~ [Cutoff frequency

Measuredd”
0 |
0 500

1000 2000

Frequency, cycles

1500

Fre. 34. Attenuation curves as calculated,

using equation 84, and as measured. These

curves are for one T section of the constant-k

high-pass filter calculated on page 175. Small

variations in the measured values above cutoff
have been neglected.

an infinite impedance.

and Z, = 2xfL,, giving the
curves positions different
from Fig. 31. Transmission
will oceur for such frequen-
cles that Z; lies between
—4Z, and the frequency axis
as indicated.

Band-Pass Filter. This
filter is designed to pass a
given band of frequencies,
and to attenuate all other
frequencies. A band-pass
filter of the eonstant-k type
is shown in Fig. 37. The
arm Z; is resonant for some
frequency f., and Z, is anti-
resonant (page 65) at this
same value, At the reso-
nant frequency f,, Z; offers
zero impedance and Z, offers

Although more generalized structures are

possible,® 3 only the simple “confluent” band-pass filter passing

200
160
9 |
L \\
¥ 120 \
2 \
&£ \
% \\/- Calculated
g 80 = \ <
< %) \
= = N,
Q. g & ~
0 £ M ?K
|| E easure o S
3
0 o l l
0 1000 2000 3000 4000 5000

Frequency, cycles

Fia. 35. Phase-shift curves for one T section

of a constant-k high-pass filter as calculated by

equation 85 and as measured as explained for
Fig. 30. Constants calculated on page 175.

only one band will be con-

sidered. In this structure,
LlCl = chz.

| Frequency —»

Reactance .

N
-

-42,

F1c. 36. Reactance curves for
a high-pass filter.
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2 —
For the filter of Fig. 37, Z; = j(le - —1—> =37 (—w—Ll—Cl——ﬁ:
wCy wCy

1 L
and Zp =j = j( 22 > The ratio Zi/Z» (when
1 C 1 — W LzCz
e

wLy
LC, = LyCs, and Ly = L;C,/C, are substituted) is

é _ (w2L101 - 1)2 _ (w2L101 - 1)2
Z,  —’LCy, o 1nCi®
—?
Cs

(86)

Z,

LAY TS T T
cz-,- L, }zz -[
T 7?1

[ | 1

F1c. 37. A band-pass filter of the constant-k type.

M

"

A network of this general type will pass frequencies between Z,/Z, =
—4 and Z,/Z, = 0. Accordingly, equation 86. becomes

(wchICI — 1)2 1 1 1
—_—_— L =4 d e = 4 ’ + . 87
wc2L1C'12 A @ Llcl + L102 V L102 ( )

Cy

As equation 87 indicates, an upper and a lower cutoff frequency are
obtained; that is,

w1 1 1 1
Jo© = 2m <\/L101 + L,C, + VLIC2) I
- [ (88)

and

1 1 1 1
fc, =5 + - 'J
2r\VLiC,  LiC: 1,0,

These cutoff points were found by Z;/Z; = —4. When the ratio
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is equated to zero,

é _ (w62L101 - 1)2 _

= = 0.
Zs _w02L2CI
Then, (89)
1 1 1
W, = and f, = = ,
V L101 2wV L101 27V L2C2

since L;Cy; = L,C,. This is not a true cutoff frequency,4 but lies at
the middle of the band passed. It is the frequency for which the series
arm is resonant and the shunt arm antiresonant as previously con-
sidered. In a generalized filter there are two bands passed; but with
L,Cy = LyC, these two bands “flow together” and the filter is of the
stmple confluent type. 1If the two expressions of equation 88 are sub-
tracted,

since [yCy = LyCs. Then,

Ly = = (90)

Cl 17 7 W(fC” - fC,) ’
W\/L:z (f" — 1)

where Zx =V Ls/Cy = V'Li/Cy and is the iterative impedance taken
at the resonant frequency. By making similar substitutions,

¢ =1 (f"" = 1)z« 1
= o 77 ’ 77— and Cy = 77 7
dnf. fo Zx arf. fe 7r(fc —f )k
As an illustration of the design of a simple confluent constant-k

band-pass filter, assume that it is desired to construct a filter such that
Zg = 600 ohms, f,” = 900 cycles, and 1. = 1100 cycles. Then,

600

Cy Ly = - (91)

L= = 0.955 h
1= 31416 (1100 — 900) 2 fenry,
(1100 — 900) 600
= - 0. henry:
Le = 5116 % 900 x 1100 — 00965 henry;
(1000 — 900)
c, = — 0.0000000268 farad
17 4 X 31416 x 900 X 1100 X 600 0268 farad,
1
Cy = 0.00000265 farad.

~ 3.1416 (1100 — 900) 600
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The values here computed are for the entire series and parallel arms of
Fig. 37. If a T scetion is desired, it should be constructed as indicated
in Fig. 38. Also, the values for a « section may be readily determined.

0.0536 477 477 0.0536

o—-—-—) I——-o

9.65 2.65

O -0

Fic. 88, A T section of a band-pass filter. Capacitance in microfarads.
Inductance in millihenrys.

The attenuation curve for a band-pass filter of this type would be ap-
proximately as shown in Fig. 39.

