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SOUND AMPLIFICATION

Introduction

The term “‘Sound Amplification” is applied to any device, or
devices, capable of increasing auditory vibrations of a certain
level to a degree that will permit them to travel over an area
otherwise impenetrable. Many methods have been developed
to accomplish sound amplification and distribution, both direct
and indirect, but only the latter has been found to be satisfactory.
The only form of direct sound amplification ever developed.
which actually amplified to any appreciable degree, was the
exponential, or trumpet, horn. This type of direct amplification
is also employed as a part of the indirect system which will be
discussed in a succeeding chapter.

While we are primarily concerned with only one form of
sound distribution, it is well to note a few others. Radio prob-
ably represents the criterion in sound dispersion since it is pos-
sible to transmit the sound created in any one location on the
earth to its entire population at the same time. The only factor
which prevents us from accomplishing this feat at the present
time is the inability of every individual to purchase a receiving
set.

Public address, or sound amplifying systems represent the
next best form of sound distribution, which is the type that we
are concerned with in this manual. While the effectiveness of this
system is limited to local areas, not exceeding two or three miles,
it has many advantages over radio for covering short distances.

Wired radio, or more correctly wired sound, a variation of the
above-mentioned system, is utilized to transmit sound to a num-
ber of local areas at the same time from a common source. Many
commercial organizations have been formed to supply music to
clubs, hotels, restaurants and similar places through this medium.

To use football strategy, let us examine the opposing forces
before we enter into the discussion of any particular phase of
sound amplification, which is the offense, or our side. Sound,
as we know it, is composed of a number of fluctuating air vibra-
tions originating through some effort of a distant body; when
these sounds reach our ears we interpret them as such. Hence.
the only thing which will hinder the transmission of this sound
from its origin to the ear is the opposition of the air as well as
any objects which may appear in its path. Any attempt to set
definite rules as to the amount of repulsion that would be en-
countered from the air and surrounding objects, under all con-
ditions, would require many times the space available here.
However, it is interesting to note how sound travels under dif-

ferent conditions. In dry air, at 32 degrees Fahrenheit, sound
travels at approximately 1,087 feet per second, in glass 18,000
feet per second, in steel 16,400 feet per second and in water
4,708 feet per second. Obviously, air offers greater opposition
than any other common medium. The speed of sound waves is
much lower than that of other forms of impulses which create
noticeable sensations. As a comparison, electrical high frequency
impulses have approximately the same speed as light: namely,
972,280,000 feet per second. This accounts for the fact that
we can change sound into electrical impulses, hurl it into space,
pick it up again at a remote point and convert it back to sound
through a loud speaker, in order to obtain rapid and efficient
transmission.

In other words, to distribute sound in any form we must
overcome the opposition offered by the air in one form or another.
To date we have only two methods: radio, and public address
or sound amplifiers. Throughout the following pages we have
attempted to give as much technical information regarding vari-
ous types of audio, or sound amplifiers, as is physically possible.
Due to our limited space, we cannot go into the details of all the
various phases of this art, and, therefore, only the most impor-
tant subjects have been covered. We have considered as ‘‘im-
portant subjects’ those fundamentals which every sound techni-
cian should know in order to cope with the problems he may
encounter from time to time. A great deal of important theory
has been dispensed with. This we hope to present at a later date
in the form of a textbook devoted entirely to theoretical analysis.

Figure 1 is a detailed chart depicting all the various phases
of sound amplification. It will be noted that the three integral
divisions of this system are the input devices, amplifiers and
speakers. The first- and last-mentioned sections are in reality
converters. The input devices change the air vibrations into a
form suitable for amplification. The speaker in turn changes the
amplifier impulses into air vibrations again. Thus we have the
definition: *'Sound amplification increases the strength of air
vibrations by converting them into electrical impulses, amplity-
ing and then reconverting the raised impulses into air vibrations
again at a higher level.”

Throughout the following pages we have attempted to discuss
all of the various phases of sound amplification in the most
concise, authentic and practical manner possible. Each subject
will be treated in the order of its appearance on the chart.

INPUT DEVICES

PART 1: PHONOGRAPH PICK-UPS

Phonograph pick-ups are listed as the first type of input devices
because they are the most common form in use to-day. While it
is true that the phonograph is not as popular as it was a few
years ago, recordings still remain the integral part of any sound
system because they represent the most economical method of
obtaining music or other form of entertainment. Recorded music
is used by many broadcasting stations for ‘‘fill-ins’’ and for
proper time allocation of certain programs, just as the sound man
uses it to provide music at a moment’s notice.

There are only three types of phonograph pick-ups: the mag-

netic, the crystal and the dynamic. The latter type will not be
discussed inasmuch as it is not available commercially.

The magnetic type was the first to be developed to any large
degree, and it is still the most widely used pick-up. These units
are nothing more than miniature generators actuated, or driven,
by the grooves in the record as the needle passes over them. This
needle is attached to the armature of the generator, so that a
voltage is developed, which is applied to the amplifier through
suitable coupling arrangements.

In Figure 2 two methods are shown for connecting magnetic
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pick-ups to any amplifier. Section A’ shows a high impedance
pick-up, 2000 ohms or greater, connected directly to the grid
of the first amplifying tube. This is possible because the output
of the average high impedance pick-up, around —20 db, is suffi-
cient to excite the average amplifier.

Section B’ illustrates the connections of a low impedance

70 GRID OF
FIRST TUBE

70 GROUND
ON

AMPLIFIER

:
g"\
g

FIGURE 2

pick-up, 200 ohms or less. A transformer is employed to match
the impedance of the pick-up to that of the amplifier. The
average low impedance pick-up varies from 15 to 200 ohms and
usually has a level slightly lower than the high impedance type,
approximately —30 db. High impedance pick-ups may be cou-
pled in this manner in order to bring their effective voltage level
to a higher point in the event that the amplifier does not have
sufficient gain to operate directly.

In both cases a shielded lead is shown between the amplifier
and the pick-up or transformer. This is very important in order
to overcome inductive hum pick-up and to prevent oscillation in
the amplifier. This shield should always be grounded. tnasmuch,
as one side of the input is generally grounded, the shield is em-
ployed as this lead. This does not apply in the case of A.C.-D.C.
and battery amplifiers, or when the grid return of the first am-
plifying tube is not grounded. Two leads, both shielded, will be
required in the latter case.

Magnetic pick-ups give very little trouble other than the peri-
odic changing of needles. When these units do fail to function
it is usually caused by what is known as "‘hardening of the rub-
bers.” These rubbers are utilized to keep the armature of the
pick-up in the center of the pole pieces, as shown in Figure 3,
and when they deteriorate to the hardening point, the action of
the armature is retarded and the pick-up loses its sensitivity.
When this condition occurs the rubbers should be replaced with
new ones.

A variety of the magnetic pick-up is the oil damped type, in
which the generator armature and the pole piece are immersed
in oil. The effect of this method of dampening is that the overall
frequency response is more uniform; also, very little mechanical
noise is produced in this unit in comparison to that created by the
standard magnetic pick-up. The output impedance of this unit
is usually 200 to 500 ohms and, therefore, the diagram shown in
Figure 2 for the low impedance unit should be used. The output
level of this pick-up is considerably lower than that of the regu-
lar magnetic unit, approximately —50 db, and hence a higher
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gain amplifier will be required. The frequency response of the oil
damped phonograph reproducer is slightly superior to that of the
standard type, and also since the supporting rubbers are elimi-
nated, this unit does not deteriorate in sensitivity with age.

The latest phonograph pick-up to be developed is the crys-
tal type which employs a ‘rochelle salts’’ crystal as the voltage
generator. The output of this unit is considerably higher than
that of the other types mentioned, in the neighborhood of —10
db. The impedance of this pick-up is approximately 60,000
ohms,which accounts for its comparatively high output. A match-
ing transformer is not required to couple this pick-up to the am-
plifier.

The high frequency response of the crystal pick-up, far above
10,000 c.p.s., is superior to any yet developed. The light weight
is also a feature of this unit (about 2 ounces), resulting in very
little friction between the needle and the record and thus pro-
longing the life of records.

It is advisable to use the standard magnetic pick-up in all
installations where considerable handling may be required, as
this unit is the most rugged of the three types. The oil damped
pick-up is recommended for those desiring the best response
obtainable from average recordings. The crystal pick-up is not
recommended for use in the common type of installation because
of its extremely good high frequency response, which resuits in
an over-abundance of scratch noise. This type of pick-up should
be confined to high fidelity systems.

PART 2: RADIO TUNERS

It is common practice in a sound system to employ what is known
as a tuner in order to select any of the available broadcast pro-
grams on the air for distribution locally, especially in hotel and
restaurant locations.

A radio receiver consists of two amplifiers—one operating in
the ultra high or radio frequencies and the other in the audible
spectrum. The latter amplifier is also a sound amplifier. Now,
if we remove the local sound or audio amplifier and substitute an
external amplifier, the remaining section becomes a radio tuner.
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For economic reasons the power required to operate the tuner,
with the exception of the filament voltage, is taken from the
amplifier.

Figures 4 and 5 show two tuners of advanced design, one a
superheterodyne and the other a tuned radio frequency set.
Comparatively, the superheterodyne excels in every respect ex-
cept the most important one, i.e., fidelity or tone quality. The
frequency response of the T.R.F. type may be considered good
up to 10,000 c.p.s., whereas the superheterodyne falls off



sharply above 5000 c.p.s. It is readily apparent that we must
be content with a little less selectivity and sensitivity if we de-
sire high quality reproduction. This fact, which cannot be over-
looked, will determine in many cases the type of tuner used.
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However, in many instances where a high degree of selectivity
is necessary, very little trouble will be experienced from the
tone angle in the average installation, if the superheterodyne
tuner is employed. This is due to the fact that it is difficult for
the untrained ear to distinguish the actual difference in tone
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PART 3:

By definition, a microphone is ‘‘any device capable of changing
air vibrations, or sound, into corresponding electrical impulses.”
Therefore, the microphone is the most important type of input
device, since it is the only unit capable of altering air vibrations
to operate an amplifier.

