


































































































































































































































































































































































































































































































































































































































































































right reproducers must be at least 5 feet (effectively), this means 
that the cabinet must be either 5 feet long or must have some ar­
rangement by which the sound can be projected so as to simulate 
the proper spacing. Two examples of single-cabinet stereo-system 
reproducer enclosures are shown in Fig. 7-28. 

A very elaborate stereo reproducing system is pictured in Fig. 
7-29. The design of the reproducer is illustrated in Fig. 7-30. Basi­
cally it consists of two three-way ( woofer, midrange, and tweeter) 
speaker systems, one mounted on each side of the enclosure struc­
ture. Their sound outputs are directed against a large round surface 
which reflects them to the listening area in such a way as to dis­
tribute the sound while maintaining its essential directivity for 
stereo effect. 

Stereo Headphones 

A good pair of stereo headphones is a worthwhile accessory to 
any high-quality music system. An increasing number of amplifiers 
and receivers include a stereo-headphone jack on their front panels, 
and, if no jack is available, connection to the speaker terminals is a 
simple matter. If a tape recorder is part of the music system, any 
serious attempt at live recording, as well as sound-on-sound record­
ing techniques, requires headphone monitoring for proper balance 
and level adjustment. 

A type of headset suitable for home listening is shown in Fig. 7-31. 
Each earpiece contains a 1-inch miniature dynamic speaker and is 
filled with plastic foam for resonance damping. The front of the 
driver cone is also loaded with plastic foam, and its enclosed rear is 
vented to the interior of the earpiece through two small holes. These 
design features are intended to give a wide, smooth frequency 
response with a minimum of peaks and holes. 

The liquid-filled vinyl cushions mold themselves firmly but gently 
around the wearer's ear. External sounds are almost totally excluded, 
and it is said that the padded headband and soft ear cushions permit 
the listener to wear the headphones for hours without experiencing 
discomfort or fatigue. 

The 8-foot plastic-covered cord has four conductors so that the 
two earphones can be electrically isolated if desired. They are fitted 
with a three-circuit phone plug that fits the. stereo phone jacks of 
most amplifiers. 

The frequency response of the phones shown in Fig. 7-31 is rated 
at 30 to 20,000 Hz. While stereo headphones provide a very different 
listening impression than do speakers, earphones have a wide-range 
response, smooth and with low distortion. High-frequency hiss is 
somewhat noticeable. Fig. 7-32 shows a record changer and built-in 
amplifier that is specifically designed for headset listening. 

337 



Courtesy Bogen Div., Lear Siegler, Inc. 

(A) Bogen stereo system. 

Courtesy Electro-Voice, Inc. 

(B) Electro-Voice system with EV4 speakers. 

Fig. 7-27. Examples of use 

338 



of compact enclosures. 

Courtesy Heath Co. 

(C) Heathkit stereo center. 

Courtesy NuTone, Inc. 

(D) NuTone system with in-wall speakers. 
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(A) Magnavox Astra-Sonic 
radio phonograph. 

(BJ Magnavox Agean, with color television 
receiver built in. 

Courtesy The Magnavox Co. 

Fig. 7-28. Single-cabinet stereo systems. 

CHOOSING A SPEAKER SYSTEM 

The judgment of speaker-system performance is, to a great extent, 
subjective. A number of system designs with excellent characteristics 
are available. Differences in the performance of these systems is such 
that the listener's taste rather than known measurable technical 
factors provides the basis of a choice. This is partly because the 
listener does not always conform to the ideal of wanting reproduc­
tion exactly like that which he would hear when present at the 
location of the performance. Various factors have conditioned him 
to tend to like a few deviations from realism, although constant ex­
perience with reproduction that is nearly perfect can educate one. 
There are a few people who just do not have a hearing system 
adequate to hear more than a limited degree of the audio range 
and who, either physically or by training, cannot distinguish be­
tween the performance of a poor radio receiver and that of a well-

Courtesy James B. Lansing Sound, Inc. 

Fig. 7-29. A full-range stereo horn enclosure. 
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DIVIDING NETWORKS 
WOOFER 

(BASS FREQUENCIES) 

TWEETER 
(REPRODUCES ONLY 

THE MUSICAL OVERTONES) 

CAST EXPONENTIAL HORN MIDFREQUENCY UNIT 
BETWEEN 500 AND 7000 HERTZ 

Fig. 7-30. Speaker arrangement in the enclosure of Fig. 7-29. 

designed high-fidelity system. Then there are all the gradations in 
between. Keeping these facts in mind, we can note the following 
points in the selection of a high-fidelity speaker system. 