The pass bands can also be computed by reactance sketches* 9 as
in Fig. 40. This sketch is not for the simple confluent type just con-
sidered. It will therefore be noted

that —4Z, values determined by the 60
parallel or antiresonant circuit do not N
pass through infinity at the same ;350
point that the Z; curve determined § 40 \
by the series elements passes through ©
zero. The two transmission bands T §3° 7
and T” are accordingly not confluent 3, [
and, as the diagram indicates, exist g I
separately. This figure represents a 10 I
double band-pass filter. 0 N
The Bar'ld-Elim'inatio.n Filter. A orfeqze:cys_ &%égrgdiso?c?cgs u
filter of this type is designed to pass
freely currents of all frequencies ex- ~ FI16. 39. Attenuation curve for

three constant-k band-pass filter
sections such as Fig. 38. Termi-
nated in 600 ohms resistance.

cept those within a definite band.
Three sections of a constant-k band-
elimination filter are shown in Fig. 41.
By comparison with the band-pass filter,

. le . w2L202 - 1)
& ‘J<1 —w2L101>’ & ”( oCy )’

Zl w202L1
Zy (1 — W LC))?

and
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since, for the constant-k filter, L;Cy = LyCy. A filter of this type will
pass all frequencies such that Z,/Z, will lie between 0 and —4. Thus,
wc2L102

- (1_—%211101—)2 = —4, the solution of which is

1 ( 1 n 16 N 1 > 92)
W = = .
4 LoCy - LiCy VL0

+

Reactance

F1c.40. Reactance curves for a non-confluent double band-pass filter, passing the
two bands T and T’. This figure is not for the filter of Figs. 38 and 39.

T

)
£

| |
? :
|
g g
|
|
| l
|
i
|

Fia. 41. A band-elimination filter of the constant-k type.
Two cutoff frequencies are obtained,

. 1< \/ 1 16 1 ) |
c = 5 + +
f 8w L201 LlCl L V4 L201
and (93)

f,_i<\/1 L6 )|
¢ 8r\VL:Cy  LiCy VL, J

To find the upper and lower frequency limits, the impedance ratio
is equated to zero. Thus, Z;/Z; = —w.2C3Ly/(1 — w.2L,Cy) = 0, and
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from this, two values w, = 0 and w, = « are obtained. From these two
relations and from the preceding paragraph it follows that the band-
elimination filter will pass all frequencies from zero to f. cycles per
second, will attenuate all frequencies from f. to f.”’, and will pass all
currents having frequencies between f,'’ and infinity. This filter then
eliminates the band f.” to f.””.

The method of finding the design equations is similar to that used
for the band-pass filter. If the two expressions of equation 93 are
1

47V LzCl
the constant-k filter, L1Cy = LoCs and Zg = VLy/Cy = V' L/C,
this equation can be solved for Cy, and

_ 1
(£ — 1k

subtracted, it will be found that (f,”" —f.) = Since, for

Cy farads. (94)

1 1
2V 0, 20V L0y

these relations and the equations just obtained, it can easily be shown
that

Infinite and zero values occur at f, = Using

ZK (fc/, - fc/)ZK
=" h == h
Lo 47r(fc” 7 enrys, I ch/fc” enrys,
and (95)
(fc“ - fc,)
Cy = ———— farads.
2 rfc,fc”ZK araas

Calculations for the various induetors and capacitors for a simple
band-elimination filter are made from equations 94 and 95.

Composite Filters. The constant-k filters discussed in the preced-
ing pages are satisfactory for some purposes, but the rigid requirements
of modern communication have made necessary filters with better
characteristics.

From Figs. 29 and 34, it is seen that the attenuation offered by
constant-k filters increases gradually beyond the cutoff frequency.
Filters are needed that offer very high attenuation close to the cutoff
point. Thus, the attenuation characteristic of the constant-k filter is
one factor limiting its use.

As shown by Figs. 25, 28, and 33, the iterative impedance of con-
stant-k filters varies widely with frequency. It follows that a
constant-k filter would offer a poor termination to transmission lines
and telephone equipment. Thus, the tmpedance characteristic is
another factor limiting its use.
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1—-m?

4am Ll

C, Low-pass filters
T T

Prot(;type m-Deri\'/ed type
[ C
2¢, 2¢, 2% 25

SF——i ——i
_L 4am c
1=-m2 ™1

L, % High - pass filters _f_:_
Prototype m - Derived type

Fic. 42. Mid-series constant-k, or prototype, filter sections, and corresponding
m-derived sections.

For these reasons, composite filters, rather than constant-k filters,

m=0238] _~Fm=0.600
rfm= 4187-\—
SIL T N\2=125
g V a=11 [~ m=18 —
=z 2=1.03 3= m=( 500
m=0413 T
=023 | 1

10 11 12 13 14 15 16 17 18 19

Cut-off —;"for Low Pass T‘for High Pass
Frequency ' .
{=Frequencies after Cut-off,
fe or f¢

F1c. 43. Variations of attenuation with
frequency ratios for m-derived and
constant-k sections (m = 1.0).

are often used. These composite
filters usually consist of con-
stant-k sections terminated with
m-~derived half sections. Com-
posite filters ean be made to have
very high attenuation close to the
cutoff point, and to offer a uni-
form 1terative impedance over the
band of frequencies transmitted.

m-Derived Sections. Struc-
tures known as m-derived seec-
tions have good impedance
characteristiecs and sharp cutoff
frequencies. In Fig. 42 are shown
T, or mid-series, sections, and as

explained in the preceding section m-derived and constant-k sections
are used together to make composite filters.
These m-derived sections have attenuation characteristics shown in

Fig. 43.