There are essentially four types of microphones: the carbon,
condenser, crystal, and dynamic. There are many variations of
these units, but after all the fancy trade names have been re-
moved they must come under one of the above-mentioned
classifications.

The telephone transmitter was the first carbon microphone to
be developed, and in its improved form is known as the single
button “mike."”” The principle on which this unit operates is ex-
tremely simple. A cup of carbon granules, known as a ‘button,”
is placed against a stretched disc of metal called a diaphragm.
When this unit is brought in the vicinity of sound, the air vibra-
tions will cause the diaphragm to vibrate. As this diaphragm
vibrates, the carbon granules will be compressed and allowed to
expand at a definite rate, determined by the frequency of the
air pulsations. This in turn will cause the resistance of the button
to vary in a similar manner, and if we allow a current to flow

quality obtained. Another feature of the superheterodyne tuner
is the automatic volume control, the operation of which is
familiar to everyone.

The outputs of the superheterodyne and T.R.F. tuners are
very high, and if employed near an amplifier having a gain of
60 db, or over, the output is capacity coupled to the grid of the
first amplifying tube. |f the superheterodyne tuner is to be
used at a distance from the amplifier, it is necessary to employ
a transmission line, together with an additional 56 voltage am-
plifier, permitting the output to be properly coupled to a match-
ing transformer. Figure 6 shows how this tuner is connected to a
500 ohm line. The T.R.F. tuner is connected in the same man-
ner by substituting a 56 for the 57 detector. Considerably more
gain will be required from the amplifier in the latter case, in the
neighborhood of 70 to 80 db.

The selection of the proper type of tuner depends upon the
requirements of the sound system. High fidelity installations
always employ T.R.F. tuners, while systems which are installed
to give good results with a minimum amount of operating diffi-
culty, utilize the superheterodyne tuner.

All of the various laws that apply to the radio receiver for
efficient results apply to the tuner likewise. Those who are in-
terested in obtaining further knowledge of this subject are re-
ferred to any of the many books available on receiver design.

TOZSVYOT FlLA
ON TUNER

70 +B250V.ON TUNER

FIGURE 6

MICROPHONES

through this button, it will vary in proportion to the variation in
resistance. |f we insert a convenient form of resistor, or load
impedance in the circuit, an alternating voltage will appear,
equal to the rate of change of resistance in the circuit. This
voltage is applied to the amplifier.

Figure 7 shows the circuit used to couple the single button
microphone to an amplifier. A transformer, one dry cell, and a
400 ohm potentiometer are required. The potentiometer is
utilized to control the amount of current applied. This is not
absolutely necessary in small installations, provided not more
than one cell is employed. The transformer forms the load, as
well as matching the impedance of the microphone, approxi-
mately 200 ohms, to the amplifier. This unit also isolates the
D.C. or battery current from the amplifier, so that only the alter-
nating voltage is available at the secondary.

The double button carbon microphone is the ultimate in car-
bon units. By employing two carbon buttons, one on each side
of the diaphragm, we eliminate the even harmonic distortion
which appears in the single button type. The cause of this even
harmonic distortion is the varying D.C. component which occurs
in the transformer employed with a single button unit. When
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two buttons are used, the resistance of one increases as the other
decreases, and the average resistance of the circuit remains the
same, thus maintaining the current constant. By referring to the
diagram in Figure 8, it will be observed that the local current is
supplied through a center tap on the coupling transformer.
Therefore, as the current in one half of the transformer de-
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creases, 180° out of phase, it increases in the other, and con-
sequently a voltage will appear at the extreme ends of the pri-
mary, which is in turn induced into the secondary.

Proper damping is one of the most important factors in the
construction of a microphone. The effect of improper damping
is analogous to a piano. If we strike a number of strings in suc-
cession without immediately damping them, they will interfere
with each other and create many beats and harmonics, resuiting
in distortion of the worst kind. In a microphone, if the dia-
phragm is not dampened, it will continue to vibrate after the
first impulse is applied and interfere with the succeeding im-
pulses.

Damping is accomplished in several ways in the carbon mi-
crophone. The major amount is obtained by employing a plate
in back of the diaphragm so that a column of thin air is created
which acts as a cushion. The more damping employed, the lower
the output level, which accounts for the fact that an expensive
carbon microphone has a much lower output level than the
cheaper ones. Figure 9 illustrates the average level of several
different grades of carbon microphones.

Any stretched disc of thin metal will resonate at some fre-
quency, depending on its size and the amount of stretching ap-
plied. In the better grades of carbon microphones the diaphragm
is stretched so that it resonates at about 5000 to 6000 cycles, or
at the point where the frequency response has started to fall,
thus extending the effective range. Figure 10 permits a general
conception of the frequency response of several grades of carbon
microphones.

It is almost impossible to set definite ratings on microphones
because they are never operated under the same conditions re-
quired for measurement. Figure 11 graphically illustrates how
the output of a carbon microphone varies as the distance of the
sound from the microphone is increased or decreased. Figure 12
also shows how the output of a microphone varies as the amount
of current is altered. The average carbon microphone requires
about 10 milliamperes per button, and for a minimum amount
of background noise should be operated at about 5 to 7 milli-
amperes.

The condenser type of microphone was the second major devel-
opment in the evolution of a perfect input sound converter. In
construction, it varies very little from the carbon microphone.
The principle involved is the changing capacity rather than the
changing resistance, which means that the output is going to be
much lower than the most highly damped carbon microphone.
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Figure 13 shows a typical condenser microphone hook-up. It
will be noted that a two-stage amplifier is required to bring the
level of this unit up to that of a good carbon microphone. In-
asmuch as it is not practical to have this amplifier any distance
from the condenser unit, it is always in the same compartment, so
that the feeble voltage which occurs, due to the changing capac-
ity as the diaphragm vibrates, will not be lost in the line, and also
to avoid the inductive hum that would otherwise result. The out-
put impedance of this amplifier is usually from 200 to 500
ohms for proper transmission to the main amplifier. The pre-
amplifier is always battery operated, where a very low hum level
is absolutely essential. However, very good results can be ob-
tained from a well filtered A.C. power supply. The output level
of the condenser unit is about —95 db, while the level at the
output of the pre-amplifier is approximately —40 db.

The next microphone to be developed was the dynamic unit,
of which there are two types, the ribbon and the moving coil
units. Commercially, the ribbon type is known as the velocity
microphone, while the moving coil unit is known as the dynamic
microphone. The frequency response of the ribbon type is su-
perior to that of the moving coil type. It is generally conceded
that the ribbon type will replace the dynamic unit, because of
its uni-directional and superior frequency response characteris-
tics. Both of these units are still in the experimental stage and
are therefore not recommended for small installations.

The output level of the ribbon type is much lower than that
of the moving coil unit, while the latter has an output slightly
greater than the condenser unit. Figure 14 graphically illustrates
the various response and output levels obtained from the differ-
ent types of microphones.

The operating theory of the dynamic microphone is even sim-
pler than that of the carbon type. A ribbon or coil is placed be-
tween two strong magnets, and when it is caused to vibrate
by the pressure of the sound waves, a voltage is introduced into
the coil or ribbon armature, which is in turn coupled to a pre-
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amplifier in the same manner that a carbon microphone is coupled
to the main amplifier, except that no battery voltage is required.
A coupling transformer having the proper impedance is utilized.

The crystal microphone, commercially titled “‘piezo astatic,” is
the most recent unit to be developed. This microphone employs
the same type of crystal as used in the crystal phonograph pick-
up. The advantages of this unit are its relatively high output
(abaut —60Q b)), freedom from background noise, simple coup
ling, due to its high impedance tapproximately 80,000 ohms at
60 cycles) and its unusually good high frequency response. By
referring to Figure 14, the relative standing of the crystal micro-
phone may be seen.

Figure 15 shows several ways to connect a crystal microphone
to any amplifier having a gain greater than 80 db. It will be
noted that this unit can be connected directly to the grid of the
first amplifying tube provided a 5 megohm grid leak is employed,
and it is not placed more than ten feet from the amplifier. [f the
microphone is used at a distance from the amplifier, a special
line matching transformer is required having a primary imped-
ance of at least 100,000 ohms.

SELECTING THE MICROPHONE

The selection of the proper microphone to be used with any
sound system will depend on the following factors:

1. The amount which can be expended for this device.

2. The frequency response limitation of the auxiliary
equipment.

3. Acoustics of the location.

4. Type of sound to be amplified, whether voice, dance
music, symphony, or all three.

5. Whether installation is to be mobile or permanent.

Case ! is perhaps the major factor governing the selection of
this type of input device. The double button microphone is by
far the best solution because better results can be obtained from
this unit than from any of the other less expensive microphones.
This microphone is also the solution to case 5, as it is the most
rugged type available. Almost all portable systems use this unit
in preference to any of the other types.

Unless the auxiliary equipment is capable of responding to
frequencies above 6000 cycles with some degree of uniformity,
very little is gained by using a high fidelity microphone. This is
the answer to case 2.

Case 4 will simply alter the grade of any type of microphone
which should be purchased. Practically all of the cheaper units
are passable when used on voice only, and even the better quality
inexpensive units are passable when used to pick up light music.
On all high quality installations the type of microphone for best
results will always be either the condenser, ribbon or crystal,
depending on the acoustics of the location.