1. There is no set formula for high quality, for reasons already 
explained. Each type of well-known system has its enthusiastic sup­
porters, but the best audio engineers recognize both the strength 
and weakness of each system. Although they may favor one over the 
others for themselves, they realize that the type of listener and his 
situation influence things greatly. You cannot find the best system 
offhand; you must figure it out for yourself. 

2. You cannot separate the choice of the speaker from the choice 
of the system as a whole. When you first decide you want high 
fidelity, you must also decide the optimum compromise between 
your ear and the cost. Optimum high fidelity costs money. Speakers 
cost the most of any part of it. The speaker system is thus very likely 
where the limit of cost will enter the choice. The first thing to do is 

, ~ \ 
. "I.":\,.: 

Fig. 7-31. Koss professional stereo phones. 1·, .. ·~ .. ·· 
. .·•· ~--

• ;.>, 

L ~ .. ~lillHWl~ ~ 

Courtesy Koss Corp. 
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Courtesy Shure Brothers, Inc. 

Fig. 7-32. Shure SA-10 record changer and 
amplifier for headset stereo listening. 

determine the highest quality which really means something to you. 
The only way to do this is to shop around. Visit the stores where 
systems are sold, and, even better, become acquainted with people 
who have high-fidelity systems of various degrees of quality and 
different types of arrangements, and see which ones you like. More 
important, determine where you stop appreciating increments of 
increase in quality per unit of cost. 

A vast majority of people are very happy with a system having 
response only to about 6 or 8 kHz, providing other distortions are 
low. A limit can almost be defined in terms of dollars because per­
formance generally follows cost to some degree, assuming that parts 
of the system are properly matched. Once you have made your 
choice of quality level, the specifications of your whole system in­
cluding input devices, preamplifier, as well as the speaker system, 
should be chosen to match. This is important because two of the 
easiest ways to waste money are: ( 1) to have major parts of a system 
not matched in performance and cost requirements, and (2) to pay 
the high cost of quality increments above your natural taste 
requirements. 

3. Frequency-range limitation is not as annoying as other forms of 
distortion. When we speak of the response of a component or system, 
we assume ( and thus probably take too much for granted) that the 
harmonic and intermodulation distortion over the entire range are 
low. It should be kept in mind that a limited frequency range in 
itself minimizes harmonic distortion because it cuts off components 
of harmonic frequencies above the range. Listener tests in general 
have definitely shown that a good, clean, low-distortion frequency 
response up to 4000 Hz is preferable to a frequency response that 
extends up to 10,000 or 15,000 Hz, but with slightly greater harmonic 
distortion. The prospective purchaser of a speaker system should, 
therefore, not place too much emphasis on nominal claims of fre­
quency response but should assure himself as to how low all forms 
of distortion remain over the entire range. 

4. The listener's ear is the final test. All specifications, charts, and 
data should be considered in their relationship to the sound to the 
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listener's ear, rather than to any technical tests; however, data from 
a valid technical test may be criteria as to whether the listener may 
some day acquire a more discriminating taste. 

5. Although there is much to be said for the wide range of some 
of the single-cone, extended-range systems, the systems with the 
greatest range are generally those of the multiple type. The pur­
chase of a multiple system does not in itself guarantee high fidelity. 
Such things as divided presence ( consciousness of dual source lo­
cations), takeover, and fuzzy highs are common complaints. Many 
feel that a dual system is worthwhile in a higher-priced system but 
that the single-cone type of system is appropriate for lower-cost 
installations. 

6. In separate-unit multiple systems, watch the phasing. The 
path length between the listener's ear and the source should be the 
same for both woofer and tweeter. If this requirement is not adhered 
to, the high- and low-frequency components join in the wrong phase 
relationship at many frequencies, and substantial distortion can 
result. 

SPEAKER LISTENING TESTS 

As has been explained, the final test of a speaker system is how it 
sounds. The listener who does not know what to look for in such 
tests is at a disadvantage. He may overlook factors which later, after 
he has purchased the system, may assume new importance. Experi­
ence has shown that proper attention to certain features will go 
a long way toward assuring continued satisfaction. 