It will be noted that both m and a are shown on these

curves, the relation between these two quantities being as follows

m=v1-1/a®, and a = 1/V1 — m?

(96)
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where

o = L= (LP. fiter), and ]{— (ELP. filter). (97)

Jfe

In this relation f_ is the frequency at which the attenuation of the
m-derived section reaches a theoretical value of infinity (Fig. 43), and
fo is the cutoff frequency of the constant-k prototype, that is, the
constant-k section to which the m-derived section is related by the
factor m. Referring to Fig. 42, if m = 1.0, the derived sections become
the constant-k prototype.

Impedance Relations in m-Derived Sections. The iterative im-
pedance of a low-pass constant-k T section is given by equation 71,

and is
SN 5 P e

where Zg is the iterative impedance at zero frequency as given by
equation 73. For the m-derived section of Fig. 42, equation 98 also
applies. (See page 193 of reference 5.) The significance of this is
that m and a do not appear in equation 98, and hence the midseries
iterative impedance of an m-derived low-pass filter having any value of
m or a is the same as the mid-series iterative impedance of the con-
stant-k prototype. Thus, a low-pass m-derived T section can be
connected to its constant-k prototype T section without an impedance
mismatch occurring at the junction for any frequency.

As has been mentioned before, constant-k sections have poor itera-
tive impedance characteristics, and m-derived sections are used to
remedy this. But, the preceding paragraph brings out the point that
the midseries iterative impedances for the prototype and the derived
sections are the same. Thus, it becomes necessary to investigate the
midshunt iterative impedance characteristics of = sections. The mid-
shunt iterative impedance of a low-pass m-derived = section is (see

page 209 of reference 5)
Y
Zx [1 B (afc”>

2

=)
c

It is important to note that a, the ratio f_/f., enters this equation

and to recall that ¢ and m are related as shown in equation 96.
Thus, the midshunt iterative impedance of an m-derived low-pass

Zxe = (99)
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filter section wvaries with the value of a or m, as shown in Fig. 44.
From this figure it is seen that if m = 0.6 the midshunt iterative im-
pedance (that is, the iterative impedance of an m-derived = section) is
substantially constant from zero frequency to cutoff frequency.

It also can be proved that the cutoff frequencies of m-derived sec-
tions and their prototypes are identical. (See page 193 of reference 5.)
It will be noted that Figs. 43 and 44
apply both to low-pass and high-pass

32 ]
30 [ filters.
gg | The characteristics of constant-k sec-
24 / tions, m-derived sections, and their uses
22 in composite filters, will now be sum-
“fg a=101 m=0.138[] // o marized. (A) Constant-k sections have
816 "'116‘;3 m""()"a'iia‘ /Ate!l  poor iterative-impedance characteristics
a=1. =0. K
R e “X1"] as shown by Figs. 25, 28, and 33. (B)
_:g \ Constant-k sections do not have sharp
08 ‘ \ cutoff characteristies as shown by Figs.
> [a=1.25 m=0.600 \ .
0.6 _750 m=0745 \ 29 and 34, but they do have high attenu-
g; ot BT ation at fregue.ncies considerably beyond
I cutoff as indicated by these figures.

00 0.10.20304050.607080910

Frequency Ratio

Fra. 44. Variations in the
iterative impedance Zg, for vari-
ous filter sections with respect to
the impedance Zg at f = 0 for
the low-pass filter and f = =
for the high-pass filter. Fre-
quency ratio f/f,”" for low-pass
filters, and f.'/f for high-pass
filters.

(C) The midseries iterative impedance
of an m-derived T section is the same,
for any value of m, as the midseries
iterative impedance of its constant-k
prototype; hence, m-derived T sections
of any value of m or a and constant-k
prototype T sections can be connected
together without reflection loss at the
(D) The midshunt iterative

junction.
impedance of an m-derived = section is
determined, at any frequency, by the values of m and a; hence, values
of m and a may be selected such that very good iterative impedance
characteristics can be obtained. (E) The -cutoff frequencies of A
m-derived and constant-k prototype sections are the same; however,
the m-derived section has theoretically infinite attenuation at a fre-
quency determined by a and m.

Based on these facts, composite filters are constructed as follows:
Sufficient constant-k T sections are used to give the desired attenuation
considerably beyond cutoff; three such sections will provide sufficient
attenuation for most purposes. From these prototypes an m-derived
T section is designed, and this is then “split” into two m-derived half
sections, which are used to terminate the constant-k seetions so that
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good impedance characteristics and sharp attenuation characteristics
are obtained. The m-derived half sections are connected so that they
offer midshunt terminations (which vary with m and can be made
nearly independent of frequency) to networks external to the final
composite filter, However, they offer midseries iterative impedances
to constant-k T sections inside the filter, and hence internal reflections
are prevented (Fig. 45).