Case 3 presents the greatest problem of all. In more than
one section of this manual it is stated the acoustics or surround-
ing conditions of the location present the major difficulties in
either sound distribution or pick-up. No rules can be set as to
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the type of microphone for each location, as the conditions are
never the same. However, a few simple laws can be kept in
mind when selecting this type of equipment.

Never employ a carbon microphone when the sound is located
at a distance, or when absolute freedom from background noise
is desired.

A uni-directional microphone, such as the ribbon or dynamic
unit, should always be used where the microphone must be lo-
cated near the loud speakers. If this is not possible because of
the expense involved, a housing should be constructed to give
the carbon unit a directional effect. The effect of a uni-direc-
tional microphone is self-explanatory. Since this unit will pick
up sound waves from one direction many times better than those
from the opposite direction, it is obvious that it can be employed
to an advantage where trouble is experienced with re-pick-up,
or feed-back, from a speaker located in the same or nearby lo-
cation.

A condenser microphone should be utilized where a minimum
of background noise is desired. Condenser microphones are also
desirable where maximum frequency response is required from
the average public address system.

Ribbon microphones are seldom used for outdoor pick-up be-
cause of their delicateness. A sudden gust of wind may destroy
the effectiveness of this unit by bending the ribbon too much.

For portable work always use a carbon or condenser micro-
phone, preferably the former.

No definite suggestions are made for the crystal microphone,
inasmuch as it is still in the experimental stage. Tests so far
show this unit to be rather rugged and no objections can be
stated for not using it out-of-doors provided moisture is kept
from accumulating on the crystal.

For auditorium use, the choice of a microphone depends upon
the quality of reproduction desired, as well as the location of the
speakers. If sufficient damping exists between these two units,
carbon microphones may be used without difficulty.
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Finally, if you are in doubt as to what kind of microphone to
employ under certain conditions, consult the distributor or man-
ufacturer, as both of these organizations are in a position to

recommend the proper type of equipment. The publishers of this
manual maintain a special consultation department for the sole
purpose of giving advice on public address problems.
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PART 4: MICROPHONE MIXERS

From the foregoing discussion it is readily apparent to the reader
that the method of coupling the various input devices presents
quite a problem. We will not attempt to treat this subject in
great detail, but will confine ourselves to a discussion of the
various types of coupling systems in use to-day.

Figures 7 and 8, in part 3, illustrate a common form of
coupling device employed to match a carbon microphone to any
amplifier. This system is employed when the input matching de-
vice is located near the amplifier. If desired, a double pole double
throw toggle switch may be employed to switch from one type
of input to the other without the inconvenience of connecting
and disconnecting wires.

Care must be taken to prevent hum pick-up in the output
leads of the transformer by shielding them. If the transformer
in any type of coupling device is brought within the magnetic
field created by the power transformer in the amplifier or any
other similar device, such as a phonograph motor, a 60 or 120
cycle hum will result.

Figure 16 is a schematic diagram of a pre-amplifier which
may be operated in conjunction with the main amplifier if suffi-
cient gain is not available in this unit. The filament and plate
supply is obtained from the main amplifier. No additional equip-
ment is required provided the amplifier has a good filter system
and the voltage does not exceed 300 volts. The same type of
switching arrangement is employed to change from radio or
phonograph to microphone as stated for the above-mentioned
coupling system,

Figure 17 is a diagram of a three-position mixer employing
constant impedance “T'' pads which permit any channel to be
operated individually or simultaneously without frequency dis-
crimination. Considerable loss occurs in this unit, and hence,
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additional gain must be available from the amplifier to com-
pensate for this loss. By using ‘'universal’ line transformers,
impedances from 50 to 500 ohms may be obtained, as well as
a suitable arrangement for carbon microphones. A transformer
is utilized at the amplifier to match the output of the mixer to
the amplifier.

In Figure 18 is a schematic diagram of a typical line-to-line
matching transformer showing how the various impedances are
obtained on both the primary and secondary.

In the majority of cases a pre-amplifier is included with the
mixer to compensate for the loss incurred and to provide addi-
tional gain if it is required. The output of the mixer is coupled
to the pre-amplifier in the same manner as it would be con-
nected to the main amplifier. The output of the pre-amplifier is
then transmitted to the main amplifier by means of two trans-
formers: one to match the pre-amplifier to the line, and the
other to properly couple the line to the main amplifier. While
the pre-amplifier may be any number of stages, depending on
the gain required, one is usually sufficient. The average loss
which occurs in a three-position mixer is approximately —30 db.

By employing this same scheme, as many channels as are
desired may be mixed. However, as the number of channels is
increased, the loss will become greater and consequently more
gain will be required.

It is often necessary, when using a multi-mixing arrangement,
to permanently fix the maximum amount of voltage to be de-
livered from each channel, especially in simple change-over
systems where a common gain control is desired. By operating
the various input devices at a common impedance, usually 500
ohms, attenuation pads may be utilized to accomplish this feat.

The correct value for any type of attenuation network may be



accurately determined by using the chart shown in Figure 19.
The data shown has been computed to a great degree of ac-
curacy by the research department of the United Transformer
Corporation, and may be used for laboratory or professional
applications.

In almost every professional application, the “T" type of
“‘pad’ is the most practical type to employ, since it is both
economical and efficient. Double “"TT' and ''H"" ""pads’’ are used
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FIGURE 18

PRIMARY CONNECTIONS

50 ohms connect to 8 and 11, join 8 to 9 and 10 to 11
125 ohms connect to 7 and 12, join 7 to 9 and 10 to 12
200 ohms connect to 8 and 11, join 9 to 10
250 ohms connect to 7 and 12, join 8 to 9
333 ohms connect to 7 and 11, join 9 to 10
500 ohms connect to 7 and 12, join 9 to 10

SECONDARY CONNECTIONS

500 ohms connect to 1 and 6, join 3 to 4

333 ohms connect to 1 and 5, join 3 to 4

250 ohms connect to 1 and 6, join 2 to 3 (Approx.}

200 ohms connect to 2 and 5, join 3 to 4

125 ohms connect to 1 and 4, join 1 to 3 and 4 to 6
50 ohms connect to 2 and 4, join 2 to 5 and 4 to 5

only when it is necessary to maintain constant balance in both
sides of the line.

An example of how this chart may be put to practical use is
as follows: Assume we desire to couple a radio tuner and a car-
bon microphone to an amplifier so that it will be impossible to
overload it if the gain control is advanced to maximum when
operating the radio tuner. In the maiority of cases we would
require the amplifier to have a gain of 75 or 85 db in order to
properly operate the carbon microphone as well as compensate
for the losses in the mixing transformers. The average radio
tuner requires the audio amplifier to have a gain of approximately
50 db. If we consider the mixing arrangement, namely the
transformers, to have a loss of 10 db, an excess gain of 15 or
25 db will be encountered when using the tuner. By inserting a
“'pad’’ or attenuator with a loss equal to the access gain available,
we can operate both input devices without fear of damaging the
speakers or other equipment due to the extreme overload that
would otherwise occur.

A 15 db “T" pad will consist of two series resistors of 300
ohms each and one 185 ohm shunt resistor when operated on a
500 ohm line. These values are close enough to real ones for all
practical work.

For line impedances other than 500 ohms, it is only necessary
to multiply each resistor by a factor equal to line impedance
divided by 500. For example, if a 4000 ohm line is employed,
the above 15 db ‘T’ pad would consist of two series resistors of
2400 ohms each, and one 1500 ohm shunt resistor. These values
are obtained by multiplying the original resistor by the factor 8,
or 4000 divided by 500.

ATTENUATION NETWORK DATA

2A 2A c
WA AAA—
WAy
° 30 2
—— — <L amwwn——
T PAD H PAD DOUBLE
NOTE-—Z. (line impedance) = 500 ohms = _.11513
Zu NIy z . 2
ATTENUATION | A=Zwunn() | B==2o | c=Z s o (0
NO. D.B. A B c b
1 1.440 43420 2.879 86850
2 2.878 21720 5.755 43440
3 4318 14480 8.635 28950
4 5.758 10850 11.52 21710
5 7.193 8685. 14.40 17380
6 8.635 7232 17.29 14480
7 10.07 6198 20.17 12420
8 11.51 5421. 23.06 | 10870
9 12.95 4818. 25.95 9656.
1.0 14.38 4333, 28.85 8690.
2.0 { 28.65 2152. 58.08 4364.
3.0 42.75 1420. 88.08 2925.
4.0 56.58 1049. 119.3 2209.
5.0 70.03 822.4 152.0 1785.
6.0 83.08 669.4 186.8 1505.
1.0 95.65 558.0 224.0 1308.
8.0 107.7 4731 264.3 162.
9.0 119.1 4059 308.0 1050.
10.0 129.9 351.3 355.8 962.5
15 174.5 183.6 680.8 756.3
20 204.5 101.0 1238. 611.2
25 2235 56.40 2216. 5595
30 t 2347 31.65 3949 532.7
35 2413 17.79 7027. 518.0
40 245.1 10.00 12500 51001
45 247.2 5.624 22230 505.7
50 248.5 3.163 39530 5032
55 249.2 1.775 70300 501.8
60 249.5 1.0 125000 501.0
65 2498 5623 222300 500 5
70 249.8 3163 395400 500.4
75 249.9 1779 703000 | 500.2
80 249.9 10 1250000 500.1
85 | 250.0 05620 2223000 500.1
% 2500 03161 3954000 500.0
95 250.0 01879 7027000
100 | 250.0 010 12500000 | 500.0

FIGURE 19
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AMPLIFIERS

The second and most essential part of a sound amplifying system
is of course the amplifier, inasmuch as this device is capable of
raising the sound from its normal level to a higher one. The
input devices discussed in the preceding chapters are only
means of exciting or controlling the main amplifier.