There are no standards of performance. Furthermore, most pro­
spective purchasers of speaker systems do not have equipment to 
make the tests necessary to check a system against proper standards. 
Consequently, listener tests must be made as personal comparisons 
between different available systems. 

The following suggestions should tell the reader what to look for 
in making listener tests on a speaker system. Each feature should 
be compared from one system to the next in an attempt to evaluate 
the one most pleasing. In any tests, every effort should be made to 
eliminate other components of the whole high-fidelity equipment by 
using the same or similar auxiliary equipment with each different 
speaker system. If the reader has not had experience in distinguish­
ing between audio-frequency tones of different frequencies, it is 
suggested that he obtain an audio signal generator or test record 
made for this purpose, connect it to a speaker, and run through the 
audio range, familiarizing himself with the sound of audio tones of 
low, middle-range, and high frequencies. He will then be better 
prepared for the listening tests which follow. 
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1. Look for distinctions between various kinds of bass notes, such 
as those from different musical instruments. If a bass drum, plucked 
strings, or bass horn all sound alike, then there is probably excessive 
bass resonance effect in the speaker or the enclosure. 

2. Compare performance on voice with performance on music. 
Voices should be crisp, natural, and highly intelligible with the 
same amplifier adjustments used for music from the same source. 

3. Listen for sudden crescendos of percussion instruments and to 
pizzicato passages of music. Check for evidences of hangover tran­
sient distortion which would make it difficult to distinguish one pluck 
from another. 

4. If possible, apply to the system a high-frequency tone of, let 
us say, about 10,000 Hz. If this is not possible, listen to needle 
scratching or interstation noise from an fm tuner. Then walk around 
in front of the reproducer, checking relative output directivity. The 
broader the output distribution at high frequency, the better is the 
system. 

5. Tap the sides of the enclosure with your knuckles and note 
whether they are deadened properly or respond with undesirable 
vibration. All parts of an enclosure structure should be solid and 
dead. 

6. Be sure that, for each speaker system checked, the amplifier 
boost controls are adjusted for the most pleasing performance. Also 
check the speaker balance control ( if any) for best balance between 
woofer and tweeter output. This control is sometimes referred to 
as the treble adjustment of the speaker system. It is unfair to com­
pare systems in which all controls are not adjusted for optimum 
performance. 
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Systems Design, Selection, 

and Installation 

8 

The assembly of a number of components to create a complete 
sound system is not difficult if some general principles of system 
design are observed. The major units which make up a sound system 
are record players, tuners, tape equipment, microphones, television 
receivers, preamplifiers, amplifiers, speakers, enclosures, baffies, 
horns, and other acoustical aids. Other parts, such as switching 
circuits, pads, microphone and speaker stands, cabling, and the like 
are also to be planned. In order to assemble a sound system which 
will perform in a desired manner, it is necessary to be familiar with 
all the components used, and what is required of each of them. 

REQUIREMENTS 

The most important physical and electrical design characteristics 
of a complete sound system involve size, power, fidelity, gain, com­
pensation, filtering, number and type of controls, number and type 
of input (program) sources, and number and type of speakers. The 
design objective and limiting factors are elements which determine 
these characteristics. Each must be carefully considered before the 
components of a sound system can be specified. All of the com­
ponents which make up a complete system must be carefully co­
ordinated if the system is to operate properly. No component should 
be chosen without regard to the other parts of the system with 
which it is to be used. 

AUDIO POWER 

Before the components of a system can be selected, the power 
necessary to supply the required sound volume must be determined. 
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The absolute unit of power measurement, as applied to physical 
sound, is the acoustic u.,,-att. The acoustic watt is a unit of power of 
the physical activity of air at sound frequencies. It is not convenient 
to think in terms of the acoustic watt when designing a sound 
system, because the actual requirements are related to too many 
variables and the net results are extremely difficult to measure. 

The objective is to provide the listener with a close approximation 
to an original live performance. Achievement of this objective re­
quires the subjective equivalents of sound pressure levels that ap­
proach those of a concert hall. Although the peak sound pressure 
level of a live performance is about 100 dB, the average listener 
prefers to operate an audio system at a peak sound pressure level 
of about 80 dB. The amplifier, however, should also accommodate 
listeners who desire higher-than-average levels, perhaps to peaks of 
100 dB. 