3.26 567 567 567 567 3.26

567 567
% 103;183 I 0.0632 I 0.0632 I 0.0632 %?'O o
. 01
—rT—o C—"WIIWO‘\-Q u—tm\llm'\—o n—row:[rm-\-o T

3.26 567 5.67 567 5.67 567 5.67 3.26
(a) Separate units as calculated

8.93 11.34 11.34 8.93

% 130 I 0.0632 I 0.0632 I 0.0632 % 130
0.0183 T I 0.0183
M\-I-_ruw— : PRl

8.93 11.34 11.34 893

(b) Filter with units combined for economical construction

Fre. 45. Illustrating the design of a balanced low-pass composite filter. Inductances
in millihenrys. Capacitances in microfarads.

Design of a Composite Filter. Suppose that a balanced low-pass
composite filter cutting off at 8400 cycles, and with (theoretically) in-
finite attenuation at 10,300 cycles, is desired. This filter is to be used
with lines and equipment having impedances of 600-ohms resistance.
Three constant-k sections will provide sufficient attenuation consider-
ably beyond the point of cutoff.

The m corresponding to an ¢ = 10,300/8400 = 1.225 is, from equa-
tion 96, m = 0.577. From Fig. 44 it is seen that this m will give good
impedance match, and hence one m-derived section can be used to ob-
tain both the infinite attenuation and the good impedance match.

From equations 74 and 75 for the constant-k sections, L; =
600/(3.1416 X 8400) = 22.7 millihenrys; also. €y = 1/(3.1416 X
8400 X 600) = 0.0632 microfarad. For the m-derived sections (see
Fig. 42), mL,/2 = (0.577 X 22.7) /2 = 6.55 millihenrys. The value of
the shunt capacitor is mCy = 0.577 X 0.0632 = 0.0365 microfarad.
Also, (1 —m2)L,/4m = [(1 — 0.5772) X 22.7]/(4 X 0.577) = 6.55
millihenrys.

In the preceding paragraph an m-derived T section was designed.
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Half of this is to be used to terminate each end of the constant-k see-
tions. The complete filter will then consist of the sections of Fig.
45(a). The units would, for economy, be combined as shown in
Fig. 45(b). In the final filter it is of interest to find that the 13.1-milli-
henry inductors and the 0.0183-microfarad capacitors shunting each
end of the filter are tuned to a frequency of approximately 10,300
cycles, the frequency at which infinite attenuation is desired. The
measured attenuation characteristics are shown in Fig. 46.

70
RN
Composite filter L J'\
60
HEREEE A
50 m - Derived sections —-{—”"
3 [T N
£ [ A
g / AR
u%30 AL
£ | A 1Y
20 f (,
| /
10 Constant -k sections— /"
0 HEEN B

Q 2 4 6 8 10 12 14 16
Frequency, kilocycles

F1e. 46. Attenuation characteristics of the composite filter of Fig. 45, and estimated
contribution made by each portion.

Suppose that a very sharp cutoff had been desired, with an infinite
attenuation at about 9240 cycles, giving an a = 9240/8400 = 1.1.
According to Fig. 44, an a of 1.1 or an m of 0.416 would not give a good
termination. Therefore, one m-derived T section of a = 1.1 would be
added internally to the composite filter of Fig. 45. Although in the
previous discussions only a low-pass filter was designed, the procedure
is the same for a high-pass composite filter.

Lattice-Type Filters.? The filters which have been previously con-
sidered were of the ladder type. Campbell developed® the lattice-type
structure shown schematically in Fig. 11. With the lattice structure,
sharper cutoff characteristies are obtainable and greater flexibility of
design is possible. Campbell proved?® that the lattice structure was
as effective in filtering as any symmetrical strueture of inductors and
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capacitors can be made. Attention is directed to the fact that the
configuration of the lattice structure is that of a Wheatstone bridge;
for this reason such networks sometimes are referred to as bridge
structures.

Quartz Crystal Filters.” In the preceding diseussion of wave filters
the inductors and capacitors were assumed lossless. Although this
assumption holds closely for good capacitors, it does not hold for
inductors. These losses cause the actual filter characteristics to differ

from the ideal, especially
L R C

with regard to the sharp-

ness of the curves near the — AW
cutoff frequency. Also, the —_— +—-
losses increase rapidly with e
frequency, and for this and l
other reasons it is difficult
to construct filters using
inductors and ecapacitors
for frequencies above about
50,000 cyecles.

This was one of the im-
portant reasons limiting
the use of carrier telephone
systems to the band just _g
mentioned. Crystal filters, F16. 47. A quartz crystal acts, when associated
together with other impor-  with a suitable electric circuit, as the network
tant developments, have shown above. The reactance characteristics of
extended the upper limit to this circuit‘are shown below. The resistance
millions of cyeles. component is low at the resonant frequency fg

and high at the antiresonant frequency fj4.
The use of quartz crys- (Reference 11.)

tals was suggested® by
Espenschied and has been made practicable by the work19 of Mason
and others. As is well known, crystals of quartz vibrate at certain fre-
quencies but not at others. They are electrically equivalent to tuned
circuits. The @ of a quartz crystal is as high as 20,000 or more.11
The equivalent electrical network and the reactance characteristics
of a quartz crystal are shown in Fig. 47. The inductance L represents
the mass reaction of the crystal against motion (inertia effect); the
resistance R represents the energy dissipation within the crystal; the
condenser ('y represents the compliance?! of the erystal; and €, is the
capacitance of the circuit with the crystal not in motion. As indicated,
there is one series resonant frequency fr and one parallel or anti-