The sound or audio amplifier of to-day is by no means a per-
fect device for amplifying sound, as it has many shortcomings.
First, it does not amplify all the audible frequencies with the
same degree of intensity, and even if it did we would not gain
very much, as the devices available for converting this sound

FIGURE 17

into electrical impulses, and vice versa, are likewise imperfect.
As an example, it is well to note that the poorest amplifier often
has a better frequency characteristic than the best loud speaker.
Second, an amplifier always possesses a certain amount of har-
monic distortion, though it is not always audible to the ear. All
properly rated amplifiers have a maximum distortion of five
percent, which is considered negligible, since ten percent is
seldom noticeable. Finally, it has power limitations which greatly
alter its effectiveness under all conditions. The selection of the
proper sized amplifier will be discussed in a later paragraph.

TUBE REQUIREMENTS

The vacuum tube is directly responsible for the development
of the sound amplifier and consequently plays the most impor-
tant role. Furthermore, the type of tubes employed usually
denote the system of amplification employed, in the same man-
ner that the class of amplification may denote the type of tubes
required. Therefore, it is at once obvious that in order to fully
understand the operation of an audio amplifier, as well as to be
able to intelligently select the proper type to fulfill your needs,
it is absolutely essential that you, the sound technician, fully
avail yourself of all the information obtainable on vacuum tubes.
While a brief description of the operating theory of the vacuum
tube is given in the following paragraph, it is advisable that any
one with intentions of entering, or desirous of being successful
in the sound profession, should thoroughly familiarize himself
with at least the principal functions and ratings of the various
types of vacuum tubes on the market to-day. The authors of this
manual know of no better source of this information than the
RCA-Radiotron Tube Manual, released by that company. This
book can be obtained from any of its distributors for the small
sum of twenty-five cents.

In very concise terms, the vacuum tube operates on the prin-
ciple that when a voltage is applied to the input circuit a cor-
responding but larger voltage will appear in the output circuit.
Immediately we obtain a method of rating this function which
is known as the voltage gain. Obviously this is rated in terms of
the ratio of the input voltage to the output voltage, and depends
on the amplification factor of the tube, as well as the constants
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of the circuit. Very often the amplification factor stated for a
specific tube is mistaken for the voltage gain that will be ob-
tained from this unit in operation. What the rated amplification
factor of the tube does do is enable us to calculate the voltage
gain wo will obtain from a certain circuit with that particular
tube. It can be stated then, that the higher the amplification
factor of a tube the greater the voltage gain will be if equiva-
lent circuits are employed. Commercial vacuum tubes have been
developed with amplification factors ranging from 3 to 1500.

At this point, the reader may have gathered the impression
that the amplification factor denotes the status of the tube, i.e.,
the higher the amplification factor, the better. If the tube is to
be used simply as a voltage amplifier—yes. For any other appli-
cations—no.

Since we are primarily concerned here, with amplifiers, let us
first determine just what services are required of vacuum tubes
in order to obtain what we call sound amplification. To begin
with, the voltage supplied from the input device may be as
low as one millivolt, .001 wvolts, .000 000 000 007 watt at
150,000 ohms, or a power level of —80db. On the other hand,
we may require a level as great as plus 36.6 db in order for the
sound to be distributed properly. In other words, our amplifier
must raise the power level from —80 db to plus 36.6 db. If the
output impedance of the amplifier is 6000 ohms, plus 36.6 db
will be equivalent to 28 watts, or approximately .076 ampere at
456 volts. Hence the amplifier must be capable of amplifying or
raising .000 000 000 007 watt to 28 watts, 1 millivolt to 456
volts, or in more general terms, raise the power level from —80
db to plus 36.6 db. Furthermore, all of the above constants are
alternating ones, which are flexible over the entire audible range
from 20 to 17,000 cycles, which means that the amplifier must
be capable of amplifying all of the frequencies equally. Also,
these constants, since they are alternating ones, will have a cer-
tain form, and if this form is altered, distortion will ozcur. It is
then readily apparent that an audio amplifier at its worst is in
reality a remarkable device, and also that many factors must be
taken into consideration in the construction of this device.

As stated, power is required to drive the loud speaker which
must consist of voltage and current. Vacuum tubes have been
developed which cause large changes in current in the output
circuit when properly excited, and are therefore designated
“power”’ tubes.”’ These tubes require large voltages to excite
them, and in most cases do not consume any power from the
source of voltage. Tubes of this type are known as *‘Class A power
tubes.’’ Further, any circuit employing this type of tube is
known as a Class ‘A’ amplifier.

Now, we cannot excite “‘power tubes’’ directly from the
input source, since the voltage available is only a small fraction
of that required. Hence tubes have been developed which
permit large voltage gains at very low power levels. These tubes
are known as ‘‘voltage amplifiers,”” and are used only for the
purpose of driving the larger ‘‘power tubes.” Also, the section of
the amplifier which employs the latter tubes is called ‘'voltage
amplifying division,” and if this section is separate, it is usually
called a “'pre-amplifier.”” Very often it is necessary to use addi-
tional voltage amplification on some forms of input devices in
order to operate them with amplifiers designed for use with
input devices having comparatively large voltage outputs or
power levels. This is commonly referred to as additional pre-
amplification, the unit being termed a ‘‘pre-amplifier.”

AMPLIFIER REQUIREMENTS

From the foregoing we know that an amplifier has many
qualities which govern its operation, and before we can prop-
erly use this device, we must know its qualities. These are:

1. Gain or voltage amplification
2. Power output

3. Frequency response

4. Harmonic Content



The gain or voltage amplification is always rated in decibles
in order that we may be able to compare and compute this func-
tion, irrespective of the output and input impedances. As an
example, assume an amplifier has a gain of 80 db, and the
input device has a level of —60 db. Providing no loss occurred
in the coupling system between this device and the amplifier, an
excess gain of 20 db would be avaiiabie which must be attenu-
ated. While this may be accomplished in several ways, the most
economical method is to use a volume control as shown in Fig-
ures 2 and 9. It must also be remembered when using this
method of determining the amount of gain required that all
reliable manufacturers rate their amplifiers in db gain for max-
imum output; allowance must be made for the fact that input
device rating is the average value, not the maximum, as with the
amplifier. In other words, since the amplifier is never operated
at an average level greater than one half its maximum rating,
as will later be explained, considerably more gain will be ob-
tained than the calculated amount, approximately 10 percent.
On the other hand, at least a 5 db loss will occur in the input
coupling device which must be taken into consideration. Re-
turning then to our original example, we had an excessive gain
of 20 db, minus 5 db loss in the input device, leaving us with
15 db. Adding to this 10 percent additional gain obtained from
the amplifier at the lower level, .1 X 80=8 db, giving us an
actual excess gain of 23 db. From this we can form a law for
approximating the gain required to operate a certain sound
system, i.e., if the loss in the input coupling system does not
exceed 10 percent of the total gain available from the ampli-
fier, the level in db of the input device when subtracted from
the gain in db of the amplifier may equal zero or more, but never
less. Example: amplifier gain plus 90 db; input device minus 60
—excess gain plus 30 db.

Example number 2: Amplifier gain plus 75 db; input device
minus 80 db=5 db gain short of that required.

The power output of an amplifier is the quality which per-
mits it to drive the electro-acoustical converters or loud speakers.

In order to obtain this electrical power, large currents must
alternate in the output circuit in the exact form as that of the
input voltage. This is accomplished, as we stated before, by
“power tubes.”” These tubes are in reality the backbone of the
amplifier, and our final results depend entirely on the ability
and efficiency of these units. Since the introduction of power
tubes, constant research has been carried on to improve their
efficiency. In fact, nearly all the improvements made in the art
of sound amplification can be attributed directly to the devel-
opment of this tube. The first “‘power tube,”” namely the 210,
required 425 volts plate voltage, consumed 15 watts from the
D.C. source, and delivered 4 watts for two tubes in push-pull.
Also, the high cost of condensers, transformers, etc., made this
amplifier sell at $150 to $200. To-day, an amplifier requiring
only 300 volts on the plate, delivering more power and using
only one tube can be purchased for only $25. Class ‘B’ ampli-
fiers, which employ special type tubes, are even more efficient.

To-day commercial amplifiers are available with maximum
audio power outputs ranging from 2 to 60 watts. In almost
every instance different tubes are employed. There are over 25
different types of power tubes available to-day, all having a
specific use.

Those who are familiar with amplifiers can approximate the
amount of ‘‘loudness’ which can be obtained from a certain
amplifier, provided certain types of speakers are used. Speakers
and output transformers govern the amount of volume which
will be obtained from any amplifier. This will be discussed thor-
oughly in a section devoted to the explanation and comparison
of power levels.

HARMONIC CONTENT

Due to peculiarities in both power tubes and circuits, second-
ary currents are generated along with the main signals which
are called harmonics. The minimizing of these secondary cur-
rents depends on the construction of the tube and its associated
parts, mostly on the latter. This is one of the reasons why am-

plifiers of equal power ratings, using different tubes, seldom
sound the same. Often amplifiers using the same tubes and
having the same power output do not sound alike because of
this condition. In this case the fault lies in the design of the
unit or the circuit. Cheap transformers are almost invariably the
cause in this latter instance. In the opening paragraph of this
chapter we stated the harmonic limitations.

The authors hope this will clear up the mystery of the 245 tube
to those familiar with its operation. The harmonic content of this
tube in push-pull operation was lower than that of any tube
ever developed, which resulted in the almost universal phrase,
“well, the 245 tubes may not have as much power, but they
certainly sound better.”