A sound pressure level of 100 dB corresponds to less than one watt 
of acoustic power for an average room of about 3000 cubic feet. 
If speaker efficiencies are considered to be in the order of 5 percent, 
a stereophonic amplifier, then, must be capable of delivering about 
20 watts per channel. Higher power outputs are required for 
speakers of lower efficiency. The peak-to-average level for most 
program material is between 20 and 23 dB ( 100 dB peak less 80 dB 
average equals 20 dB peak-to-average). A system capable of pro­
viding a continuous level of 77 dB and peaks of 100 dB would 
satisfy the power requirements of nearly all listeners. Moreover, 
because sustained passages that are as much as 10 dB above the 
average may occur, the power-output capability of a top-caliber 
system should not be below the value required for a peak of 100 dB 
of acoustic power while delivering a continuous level of 87 dB of 
acoustic power. 

The audio watt is more convenient to work with than the acoustic 
watt. The audio watt referred to in this respect is the unit of electri­
cal power at audio frequencies as measured at the output terminals 
of an amplifier. The power requirement of a specific installation can 
be expressed in terms of the number of watts of audio power re­
quired from the amplifier to be used if the efficiency of the speaker 
system is taken into consideration. 

The efficiency of good speakers used with sound systems runs 
from under 5 to over 15 percent. Assuming that the speakers used 
have an average efficiency of 5 percent, it is possible to estimate the 
power requirements of a particular installation in terms of watts of 
audio power. 

Fig. 8-1 is a chart that can be used for rough estimating. It shows 
the minimum power required for coverage of rooms of various sizes. 
The size of a room is based on its volume in cubic feet. 
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Fig. 8-1. Audio power required for various room sizes. 
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The shaded area indicates the approximate limits within which 
the power requirements fall. The range of selection is given to pro­
vide for various possible uses of the system. The wider the range of 
reproduction required, the greater is the power required. 

The charts shown in Figs. 8-1 and 8-2 are based on use of efficient 
speakers with reinforced baffiing. However, designers of speakers 
of the acoustic-suspension type, now commonly used in home hi-fi 
installations, generally trade off efficiency of speaker output for im­
proved quality and reduction in size; the efficiency of such speakers 
may be as low as one percent. Therefore, when these charts are 
used to determine the optimum power requirements of acoustic­
suspension speakers, it is recommended that the power require­
ments be multiplied by a factor of five. 

Since a proportionate increase in power capability of an amplifier 
to drive a less efficient speaker is less expensive than the cost of a 
more efficient speaker of equal quality, the trade-off described above 
is usually in the best interest of the consumer. 

Determining Power Required 

The exact audio power required from the amplifier used with an 
indoor installation is governed by several factors. The most im­
portant of these are: the volume of the room or rooms to be served; 
the acoustic characteristics of the walls, ceiling, and floor; the 
average noise level prevailing; the frequency range of the system 
and of the material to be reproduced; and the efficiency of the 
speaker system. 

The chart of Fig. 8-2 can be used to estimate detailed power re­
quirements for rooms of various volumes. Curve A is for speech­
reinforcement systems using high-efficiency horn-type speakers when 
the prevailing noise level is low. If the noise level is high, curve B 
applies, providing horn-type speakers are used. Curve B also applies 
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when cone speakers are used and the noise level is low. When the 
noise level is high and cone speakers are used, curve C applies. 
Curve C should also be used for the average music reproducing 
system when the noise level is low. For very high-quality, wide­
range reproduction, curve D should be used. 
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fig. 8-2. Amplifier output required for indoor applications. 
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The curves of Fig. 8-3 give the amplifier power capacity for out­
door reproduction. The power required for outdoor installation de­
pends on the distance between the speakers and the farthest point 
to be covered. Curve A is for a system using a single horn-type 
speaker covering an angle of 30 degrees. Curve B is for a system 
covering an angle of 60 degrees, and curve C is for a system cover­
ing an angle of 90 degrees. 