L a

fr fa FREQUENCY ©

REACTANCE
o
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resonant frequency f, of the crystal. For a given crystal, these have
a ratio such that f, is 0.4 per cent higher than f,.11 This ratio can
be reduced and controlled by adding a capacitor in parallel with the
crystal,11 and if the capacitor has low losses, the circuit will retain
a high ratio of reactance to resistance or @. In Fig. 48 are shown
a crystal filter of the ladder type, the corresponding reactance curves,

and the resulting filter

jﬂ"L jalml characteristics.
I—“—I L”._I - Assume that the elements

of Fig. 48 have the charac-
teristics plotted in Fig. 47.
- - For a single pass band, the

series elements are reso-

nant when the shunt unit

is antiresonant. With this

combination, maximum at-
FREQUENCY ®  tenuation occurs when the
shunt crystal is in reso-
nance and when the series
crystals are in antireso-
nance because of the mini-
mum shunt impedance and
the maximum series imped-
ances at this frequency.
When the ecrystals pass
through the antiresonant
frequency f4, the resistance
component of the imped-
ance rises to a high value
ag in the usual parallel

T

o 8

REACTANCE

ATTENUATION

e - ——————

|
|
|
I
]
¥
1
1
i
|
1
I
|
(
I

0

FREQUENCY @

F1a. 48. Ladder-type filter network employing A
only crystals and capacitors, above; reactance eireuit. R
characteristics, center (solid curve is series As was previously ex-
branch and dotted curve is shunt branch), at- plained, the point of anti-
tenuation characteristics, below. (Reference 11.)  resonance f4 is 0.4 per cent
above the frequency of
resonance fr. Thus, the band passed is very narrow. For a 60,000-
cycle carrier, the band would be only 240 cycles above and below the
carrier, giving a total width of 480 cycles, a band too narrow for most
purposes.® Thus, with the ladder-type crystal filter, the band of fre-
quencies passed is always less than 0.8 per cent of the midfrequency
value.
The filter of Fig. 48 is of an elementary type. Much progress has
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been made in the design of crystal filters.12- 13,14 They are often
made 1n the form of lattice structures giving improved characteristics.
Sometimes the crystals are provided with divided electrodes!2: 13
that pass energy from one set of electrodes to the other only at fre-
quencies at which the crystal vibrates. Natural quartz was used in
crystal filters until about 1947, and since then synthetic crystals!?
have been used extensively.

REFERENCES

. American Standard Definitions of Electrical Terms. AILE.E., 1941.

. Wagg, L. A, and H. R. ReEep. Communication Circuits. John Wiley & Sons.

. Everirr, W. L. Communication Engineering. McGraw-Hill Book Co.

. SuEA, T. E. Transmission Networks and Wave Filters. D. Van Nostrand

Co.

5. Jounson, K. 8. Transmission Circuits for Telephonic Communication. D.
Van Nostrand Co.

6. TrHiesseN, ARTHUR E. Volume Control in Voice Circuit. General Radio
Ezperimenter, June, 1931, Vol. 6, No. 1.

7. Mason, W. P. Electromechanical Transducers and Wave Filters. D. Van
Nostrand Co.

8. CampBeLL, G. A. Physical Theory of the Electric Wave-Filter. Bell System
Tech. J., November, 1922, Vol. 1, No. 2.

9. Buckirey, O. E. The Evolution of the Crystal Wave Filter. Bell Telephone
Quarterly, January, 1937, Vol. 16, No. 1.

10. Mason, W. P. Electrical Wave Filters Employing Quartz Crystals as Ele-
ments. Bell System Tech. J., July, 1934, Vol. 13, No. 3.

11. Mason, W. P. Quartz Crystal Filters. Bell Lab. Record, June, 1935, Vol. 13,
No. 10.

12. Lane, C. E. Duplex Crystals. Bell Lab. Record, February, 1946, Vol. 24,
No. 2.

13. Burns, G. K. Manufacture of Quartz Crystal Filters. Bell System Tech. J.,
October, 1940, Vol. 19, No. 4.

14. WiLuis, E. 8. A New Crystal Channel Filter for Broad Band Carrier Systems.
Elec. Eng., March, 1946, Vol. 65, No. 3.

15. Mason, W. P. New Low-Coeflicient Synthetic Piezoelectric Crystals for Use

in Filters and Oscillators. Proc. I.R.E., October, 1947, Vol. 35, No. 10.

L N

REVIEW QUESTIONS

1. Distinguish between an active and a passive network, and give an example of
each.

2. What are meant by the terms rheostat, voltage divider, and potentiometer?

. Strictly speaking, what is meant by the term load? How is it often used in
communication?

. Explain the difference between a midseries and a midshunt termination.

. What is the difference between balanced and unbalanced networks?

. What is the difference between symmetrical and unsymmetrical networks?

. What is meant by the term equivalent networks? What is limited equiv-
alence?

=%

I O Ut
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8. Which of the two network theorems accomplishes the same results in different
ways? Where is each applied?