The frequency response of an amplifier depends almost en-
tirely on the circuits and the component parts of the unit. Tubes
affect the higher frequencies because of the high capacities be-
tween elements. This can also be overcome, providing enough
attention is given to the design of the circuit, which unfortu-
nately is seldom done by the ‘‘low-cost” manufacturers. As will
be explained later, a flat frequency response is not always ideal,
but is almost invariably desirable. Almost any power tube can be
made to respond equally to frequencies between 20 and 17,000.
However, in many cases it is not advisable, both from the eco-
nomical and practical angles.

Returning once more to the problem of selecting the right
type of tubes for certain amplifiers, we can say that this will
depend entirely on the amount of power and gain required.
Since amplifiers are purchased, designed and constructed, this
is of practically no concern to the ultimate user of this product.
What he really is interested in is whether it will fill his needs.
What the consumer does have a right to demand is correct
ratings of amplifiers, in order that he may intelligently select
an amplifier in the most economical way. As it will be noted in
the catalogue pages of this manual, that is just what we have
endeavored to accomplish. Unfortunately, this is not the case
with most amplifier manufacturers.

Before discussing the more practical phases of the amplifier,
let us summarize the requirements placed on vacuum tubes:

1. To amplify or increase minute voltages to values sufficiently
large for exciting power tubes;

2. To cause larger alternating currents to flow in output cir-
cuits in order that power may be obtained to drive the loud
speakers;

3. To accomplish these functions without distorting or chang-
ing the wave from its original form;

4. To be as efficient as possible, and to maintain constant
output over a period of time. Tubes should always be replaced
the moment any sign of deficiency is noted, otherwise unneces-
sary trouble and expense will be incurred.

SELECTION OF THE PROPER TYPE OF AMPLIFIER

From what has been related in the preceding paragraphs, it might
seem that the ideal thing to do would be to always use an am-
plifier having a flat frequency response from 20 to 17,000
cycles, as much power as possible, and with a gain sufficient for
all types of input devices. For many reasons which will be
shown, this is not the case. Below are the factors which govern
the selection of an amplifier.

1. The power required.

2. Source of sound to be amplified and frequency re-
sponse necessary for faithful reproduction.

3. Type of speakers employed.

The power required of an amplifier in the public address
field varies anywhere from 2 to 60 watts. No definte law can
be made for the amount of power that will be required for any
given installation, because of the many factors involved. Two of
the major factors which govern the amount of power required are:
the number of people to be supplied and the acoustics, or the
opposition offered by the air and surrounding objects. A 3-watt
amplifier with certain associated equipment may be more than
adequate for a gathering of people in a medium-sized room,
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provided the listeners are not conversing. Yet, it will completely
fail if placed in a large room. It may also fail if a great deal of
conversation is carried on in the room. It is evident that a cer-
tain amount of experience and common sense is required in
order to ascertain properly the amount of power necessary for
certain conditions.

Throughout the catalogue pages of the manual we have at-
tempted to give the approximate capacities of the various am-
plifiers in practical terms, or in other words, we have stated some
uses for which each amplifier is particularly suited. However,
these suggestions should not be considered as criterions, as they
are simply given to allow the prospective consumer to obtain
some tangible comparison of the various systems.

Also, on page 20, a chart will be found which will also allow
some comparison between the power level ratings of amplifiers
in decibels and actual sound. One factor which must always
be remembered is that the rating of any amplifier is the max-
imum one, and since sound may at times reach peaks twice its
average level, no amplifier should be operated at more than
one half its maximum rating. For example, a 15-watt am-
plifier is considered to have an average output of 7.5 watts.
(Note that this is one half of the maximum rating, and not
the peak.) The peak rating now being given by amplifier
manufacturers is somewhat misleading. An amplifier is meas-
ured with a steady signal which is increased until the rise in
power output does not continue to increase at the rate it did
when the input voltage was increased from zero to one tenth the
maximum amount required for full power output. This means
that from zero to maximum power no wave form distortion will
occur, and the harmonic content will remain low. From this
point on, doubling the amount of input voltage may only cause
a 10 to 20 percent increase in power output, whereas a 100
percent increase should occur. Peak ratings given in this man-
ual indicate the point at which the power output starts to de-
cline, and is known as the saturation point. This value is given
simply to show that the maximum rating is not the peak one,
but the actual value at which no wave form distortion occurs.
This procedure was made necessary because of the unfair methods
employed by some manufacturers in indicating the peak value
as the maximum.

Finally, in order to decide on the amount of power necessary
for a given installation, rely on your experience and the manu-
facturers’ recommendations, and if you do not find the answer
from these two sources, write to our consultation department,
giving all details regarding your requirements; we will be more
than pleased to suggest as many solutions to your problems as
possible. This service is free, so why not take advantage of it?

SOUND SOURCE AND FREQUENCY RESPONSE

The next problem with which we are concerned in choosing the
proper amplifier is the source of sound to be amplified, that is,
whether it is to be transcribed from a phonograph record, picked
up through a microphone, transferred from a radio tuner, or all
three. Any of these requirements vitally affect the quality of
the amplifier necessary for their amplification. If the amplifier
is to be used with a medium-priced phonograph pick-up it is
only necessary that the amplifier have a gain of approximately
40 db and a frequency response essentially flat from 60 to 6000
cycles. This means that a system for operation from this input
source will be inexpensive. The disadvantage in using an ampli-
fier having a flat frequency response above 6000 cycles is the
over-abundance of scratch noise which will be present. For this
reason, in many instances filters are used with phonograph pick-
ups which cut off the frequencies above 4000 cycles. These
units are known commercially as scratch filters. In other words,
it is economically unsound to purchase an amplifier with a fre-
quency response above 6000 c.p.s. if it is not to be used.

If the source of sound is from a microphone, the type of am-
plifier will depend entirely upon the quality of this unit. For
instance, if a medium-priced double button carbon mike is em-
ployed, the gain of the amplifier should be about 70 db and
have a frequency response from 60 to 7000 or 8000 c.p.s. If
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a condenser microphone is employed, this frequency response
and gain will be sufficient, providing the head amplifier is stan-
dard. That is, the head amplifier in the condenser microphone
has an output level of —40 db or better. If the output equipment
will permit the reproduction of the higher frequencies, up to
10,000 c.p.s., the condenser microphone will be found excellent
for use with this type of equipment. If the dynamic or velocity
microphone is employed, the frequency response of the amplifier
should be as good as the external equipment, from the lowest
to the highest. (If you are using input and output coupling trans-
formers that are good from only 60 to 8000 c.p.s., it is of no
advantage to have an amplifier with a flat frequency response
from lowest to the highest.)

With a radio tuner the same condition exists. [f the tuner
is a superheterodyne, the amplifier should have a frequency re-
sponse from 60 to 5000 c.p.s. Ifitis a T.R.F. type, the response
should not exceed 10,000 c.p.s. Frequently this is not feasible if
the output equipment responds to 10,000 c.p.s. to any degree,
as otherwise inaudible heterodynes or whistles will be heard.
Another disadvantage of the high frequency response when using
a radio tuner is the increased level of the background noise. The
average superheterodyne receiver on the market to-day does
not reproduce anything higher than 4000 to 5000 cycles.

The gain required in this instance will depend on the output
of the tuner, usually about 50 db. This means that the am-
plifier should have a gain of approximately 60 db for the average
unit. However, some tuners have sufficent output to operate on
amplifiers with a gain of only 30 db, while others require even
more than 70 or 80 db for proper operation. The required gain
of the amplifier for any type of tuner is always stated by repu-
table manufacturers.

If we require a unit which will operate successfully on all
three sources of sound, the frequency response will depend on
the quality of all the external equipment, especially the type of
microphone to be employed. |f carbon microphones are to be
used, an amplifier with a response from 60 to 7000 cycles will
be sufficient for all three sources. If, when using a phonograph
pick-up, the scratch noise is objectionable, a filter may be used
on this source only. If a velocity microphone is employed, an
amplifier with a gain of approximately 125 db and a frequency
response flat from at least 40 to 12,000 c.p.s. should be used,
provided the external equipment will respond to those frequen-
cies. Better still, the main amplifier may have an average gain
of about 70 db or better, and a pre-amplifier may be used with
the velocity microphone. The latter method is better from the
standpoint of hum and transmission of the sound from the mi-
crophone to the main amplifier, since it is better to transmit
sound at a high level than a low one. Most broadcast transmis-
sion lines are operated at a level of approximately plus 2.5 db,
which corresponds to a wattage level of about 11 milliwatts.
When using the phonograph and radio tuner on this type of
amplifier, condenser padding may be used to obviate the trouble
referred to previously, when these units are used with an ampli-
fier with a frequency response above 6000 to 10,000 c.p.s.

Another condition often encountered is that the input device
may have a frequency characteristic which will require the am-
plifier to have anything but a flat response. A typical example
of this is a photo-cell when used to transcribe sound from a film.
The amplifier in this case should be down at least 10 to 15 db
at 60 cycles, and have a rising characteristic on the high end,
otherwise an over-abundance of low frequencies will result.
This is due to the characteristics of the average P.E. cell, the
output of which is much higher at the lower frequencies. Some
types of phonograph pick-ups have the same condition, and
very often they cause varied opinions between friends as to
their quality because they are not using them on the same am-
plifier. One will say it has too much bass, the other will claim
it is lacking in the lower frequencies.

To summarize, choose your amplifier along lines discussed
above, and always keep in mind the frequency response of the
external equipment, as an amplifier is only as good as its asso-
ciated parts. Never use a common phonograph pick-up on a



high fidelity amplifier. It is analogous to playing old mechani-
cally recorded records with electric pick-ups. On the other
hand, never use a high fidelity velocity microphone on the
average amplifier and speaker combination and expect to obtain
the same quality as the broadcast stations have.