In multiple-room installations, i.e., installations where several 
areas are to be served, it is necessary to determine the total power 
requirements of all the locations which are to be equipped with 
speakers, and then arrange the distribution of power to the various 
speakers in accordance with the requirements of the individual 
locations. 
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For top-quality installations, there are two reasons why it is 
advisable to select an amplifier with a higher wattage rating than is 
actually required. One reason is that the higher-power-rated ampli­
fiers with the same ratings in regard to distortion and frequency 
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Fig. 8-3. Amplifier output required for outdoor applications. 

response as the lower-power amplifiers will provide better operating 
characteristics at lower-power operation than the lower-rated units. 
The other reason is that greater dynamic range is available to handle 
extra loud crescendos, which may occasionally drive a smaller ampli­
fier beyond its rated output, thereby causing noticeable distortion. 

FIDELITY 

The term "fidelity" includes a number of considerations. By defi­
nition, fidelity is the degree with which a system accurately repro-
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duces without distortion at its output the essential characteristics 
of the signal that is impressed on its input. The fidelity requirements 
of a system depend largely on the type of material which is to be 
produced and on the listener's taste. 

Frequency response is an important characteristic which helps to 
determine the fidelity of a system. Frequency response is a rating 
which indicates the range over which a system reproduces all fre­
quencies uniformly; thus, a system may be said to have a flat re­
sponse between 30 and 20,000 Hz, meaning that a curve of its output 
plotted against frequency is flat from 30 to 20,000 Hz. The term 
"flat" is generally understood to mean a deviation of less than ±0.5 
dB, which is not noticeable to the average human hearing system. 

Although human hearing is limited to about 20,000 Hz at best, 
modem equipment is often rated up to 100,000 Hz. The implication 
and fact is that if an amplifier has X distortion at a higher-than­
audible range, it should be able to produce less than X distortion at 
audible frequencies. The same principle is applied as that applied 
to the linear operation of class-A amplifiers: the smaller the operat­
ing portion of the overall response curve used the more nearly 
distortion-free the operation will be. 

FREQUENCY REQUIREMENTS 

For systems used predominantly for music, the frequency response 
should extend at least from 30 to 15,000 Hz. When a system is used 
for a direct pickup, and optimum fidelity is desired, a frequency 
response of from 30 to 20,000 Hz is desirable. This means that if the 
sound to be reproduced is being picked up directly from an orchestra 
or a singer, a wide range should be used. If, however, the source 
of sound is from recordings or electrical transcriptions, there is no 
necessity for an extremely wide range. A frequency response of from 
30 to 15,000 Hz is adequate for such a system. This takes into con­
sideration the average ear and all available components in the hi-fi 
chain. 

Both the upper and lower limits of the frequency response of a 
system are important. It has been conclusively determined through 
subjective tests that the upper and lower limits are related, and 
that when the upper limit is raised, the lower limit should be 
lowered. It is a fairly well established rule of thumb among audio 
engineers that the product of the upper and lower frequency limits 
should be about 640,000 Hz2• 

This means that if the upper limit is 10,000 Hz, the lower limit 
should be 640,000 + 10,000, or 64 Hz. When the upper limit is 20,000 
Hz, the lower limit should be around 32 Hz. The center point of the 
audible sound range is usually regarded as 800 Hz ( 8002 = 640,000). 
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For best results, the response of a system should be the same 
number of octaves above 800 Hz as it is below. ( An octave is the 
difference between two tones whose frequencies are related by a 
factor of 2. For example, one octave below 800 Hz is 800 + 2, or 
400 Hz. One octave above 800 Hz is 1600 Hz.) 

The wider the frequency response of a sound reinforcement sys­
tem, the more important it is to keep distortion content to the lowest 
possible percentage. Distortion can completely negate the advantage 
of a wide frequency-response characteristic. 

If a sound installation is to be used for a-m radio reproduction, or 
if other limited-response programs ( confined to frequencies between 
100 and 8000 Hz) are to be used, designing a system whose upper 
limit is 8000 Hz and whose lower limit is 100 Hz will reduce to a 
considerable extent the power and response requirements without 
reducing the efficiency of the system. When it has been determined 
that a system is to be used for limited response only and reproduc­
tion of highest-fidelity components is not considered worth maximum 
investment, the system components should be selected so as to have 
a narrow frequency-response range throughout. This will save con­
siderable money, and modem limited-range equipment will still 
sound good. 

DISTORTION 

Fidelity also includes the distortion characteristics of a system. 
For systems of the highest quality, the total cumulative distortion 
as fed to the speaker should not exceed 1 percent at normal operating 
level. 