9. Give an application of the superposition theorem.

10. How would you measure the mutual impedance of a transformer?

11. How do iterative impedance and image impedances differ?

12. How do transition loss and reflection loss differ?

13. Explain what is meant by insertion loss. Give a practical example.

14. What is an electric wave filter? Name a few uses.

15. For a filter to pass a wave, what iterative impedance relations must hold?

16. How does the phase angle of the input impedance of a low-pass filter vary
numerically with frequency? Repeat for a high-pass filter.

17. What is meant by saying that a filter is confluent?

18. What are composite filters, and why are they used?

19. What is meant by the term m-derived section?

20. Enumerate the steps in the design of a composite filter.

21. Explain how midseries and midshunt iterative impedances are of importance
in composite filter design.

22. What is meant by the statement on page 187 regarding the @ of a quartz
crystal?

23. Why are quartz erystals used in wave filters?

24, What is meant by saying that a crystal has divided electrodes?

25. What very important development in crystals occurred in about 1947?

PROBLEMS

1. In Fig. 4, Z; 1s a 0.05-microfarad capacitor, and Zo is a 0.12-henry inductor.
Calculate the values to be used for midseries and midshunt terminations
such as shown in Figs. 5(a) and 5(b).

2. Calculate the values for the equivalent T section and the equivalent 7 section
of a network such as Fig. 4 in which Z1 = 0.15 henry, and Z2 = 0.5 microfarad.

3. In Fig. 9(a), Z1+ = 100 ohms resistance, Zz = 50 ohms resistance, and Z¢ =
100 ohms resistance; Zp = 0.05 microfarad, Zr = 0.05 microfarad, and Zr =
0.01 microfarad; Z7 = 450 ohms resistance and 0.002 henry inductance,
E, = 58 volts open circuit at 1000 cycles, and Z;, = 275 ohms resistance, Cal-
culate the magnitude and phase angle of the current through Z;, the angle to
be measured with respect to the generator voltage.

4. A transformer has the following characteristics L, = 0.159 henry, R, = 193
ohms, M = 0.1585 henry, secondary same as primary. For a frequency of
1000 cycles determine the equivalent unbalanced T and = networks. What
is the coeflicient of coupling? The turns ratio? The mutual impedance?

5. A generator has an internal impedance of 600 ohms resistance and an open-
circuit voltage of 26.4 volts at 1000 cycles. It is connected to a load resistance
of 768 ohms. Calculate the current through the load resistor using Thévenin’s
theorem and Norton’s theorem.

6. Find the reflection loss for the circuit of Problem 5.

7. Design a pad to insert 7.5 decibels loss in a 600-chm eircuit.

8. Design a low-pass constant-% filter for a 600-ohm circuit and a cutoff at 5000

cycles.
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. Design a high-pass constant-k filter for a 600-ohm circuit and a cutoff at 100

cycles.
Design a composite filter for a 600-ohm ecircuit, for a cutoff frequency of 5000
cycles, and an a = 1.2.



CHAPTER 6

TRANSMISSION LINES

Introduction. The preceding chapter considered the transmission of
electric-signal energy through networks in which the clements were
lumped; that is, existed as individual units of appreciable magnitude.
This chapter will consider the transmission of electric-signal energy
through open-wire lines in which the resistance, inductance, capacitance,
and shunt conductance are uniformly distributed, rather than lumped.

An open-wire circuit is defined? as “a circuit made up of con-
ductors separately supported on insulators.” 'The open-wire telephone
line is an example. Such a line is a uniform line, defined! as “a
line that has identical electrical properties throughout its length.”
For convenience these will be called transmission lines, or merely
lines.

These lines have linear electrical constants, defined! as ‘“the
series resistance, series inductance, shunt conductance, and shunt
capacitance per unit length of line.” Sometimes one overhead wire and
earth return are used, constituting a ground-return circuit.! Only
metallic circuits, in which the ground or earth forms no part,1 will
be considered in this chapter.

The range of frequencies transmitted for communication purposes
over such lines is great. The upper limit of the frequencies used in
telegraph systems is several hundred cycles. For voice-frequency tele-
phone purposes, the band is from about 200 to 3500 cycles. Radio-
broadeast program lines for amplitude-modulated broadcasting usually
transmit a band from about 100 to 5000 cyecles; for frequency-modula-
tion, a band from about 30 to 15,000 cycles is sometimes used. Multi-
channel carrier-telephone circuits use frequencies up to 150,000 cycles.
Radio frequencies up to, perhaps, one billion cycles are sometimes used
(if only experimentally) on open-wire transmission lines.

The power levels, definedl as “an expression of the power being
transmitted past any point in a system,” of the signals on communica-
tion transmission lines cover a wide range of values. For telephone
transmission the level is a few milliwatts or less. On radio transmis-
sion lines, such as are used to connect a radio transmitter to its send-
ing antenna, the power level may be many kilowatts.

In the transmission of speech and programs, the distortion (page 85)

192



CONSTANTS OF A TRANSMISSION LINE 193

caused by the lines and associated equipment must be kept low, If
appreciable frequency distortion exists, then the various frequency
components of a complex speech or program signal wave will not be
received in the same relative magnitude that they had at the sending
end. If non-linear distortion is not minimized, then frequency com-
ponents that were not present in the original signal will exist at the
receiving end. Delay distortion will cause a shift in the relative
phase positions of the various components because all frequency
components are not transmitted with the same velocity. In teleph-
ony, some distortion can be tolerated, because reliability, intelligi~
bility, and a certain degree of naturalness, rather than high quality,
are the criteria of good service.