All of the rules set down in the preceding paragraphs regard-
ing the use of the various types of input devices apply in the
same manner to speakers to a greater degree, inasmuch as the
frequency response of the speaker does not compare to the other
two sections of the amplifying system, namely, the input device
and amplifier. The frequency response of the average input de-
vice and amplifier is comparatively flat over its effective range,
whereas the response of the loud speaker is a series of peaks.
Also, since the operation of the loud speaker is an acoustical
function, the location will govern its effectiveness. Laws of
acoustics tell us that in order to obtain low frequency vibra-
tions, we must have long wavelength, or large area; for high
frequencies we must have short wavelength or small area, hence
high frequencies have small cones, low frequencies large cones.
The ideal combination is of course two speakers operating in
their effective ranges. Economically this is not always possible
and we must therefore be satisfied with a happy medium,
namely, an eight or twelve inch speaker with a sounding board,
often called a baffle, for the lower frequencies. This is about the
best arrangement for medium-priced installations. The choice
of speakers will be discussed in a later part devoted to that
subject, and should be consulted before selecting the amplifier.

The most important effect of the speaker upon the selection
of an amplifier is that it directly governs the amount of power
that will be necessary under certain conditions. This will also be
treated in the section mentioned in the preceding paragraph.

VARIOUS SYSTEMS OF AMPLIFICATION

Before discussing the choice of output and input impedance,
it is well to differentiate between the popular systems of audio
amplification now in use commercially, which are "‘ballyhooed"’
to a degree that is often misleading to those not actively engaged
in the sound profession. There are Class "‘A," Class ““AB’’ or
“AAA" (still better, Class ““A’" Prime), and Class *'B.”" So far
as the ultimate consumer is concerned, these are meaningless
terms and are of no value to him one way or another. Whether
the amplifier employs ‘A" “B,”" “C,”" “D,"” “E” or ""F" ampli-
fication does not interest him so long as he obtains an amplifier
which will suit his needs. It does interest the designer, since he
is able to use these three systems to accomplish more than could
ordinarily be obtained from the same amount of equipment.

To the designer these three systems mean simply this. With
Class ‘A’ no power will be required from the driving source.
With Class A" Prime, by supplying a small amount of driver
current, more power can be obtained provided the tubes will
stand the load. Class '“B"' means that power must be supplied
from the driving circuit, but enormous power will be obtained
with great efficiency if a great deal of attention is given to the
design of the associated equipment. For medium power it is a
toss-up between Class A’ Prime and Class "'A,"”" depending on
the type of tube employed. One of the main disadvantages of
Class ‘A’ Prime is that it drives the tubes beyond their normal
capacity, resulting in short life. The efficiency of Class ‘A"
Prime is somewhat higher than that of straight Class "'A."" Class
"B is the most efficient power amplifier and has only one dis-
advantage, and that is it requires precision design and construc-
tion, otherwise the worst form of amplification will result.

The results obtained in laboratories show that Class “'A’"" am-
plification is always superior except with tubes which have a
tendency to draw grid current, such as the type 48 D.C. tubes.
Here, Class ‘A’ Prime has been used with excellent results.
Class ''B"" has been found to be more efficient than any other type
for power amplification, above 20 watts. In the final analysis,
if two amplifiers have equal power, harmonic and frequency
characteristics, the form of amplification employed is imma-
terial.

INPUT IMPEDANCE

The selection of the proper input and output impedances de-
pends, of course, on the type of auxiliary equipment necessary.
The average amplifier is never supplied with an input trans-
former for reasons which would require many times the space
available here to enumerate. A few of the major ones are as
follows: First, it would be physically and electrically impos-
sible to manufacture a transformer that would properly match
all types of input equipment. If a transformer is made to match
two or three types of input equipment, it is almost invariably
used for only one purpose, which automatically increases the
cost of the system. Furthermore, a transformer, especially one
operating at a low level such as an input unit and designed for
several impedances, is never as efficient as a transformer de-
signed for one specific use. The possible frequency response for
the investment is greatly impaired when using a combination
transformer. If a number of input sources is employed, the
problem of switching attains a complex form. Finally, in com-
mercial amplifiers it would be necessary to mount the input
transformer on the amplifier chassis, which is like wishing for
a typhoon if you happen to be stranded in a row boat. In fact,
it the gain of the amplifier exceeds 60 db, it is almost impos-
sible to eliminate the inductive hum pick-up that results when
an input transformer is brought within two or three feet of the
amplifier. The best policy is to always keep the input equipment
at least three to four feet from the amplifier and other equip-
ment operating on A.C., such as phono motors, filament trans-
formers, etc. The core of the input transformer should prefer-
ably be placed at right angles to the core of the power trans-
former or other sources of possible hum pick-up.

All Lafayette amplifiers, with the exception of the 60 watt
Class "'B"" Booster, are rated at 500,000 ohm input impedance.
This does not mean that the associated equipment must equal
that value, but rather it indicates the size of the grid leak on
the first tube. By knowing this value we can determine
whether any loss will be encountered by the shunting effect
of the grid leak when an input coupling device is connected to
the amplifier. As stated before, no power is required from the
input circuit of a voltage amplifier, and therefore any im-
pedance may be connected to this type of amplifier provided
enough voltage is available to excite the first audio tube. By
referring to the section of this manual devoted to input devices,
data will be found which will enable the reader to determine
those units which will require matching or input transformers,
and those which will be connected direct to the amplifier. In
measuring the gain of amplifiers, 150,000 ohms is taken as a
value for computation of the gain, while impedances in the
order of megohms may be employed provided the input grid
leak is increased to a value where it will not affect the input
source.

One important factor that must be taken into consideration
in coupling input devices to amplifiers is an unusual condition
which arises in an amplifier. In an ordinary electrical circuit,
if we alter the impedance, the voltage and current will change,
but the power will always remain constant. The rating of an
amplifier is always in power gain, irrespective of the impedance
current, or voltage, and as related several times before, the
input of an amplifier functions on voltage only. Therefore, the
higher we keep the voltage, the more actual gain will we obtain
for the same power input. Hence, always maintain the input
impedance as high as possible, as the higher the impedance or
resistance the higher the voltage will be.

For example: A 200 ohm pick-up may have a power level
of minus 40 db, but since the input impedance is considered
to be 150,000 ohms, the actual level will be much lower than
the computed amount. Therefore, if we use a matching trans-
former, which does not increase the power level but rather
lowers it about 5 db, we will enlarge the amount of voltage
delivered to the grid of the first tube, and we will obtain in
actual use approximately the degree of gain stated for the
amplifier. In other words, to obtain the rated gain of an am-
plifier, the input impedance must equal 150,000 ohms for a
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stated power level. Allowance should be made for this differ-
ence when using input devices with impedances lower than
150,000 ohms.

OUTPUT IMPEDANCE

The output impedance of the amplifier must, of course, match
the impedance of the speakers, and this can be accomplished
only by use of transformers. The power level at which output
transformers are operaled is many thousand times higher than
that of the input transformers, and hence they can be made with
several impedances without injuring the response to a great
degree. However, these units are expensive to construct and are
supplied with the larger amplifiers only. Most all of the cheaper
amplifiers are supplied less output transformers for reasons of
economy, as they are seldom used with more than one speaker,
which invariably has its own transformer. Medium-sized ampli-
fiers are supplied with output transformers with two windings,
one for voice coils of dynamic speakers and the other for line
transmission work, usually about 500 ohms. This affords a com-
bination applicable to every installation, inasmuch as a 500 ohm
line is essential when using several speakers in different locations.
Line matching transformers are employed at each speaker to
match the line to the voice coil. Figure 20 illustrates how to
match any number of speakers to a 500 ohm line by employing
a universal line transformer having secondary impedances of 2, 4,
8, and 15 ohms.

The efficiency of the output transformer directly governs
the amount of power which will be transferred from the am-
plifier to the speaker. All output transformers have a certain
amount of power loss regardless of how they are constructed.
The best transformers, which sell for $15 to $20, have a
power loss of approximately 10 percent. The transformers sup-
plied with Lafayette amplifiers which sell for about $7.00
have a power loss of 15 percent, while the transformers sup-
plied with inexpensive speakers have power losses as high as
50 percent. These ratings are taken at 1000 cycles. After
consideration of the above facts, no explanation is necessary
of how important a good output transformer is from the power
transfer angle. On the other hand, it is not feasible to pur-
chase a $15 transformer for an amplifier of equal value. It is
economically sound to use a transformer with a 15 percent
power loss on all amplifiers which involve an investment of
more than $25. The Lafayette special P.A. transformers are of
the same type as those used in the Lafayette amplifiers and
have a power loss of 15 percent. For amplifiers costing less
than $25, transformers with a power loss of 25 percent may
be employed, although better results can be obtained with the
more expensive transformers. Very often this is the reason
why radio sets which are supposed to have greater audio power
than their predecessors do not sound any louder. The manu-

facturers have found it cheaper to use large power tubes and
small transformers rather than the opposite. Many a radio
owner would be astonished if he knew what could be obtained
from his radio set by replacing the present 40 or 50 percent
transformer with a 15 percent one.

The remaining characteristic is the frequency response de-
sired from the output transformer, or the “‘output impedance”
of the amplifier. Here again it would be foolish to purchase a
transformer capable of reproducing frequencies which your am-
plifier and speaker are not. Lafayette amplifiers are supplied
with output transformers in proportion to the frequency char-
acteristic of the amplifier. High fidelity amplifiers are even
listed with two types of output transformers in order that the
prospective user may select a unit to match the external equip-
ment. On page 32, where the Lafayette A.C. high fidelity
amplifier is illustrated, representative curves are shown which
will enable the reader to see how the frequency response of an
amplifier may vary with the quality of the output transformer.

It can be said that nearly all reliable manufacturers supply
their amplifiers with output impedances to conform to the
external equipment with which each amplifier is most likely
to be employed. In many instances they are listed both ways,
with and without output transformers, in order that you may
be spared the additional expense if the standard output trans-
former does not match your equipment. Invariably they are
able to supply the proper transformer for any installation.

In conclusion, choose your amplifier along the lines discussed
in the preceding paragraphs, bearing in mind at all times the
status of each individual piece of equipment, and keep them
always on the same level or standard. Very often velocity micro-
phones are used with $2.00 coupling transformers, a fairly
good amplifier, a poor speaker and output transformer, yet the
user wonders why it does not sound as good as the chain pro-
grams. On the other hand, he may use the finest of every-
thing except one item and the result will be almost as bad as
if everything were of inferior quality.

One phase which was omitted in the preceding paragraphs,
was the possible source of power for the amplifier. Amplifiers
are available to-day for operation on any source from 6 volts
D.C. to any voltage A.C. Under all circumstances amplifiers
operated on A.C. are superior to those used on D.C., except
pre-amplifiers, where it is often necessary to employ a battery
supply in order to eliminate hum. The latest innovation in
amplifiers is a model that operates entirely from a six volt car
battery. These units are excellent for mobile use, but should
be confined to that category, as they consume considerable
current from the battery, which is usually supplied by the auto-
mobile generator thus making the actual drain nil so long as
the car motor continues to run.

SPEAKERS

The final stage of a sound amplifying system performs the most
difficult task, that of converting the strong electrical impulses
into air vibrations, or sound waves. The device for accomplishing
this is known as a loud speaker. This loud speaker, even though
it does not respond to all audible frequencies equally, nor acts
the same under all conditions, is truly a remarkable unit. No
single item can perform as many things at the same time as a
loud speaker.

Essentially, only five types of loud speakers, or more cor-
rectly, electro-acoustic converters, have been developed. These
are: the magnetic, dynamic, condenser, crystal and exponential.
The latter type is in reality only a form of the dynamic and
magnetic, as will be shown later.

The first type to be developed was the magnetic unit, which
has three variations, i.e., the disc diaphragm variety, the cone
diaphragm unit, and the exponential or horn type driven by the
disc diaphragm unit. All of these units operate on the principle
of the effect of a varying current in an electro-magnet. By
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placing a suitable diaphragm or metal plate in the vicinity of
this magnetic field, vibrations are created by the repelling and
attracting forces of this field. This type of speaker has many
imperfections which will not be discussed here inasmuch as this
device is now obsolete.

However, it is well to note that the common head phone is
nothing more than a small magnetic loud speaker. These units
have very high sensitivity ratings, but only reproduce a small
portion of the audible spectrum at relatively small power levels,
which make them ideal for that specific use.

CONE TYPE DYNAMIC SPEAKER

The cone type dynamic speaker was introduced several years
ago, as many old-timers will recall, in the form of the RCA-104
unit, At that time, this type of speaker was beyond the reach
of the average pocketbook, as it sold for $275 including the
amplifier. To-day, even the smallest midget receiver employs a
dynamic speaker,



The secret of the efficiency obtainable in a dynamic speaker
lies in the fact that the cone or diaphragm is virtually free to
move in any direction, thus allowing it to vibrate at all audible
frequencies to a comparatively equal degree. In order to accom-
plish this free movement it was necessary to reduce the size of
the voice coil to a point where it could be fastened to the cone
or diaphragm without retarding its movement. The natural in-
ductance and impedance of the coil were then found to be too
small to cause any appreciable movement of the cone when a
varying current was impressed upon this coil. To overcome this
difficulty, an enormous electro-magnetic field was created
around this voice coil, by constructing a large electro-magnet,
commonly referred to as the ‘‘field.” This electro-magnet origi-
nally consisted of several miles of bell wire wound around a single
rod of iron, into which at least 10 watts power was supplied. In
fact, the first dynamic speaker had almost ten miles of wire in

the field coil.
By creating this enormous field around the comparatively

minute moving coil, referred to as the voice coil, the repelling
and aiding effect was amplified to a degree where the efficiency
was raised many times over that obtained with the magnetic
unit. Also, the frequency response, especially on the low end
of the spectrum, was greatly enhanced. Many improvements
have been made since the introduction of the RCA-104, and
to-day we can procure a dynamic speaker employing a 12 inch
cone and requiring only 4 to 6 watts field excitation which will
produce much better results than we received from the 104
type for almost one-fifth the amount originally expended.

CONDENSER TYPE

A condenser speaker was introduced in 1926, which operated on
a radically different principle from the one employed by the
magnetic and dynamic units. This unit functioned due to the
attraction and repulsion of a thin sheet of metal when electric
impulses was impressed upon it. These units never became
popular because they were very bulky and expensive to con-
struct., This type of speaker also has many electrical shortcom-
ings which will not be enumerated here, inasmuch as they are
no longer of any interest.

EXPONENTIAL TYPE

The exponential speaker, as stated before, is simply a variation
of the dynamic and magnetic speaker. A horn having the ap-
pearance of a trumpet is attached to either a regular magnetic
or dynamic unit in order to further amplify the sound by the
oldest known form of sound amplification, ‘‘the megaphone
effect.”” The main advantage in using this additional horn or
trumpet is that the sound can be concentrated in more or less
one direction, which is extremely advantageous for outdoor use.
Another feature of the exponential speaker is that the high
frequency response is intensified, which is very important for
outdoor sound distribution. However, the one distinct disad-
vantage of this type of speaker is the loss of low frequency
notes which occurs, and for this reason it cannot be used where
faithful reproduction is desired, thus making it unsuitable for
music reproduction in the home or auditorium.

Recently, however, modifications have been made in the
exponential section in order to partially overcome some of the
difficulties mentioned in the above paragraph, making it adapt-
able for auditorium use where a directional effect is absolutely
essential. We refer to the exponential baffle used in theaters for
sound-on-film reproduction and stage pick-up.

The exponential speaker, of both the horn and baffle types,
now uses only dynamic drivers for obvious reasons, and there-
fore requires separate field excitation. The problem of proper
field excitation is treated thoroughly in a paragraph devoted to
that subject.

CRYSTAL TYPE

The latest addition to the speaker family is the crystal type.
This unit employs Rochelle Salt crystals as the driving mechan-
ism instead of the usual magnetic unit. These crystals are made
to bend when electrical impulses are impressed on them, thus

producing air vibrations. While this type of speaker is available
in units resembling the standard magnetic device, it is seldom
employed as an individual speaker because of its inability to re-
produce the low frequencies.

The crystal speaker, when used to reproduce the higher
notes above 2000 cycles, becomes an excellent device. This
unit is always employed in conjunction with a regular dynamic
speaker, on high fidelity systems only, By referring to page 49
of this manual, a conception of the physical appearance of this
device will be acquired.

By exercising a great deal of care in placing this high fre-
quency speaker so that the phase relation between the two units
is correct, the effective range of any public address system may
be greatly enlarged. The proper way to mount this unit is to place
the rim of the small bell exactly parallel to and at the edge of
the dynamic speaker. For this reason the crystal speaker excels
the cone type high frequency units, as it is much smaller and
can be mounted in the fashion just mentioned. Another advan-
tage of the crystal is that no filters are needed to keep the low
frequencies from disturbing the action on the higher notes, as
a special coupling arrangement automatically takes care of this
condition in the speaker. [t can be connected directly to the
voice coil of any dynamic, and furthermore requires no field
excitation. This speaker will handle more power than the other
types of high frequency speakers so far developed.

There are several disadvantages in using the high frequency
speaker under certain conditions. If this unit is used on a radio
set or amplifier with a tuner, an over-abundance of static, back-
ground noise, and heterodyne whistle will result. Broadcasting
channels do not permit the transmission of frequencies above
5000 cycles and therefore these units should never be employed
with radio sets or tuner-amplifier combinations. Also, when pho-
nograph records are the input source, it is not advisable to use
high frequency speakers unless the listener does not object to the
additional scratch which results. Finally, never use this speaker
if the amplifying system is not capable of producing the higher
frequencies above 6000 cycles.

Before discussing the selection and proper matching of the
various types of speakers, it is appropriate to ascertain the neces-
sary field supply for the various units.

FIELD SUPPLY REQUIREMENTS

Magnetic units operate by means of small voice coils and large
permanent magnets, and hence no external field is necessary.

Dynamic units require external field excitation which must be
from a direct current source. By varying the size of wire on the
field coil these devices may be operated from potentials ranging
from 6 to as high as 500 volts D.C. When it is necessary to ob-
tain the field supply from an alternating source, rectifiers are
employed to change the power from A.C. to D.C. Also, since the
field coil contains considerable inductance, it is a common pro-
cedure to employ this coil as part of the filter system of an am-
plifier or radio set. With the latter instrument, this is almost
invariably the condition.

When the field is used as a choke in the filter system, the
field resistance may vary from 200 to S000 ohms, depending on
the amount of current passing through the winding as well as the
required amount of field excitation in watts. Fundamentally,
Ohm's Law is all that is necessary in order to compute this value;
i.e., the resistance in ohms times the current in amperes squared.
Example: current passing through the field is 80 milliamperes
or .08 ampere, field resistance 1500 ohms. Thus, 1500 X
.08 X .08 = 1500 X .0064 = 9.6 watts.

If the field current is obtained from an A.C, source, a trans-
former and a rectifier tube are employed in a conventional circuit
in order to rectify the A.C. potential. The field in this instance
serves as the filter choke, a condenser being employed to by-pass
the remaining ripple. Recently, due to the introduction of the
25Z5 rectifier, the cost of this type of field supply has been re-
duced inasmuch as the transformer can now be eliminated.
Where a number of speakers must be operated on alternating
current, a separate rectifier capable of supplying the field for all
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the speakers may be employed. In some cases this is econom-
ically sound, while in others it is not, depending on the number
of units involved.