Transmission lines used in communication are electrically long
lines. For a line to be electrically long, both the physical length of
the line and the frequency of the signal wave being transmitted must
be sufficiently great so that a considerable fraction of a wavelength
exists on the line. Then, the instantaneous current at one point in the
line is not the same as the instantaneous current at another point, and
the instantaneous voltage between the wires at one point is not the
same as that at another point. Simple electrical theory, such as is
used with many electrical circuits, is not sufficient for studying com-
munication transmission lines. Many 60-cycle power lines are classed
as electrically short lines, because, so far as the fundamental fre-
quency is concerned, they do not have an appreciable portion of a
wavelength on them.

Power efficiency is of secondary consequence in telephone transmis-
sion because only a few milliwatts of power are contained in the signal
wave and because line losses can be offset by the use of amplifiers. In
a radio-frequency transmission line power efficiency may be of im-
portance, because large amounts of power may be involved.

Linear Electrical Constants of a Transmission Line. In studying
transmission lines it must be kept clearly in mind that the line is more
than just two parallel wires; actually, it is an electric network com-
posed of many sections.

Series Resistance R. The series resistance R is a “constant” that is
found by dividing the total power losses occurring in the series portion
of unit length of transmission line by the square of the current in that
section. Thus, the series resistance losses are losses caused by the
current flow and the accompanying magnetic field, including the
direct-current resistance of the wire, and the energy losses, if any,
caused by skin effect, eddy currents, and hysteresis. Series resistance
R is usually expressed in ohms per loop mile for telegraph and tele-
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phone lines, and in ohms or microhms per loop meter for radio transmis-
sion lines. A loop mile consists of two miles of wire.

Series Inductance L. Series inductance L is the series self-in-
ductance of the line wires. The current in a line wirc causes an
alternating magnetic field around the line wire, and this field induces
an electromotive force in series in the line wire. This back electro-
motive force is directly proportional to the inductance. Because the
currents in the two line wires are in opposite directions, the magnetic
effects tend to cancel, and, if the two wires of a transmission line are
close together, the self-inductance is low. Series self-inductance is
usually expressed in henrys per loop mile for telegraph and telephone
circuits, and in millihenrys or microhenrys per loop meter for radio
transmission lines.

Shunt Conductance G. Shunt conduction ¢ is a “constant” that is
found by dividing the total power losses occurring in the parallel por-
tion of unit length of line by the square of the voltage between the
length of line (P = E2/R = E2(@F). Shunt conductance losses are
losses that are caused by the voltage existing between line wires.
These losses are somewhat involved and include losses due to leakage
currents, dielectric hysteresis losses, etc. For telephone transmis-
sion lines, the shunt conductance, or leakage conductance, as it is
sometimes called, is expressed in micromhos per mile of two-wire
line. In radio transmission lines the shunt conductance is usually
neglected.

Shunt Capacitance C. Shunt eapacitance C exists between the two
wires of a transmission circuit, and an alternating ecurrent will flow
through this eapacitance if an alternating voltage exists between the
line wires. For telephone transmission lines the capacitance is usually
expressed in microfarads per mile of two-unre line. For radio trans-
mission lines, the unit is usually microfarads or micromicrofarads per
meter of line.

Electromagnetic Waves along Wires. Electric energy is trans-
mitted along wires by electromagnetic waves. These consist of varia-
tions in the magnitude and direction of the electric and magnetic fields
produced by the line voltages and currents. These two fields, as they
travel together, transfer the electric energy from one point to another
and constitute an electromagnetic wave.

Electric energy cannot be transferred unless an electric and a mag-
netic field exist simultaneously. If these two fields are in time phase,
the power is directly proportional to their product; if out of phase, it
is proportional to their produet and the cosine of the time phase angle
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between them. The maximum velocity with which an electromagnetic
wave can travel is that of light, or approximately 186,300 miles, or
300,000,000 meters, per second. This applies to waves in free space;
waves along wires travel more slowly.

In Fig. 1 is shown a portion of an infinitely long line connected to
a source of alternating voltage. Current and voltage impulses will be
distributed along the line somewhat as indicated. The dots (heads of
arrows) and the crosses (tails of arrows) represent the magnetic field
around the wires, and the arrows between wires represent the electric
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Fia. 1. The distribution of current and the accompanying magnetic field are shown
by the dots and crosses adjacent to the wires. The distribution of the voltage and
the accompanying electric field are shown by the arrows between wires,
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field. The magnitudes of the current and the voltage, and the corre-
sponding intensity of the fields, are indicated by the relative number
of arrows, dots, and crosses. The wavelength A is the distance between
any two corresponding values, and the velocity of propagation V is the
distance traveled per second. The wavelength is

r=V/f, (1)

since, at a frequency of f cycles per second, f complete waves are pro-
duced on the line per second, and these can travel only a distance of V
miles during a second. An end view of the magnetic and the electric
lines of force constituting an electromagnetic wave along two parallel
wires is shown in Fig. 2.

Derivation of Transmission Equations. An open-wire line (or a
cable) is composed of a large number of elements dl, as shown in
Fig. 3. If current flows through an impedance, the voltage drop is Iz,
and therefore the voltage drop along the element of line dl will be

dE
dE = — Izl or - —1Iz. (2)
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As a current progresses down the line, a certain amount is lost through
parallel admittance y consisting of the shunt conductance and the ca-

Fie. 2. End view of the line of Fig. 1, showing the electric field between the two
wires, and the magnetic field around the wires.

pacitance of each element. This current loss at each element is Ey,
and thus

dl = — Eydl or %= —Ey. 3)

length dl

IL_One element of | }
(

F16.3. A transmission line consists of distributed resistance, inductance, capaci-
tance, and conductance.

It is now necessary to differentiate these two equations to eliminate E
and I. Thus, when equation 2 is differentiated with respect to [ it
becomes

&°E dI

W A @
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similarly, equation 3 becomes

d*I dE

E-Va ()

The undesired variables can now be eliminated by substituting in equa-
tions 4 and 5 the values from equations 3 and 2 respectively. Then,

d’E

di2 = 2k, (6)
and

d?I

W = Zy[. (7)

These two cquations are simple linear differential equations of the
second order, and a knowledge of differential equations is required for
their solution. Without presenting the details, the general solution for
equations of this form is

E = AV + Bie= Ve 8)
and
I = Asevau + By e~ 1Va0, (9)

The four constants of integration A;, By, A2, and B, must now be
found. To do this, equations 8 and 9 are first differentiated with re-
spect to I.  They then become

o= A Vg v — BiVzy eV (10)
and

1 s !

m = 2\/@ evay — 32@ eV, (11)

Tt will be noted that these two expressions are equal to equations 2 and
3, respectively. It can therefore be written that at the sending end,
where | = 0,

Iz = — (AVey — BiVazy) (12)
and

By = — (AsVzy — BaVay). (13)
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These values are preceded by a negative sign because the current I and
the voltage E in any part of the line are less than the sending-end values
I and E; in the infinite line (having no reflection) under consideration.

If I is also assumed equal to zero in equations 8 and 9, then E becomes
the sending-end voltage £, and

Es=A,+ By, A1 = E; — By, and By =E; — A;. (14)
Similarly,
I, = Ay + By, Ade =1, — By, and B, =1, — A,. (15)
When these values of 4; and B, are substituted in equations 12 and 13,
Ay = E,/2 — I,/(2Vy/2) and By = E,/2 4+ I,/(2Vy/z). (16)
Also,
Ay =1,)2 — EN'y/2/2 and Bs = I1,/2 + E\Ny/z/2. (17)

Furthermore, when these values of 4, By, A, and B, are substituted in
equations 8 and 9,

Ivzy ~IVZ iy — =z
E = Es(e_y_—te__—y> — IV Z/y (6_3.2_6_3 (18)

2
and
7 —lvz IVay — ¢—lvz
I=1, <_ir2__) _Es,ﬁy/zc_”“?e_j). (19)

Although it would be possible to use these equations in this form,
they can be simplified by the use of hyperbolic functions. In textbooks
on this subject it is shown that

& + P

2

T _ %

= sinh z, (20)

= coshz and

where cosh z and sinh z are the hyperbolic cosine and sine, respectively,
Accordingly, equations 18 and 19 become

E = E,cosh Wzy — IV z/y sinh W2y (21)
and
I = I coshlVzy — ENVy/zsinh IV zy. (22)

These two equations give the voltage E or the current I (in either
maximum or effective values) at any point [ miles from the sending end
of a line having a series impedance of z = B + jX (where X = 2«fL)
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ohms per loop mile, and a parallel admittance of y = G + jB (where
B = 27fC) mhos per loop mile (page 194).

If the values in equations 12 and 13 had been preceded by a positive
instead of a negative sign and if E, and I, had been used, equations for
voltage and current at any point in the line in terms of the receiving-
end voltage and current and the distance ! from the receiving end
would have been obtained. These equations are

E = E, cosh W2y + I,Vz/y sinh IV zy (23)
and
= I, cosh IV zy + E,Vy/zsinh l\/%. (24)

Equations 21, 22, 23, and 24 are general transmission equations
applying, for steady-state conditions, to telephone lines and cables.
Other methods of deriving these equations are also available (refer-
ences 2 to 7 inclusive).

Electromagnetic Wave Propagation. Suppose that for the infi-
nite line of the preceding section a point an infinite distance from the
sending end is considered. At this point, ! = o« for equations 21 and
22, and these can be equated to zero and become

E coshIVzy = I[,Vz/ysinh [Vzy (25)
and
I cosh W2y = EVy/z sinh IV zy. (26)
These equations can be written
2 sinh 1/ —
E, = Is\/—z— u; I,V 2/y tanh l\/zy (27)
Y cosh IV zy
and
-
I, = E, \/Q Slil—ﬁ = EVy/z tanh IV zy, (28)
2 cosh IV zy

since from the theory of hyperbolic functions

sinh #/cosh z = tanh z.

An examination of a table of hyperbolic functions will show that,
when I = «, tanh IVzy = 1.0; therefore, equations 27 and 28 become

Es = Is\/% = IsZs (29)
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and
Is = Eyv y/z = Es/Zs; (30)

where Z, is the sending-end impedance of the infinitely long line con-
sidered, measured between the two line