Obviously, when the field supply can be obtained from a 110
volts D.C. lighting supply, no special equipment is necessary.
However, the field resistance must be low enough to allow the
proper amount of current to flow in the field coil. The wattage
obtained from a given ficld resistance, applied to any constant
voltage source, can be ascertained by again referring to Ohm’s
Law,i.e., wattage equals the voltage times the current in amperes.
The current can be obtained by dividing the voltage by the re-
sistance. Assume we have a 1500 ohm field to be applied across
a 110 volt source and we desire to know what the field wattage
will be. First divide 1500 into 110, which will give .073 ampere
or 73 milliamperes. Then it is only necessary to multiply .073
by 110, which gives us 8.03 watts. When the field is obtained
from a 6 volt D.C. source the same rule will apply. For ex-
ample, in order to obtain at least 6 watts field excitation, a re-
sistance of 6 ohms will be required. Referring to the formula,
we find that this will permit one ampere to flow, or 6 watts.

If possible, always obtain the field supply from the amplifier,
as this is the most economical way, provided the speakers are
located nearby. In remote installations, where a number of speak-
ers are employed, it is always advisable to use separate field ex-
citers.

CHOICE OF SPEAKER

Selecting the proper size speaker for various types of installa-
tions presents one of the major problems in the art of sound dis-
tribution, the reason being that all of the acoustical aspects of
the location must be taken into consideration, together with the
fact that the available equipment, namely the speakers, is by no
means perfect. In one location certain equipment may be more
than satisfactory and completely fail in another which appears
to be identical.

Reverberation, i.e., the continual rebounding of the air pul-
sations against the background objects, probably causes more
trouble than any other one condition. If the reader will recall,
we spoke of the effect of damping a microphone in the second
chapter, which is somewhat analogous to the conditions that
exist when reverberation occurs. Likewise, the method for over-
coming this condition is to dampen or deaden the room. Acous-
tical experts often are heard to remark when entering a room
that it is either '‘dead’’ or ‘‘alive,” which means that the rever-
beration effect is or is not occurring. Never expect to obtain
any results in a room that is “‘alive.”” Some steps must be taken
to overcome this condition before satisfactory results will be re-
alized. There are several ways of overcoming this condition, de-
pending entirely upon the amount of reverberation present. All
of the methods are simply forms of damping; namely, drapes on
the walls, heavy carpets on the floors, increased objects in the
room and reflectors are some of the schemes employed.

In theaters, it is possible to notice the change in the quality
of the sound as the house fills up. This is due to the effect of
absorption by the audience.

Echo, known to everyone, presents somewhat of a problem
when sound is being distributed in large halls, auditoriums, and
outdoors where a “hall” effect is present; namely, a long street
with high buildings. Directional speakers can be employed at
times to overcome this condition, by facing them in the direc-
tion where a minimum amount of echo is encountered. In large
halls and auditoriums a number of small speakers operated at a
low volume will overcome this trouble. In all instances where
echo occurs never operate one loud speaker at a great volume,
but rather several speakers at as low a level as possible.

In many locations it will be found advisable to use a combi-
nation speaker in order to properly distribute the sound. A typi-
cal example is to use one or two large speakers mounted on large
sounding boards or baffles for the local area to reproduce the
low notes, together with either a trumpet or exponential speaker
for the higher frequencies as well as to force the sound into re-
mote locations, where it is not possible to install a speaker. For
outdoor locations this combination is ideal. If the investment
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prohibits the use of two types of speakers, trumpets should be
used for outdoor work, in preference to the cone dynamics.

The efficiency of any amplifier depends on the number of
speakers employed, up to a certain point. The number of speak-
ers which can be operated on any amplifier may be estimated by
taking one half of the maximum wattage of the amplifier, and
dividing that value by .75; we then obtain the approximate num-
her of speakers which can be employed. Example: power output
of amplifier 15 watts, 7.5 watts average, divided by .75 gives us
ten speakers, provided the coupling is perfect, which is impos-
sible. A minimum of 20 percent loss should be considered, which
leaves us with eight speakers instead of ten. Therefore, in this
instance, eight speakers should be employed if maximum effi-
ciency is desired. [n all cases, use as many speakers as possible
up to the capacity of the amplifier as stated, since the funda-
mental action of any sound system is to create air vibrations.
Hence, the more speakers employed, the greater the force of the
air impulses.

SPEAKER FREQUENCY RESPONSE

Dynamic speakers depend almost entirely upon the object to
which they are mounted for the proper low frequency distribu-
tion. As mentioned before, low frequencies, or high wavelengths,
are a function of area, and hence these objects should have a
frontal area of at least 24 X 24 inches for best results. Very
often it is necessary to attach additional sound boards or baffles
in order to obtain the proper low frequency response. These baf-
fles are usually made of a very ‘‘dead” material called Celotex,
in order to prevent the sounding board from resonating, or vi-
brating excessively at its natural wavelength. Radio sets mounted
in console cabinets seem to start vibrating on certain notes, caus-
ing an additional sound to be present with that coming from the
speaker, sometimes in the form of a blast. This is known as cab-
inet resonance, and can be overcome by only one method, that
of damping the cabinet by using heavier material or adding Celo-
tex to its sides. Fundamentally, a baffle or sounding board per-
forms two functions: it gives area to the low frequencies and
also prevents the air pulsations in the rear of the cone from
mixing with those coming from the front. This latter function is
absolutely essential, since the two air impulses are exactly 180
degrees out of phase, and cause considerable trouble if permitted
to collide.

The high frequency response of a cone type dynamic speaker
is limited by the construction of the cone, and only by using ex-
ponential horns can its response to the higher frequencies be
increased. When this method is employed a loss on the low fre-
quency end of the audible spectrum naturally occurs. A high
quality dynamic unit will respond to all frequencies between 60
and 4000 cycles to approximately the same degree. In order to
extend this range without affecting the low frequency response,
or producing a large peak on the middle frequencies, a separate
unit must be employed to fully reproduce tones above 5000
cycles.

PROPER MATCHING

Improper matching of a number of speakers when used on the
same amplifier is probably the cause of more sound system fail-
ures than all of the other mistakes combined. The reason for this
is probably because there are so many different types of output
impedances, voice coils and transformers, the value of which the
sound man has very little chance of determining if it is not indi-
cated on the device. Very little thought is ever given to the fact
that improper matching not only causes a frequency and power
loss in the line itself, but it also lowers the power output of the
amplifier.

The majority of amplifiers, when supplied with output trans-
formers, have two ranges of impedances, namely, a low and high
section. The low range may be tapped so that impedances are
available from 2 to 15 ohins, while the high range is usually 500
ohms tapped at 250 ohms. Occasionally this latter range is ex-
tended even higher for operation of magnetic speakers, between
2000 and 4000 ohms. However, since it is difficult and costly to
manufacture a good transformer with both the extremely low
and high impedances, and also since magnetic speakers are sel-




dom used to-day, the high range seldom exceeds 500 ohms.

When amplifiers are supplied with these multiple transform-
ers, unless specified, they are to be employed at one impedance
only. This limitation, which many sound men fail to consider, is
the direct cause of the majority of mismatching troubles. For
example: A dynamic speaker having an 8 ohm voice coil will be
connected to the proper tap, and an additional speaker will also
be connected to the 500 ohm by means of a speaker to line trans-
former. While this condition does not affect the operation of the
transformer, it lowers the power output of the amplifier due to
the reflected load on the output tubes. |n some instances this
will lower the power output of an amplifier more than half, and
also increase the distortion to the same degree. |n order to couple
the two speakers in question, and still employ the 500 ohm line
on one of the units, it is necessary to connect the 500 ohm line
to the 250 ohm winding of the output transformer, and the
8 ohm voice coil speaker to the 4 ohm winding on the output
transformer. This will then give the same reflected load on the
power tubes as if either one 500 ohm line or one 8 ohm coil
were connected to its respective terminals. For best power
transfer and frequency conditions, the value of load connected
to a transformer winding should never exceed twice its rated
value. That is, nothing higher than a 1000 ohm winding should
be coupled to a 500 ohm winding. Also, when the load on two
windings is doubled so that both impedances can be used, they
must be connected at all times. A 1000 ohm winding cannot
be coupled to a 500 ohm winding unless a second winding is
also loaded in the same manner, i.e., twice its rated impedance.

POSSIBLE CONNECTIONS WITH A LINE TO VOICE COIL
TRANSFORMER
Values shown on the diagram (fig.20A) are those obtained when

the load applied to either winding‘is exactly as designated, i.e.,
the voice coil impedance 13 either 2, 4, 8, or 15 ohms connected

LINETO VOICE COIL
TRANSFORMER

FIGURE 20A

to its respective secondary tap, and the primary is employed with
either a 500 or 250 ohm line.

Speakers with 2 ohm voice coils should never be placed more
than S feet from the transformer. Four ohm voice coils may be
located as far as 10 feet from the transformer. [t is possible to
extend 8 ohm voice coils as much as 25 feet. Fifteen ohm voice
coils can be placed at a distance of 50 feet from the transformer
without serious loss of power provided a large size wire is used.
Large wire should always be utilized to couple the voice coil to
the transformer—at least No. 16. Voice coils below 4 ohms
should be connected with at least No. 14 gauge wire.

A transformer is an extremely flexible device and may be used
in other forms than those specified. |n order to enable the sound
specialist to reduce the number of matching transformers to a
minimum, a few of the possible combinations are given below.
As stated in the text, matching transformers always involve power
losses as well as frequency descrepancies. Therefore, it is always
advisable to operate as many speakers as possible on each match-
ing transformer. |f the speaker, or spe<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>