Distortion refers to the presence of components in the output 
which were not in the input, but were generated in the system itself, 
and which may be in the form of changes in waveshape or new com­
ponents harmonically related to the input frequencies. For a detailed 
description of distortion see Chapter 1. If the equipment were to 
be used for speech reinforcement only, distortion content up to 3 
percent might not be objectionable, and the highest frequency 
needed to be reproduced would be limited to approximately 7000 
Hz. Overall system harmonic distortion becomes increasingly un­
pleasant to the ears as the upper frequency limit is raised. 

GAIN 

The overall gain of the amplifier parts of a system is important 
and must be carefully considered. The total gain of the amplifiers 
must be sufficient to drive the final stages to full output with the 
lowest-level input to be used. Gain is measured in decibels, or dB. 
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A decibel is an expression of a ratio of power or a ratio of voltage; 
thus, if we know the input signal voltage ( Ei) of a preamplifier 
and the output voltage ( E 0 ) of the same preamplifier, the overall 
gain requirements of this unit may be determined by using the 
following expression: 

Gain ( in dB) = 20 log ( i:) + 10 log ( :~:J 
where Zin and Zout are the input and output impedances, respectively. 

If the input power ( P,) and the output power (PO ) are known, 
the gain may be determined by the following formula: 

Gain (in dB) = 10 log(~:) 

As a matter of convenience, specifications of hi-fi preamplifiers 
and amplifiers are usually given in overall ratings in a more practical 
manner. Specifications for basic amplifiers are described as a certain 
voltage input across a definite input load impedance necessary to 
produce full output according to power-output rating. Standard 
input requirements for basic amplifiers may vary from ½ volt to 3 
volts of input across input load impedances varying from 100 to 500 
kilohms. 

Voltage input specifications must always be related to the load. 
A preamplifier or tuner rated to deliver 1 volt across 100,000 ohms 
will not drive a basic amplifier requiring 1 volt across 250,000 ohms 
to full output without more than rated preamplifier distortion. In 
some cases, input load conditions of basic amplifiers are not given, 
and ample drive should be provided to cover all contingencies. Also, 
basic amplifiers should have less than 2500-pf input capacitance to 
avoid distortion in the coupling network. 

Preamplifiers are usually rated in dB of gain or input voltage level 
for full output. Fifty to sixty dB of gain will usually provide sufficient 
output ( 5 volts or more) across standard input impedances from 
the lowest-level program sources, such as dynamic phono cartridges 
or microphones. Outputs from these sources may be as low as 5 
millivolts across 170 ohms. Input devices having lower outputs than 
this fall out of the practical application range, as noise becomes too 
great a factor. 

If all units are rated in dB, decibels may be added or subtracted; 
an amplifier always adds a certain number of dB, and an attenuator 
subtracts a certain number of dB. Thus, if a preamplifier with a gain 
of 50 dB is used with a power amplifier with a gain of 60 dB, the 
total gain will be 50 + 60, or 110 dB. 

The term "dBm" is used to indicate the volume level of a constant 
tone. It means that the level, or sound volume, of a constant tone is 
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the specified number of dB above 1 milliwatt. These units are used 
in specifications of professional equipment and apply only to micro­
phone levels as far as high fidelity is concerned. 

The volume unit is another term commonly encountered in the 
use of pickup units. The volume unit is similar to the dBm in that it 
is used to indicate the level of a signal in dB above or below 1 milli­
watt. The volume unit indicates that the measurement was made on 
average program material rather than on a constant tone as does the 
dBm. The volume unit is abbreviated VU. 
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Fig. 8-4. Power versus volume units. 

After the power output which will be required from the amplifier 
has been determined, and the microphones and other input sources 
have been selected, the gain which will be required from the ampli­
fier can be determined. The first step in determining the gain is to 
find the volume level in VU to which the power output of the am­
plifier corresponds. The curve in Fig. 8-4 gives a number of typical 
values of output power and the volume levels in VU to which they 
correspond. 

It is then necessary to determine the output level of the lowest­
level microphone to be used. Since microphones are rated in a 
number of different ways, their ratings should be converted to dB 
below 1 mW/ 1 bar, as described in Chapter 4. The output level of 
microphones is usually a number of dB below 1 mW. Therefore, 
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the output level must be added to the power output of the amplifier 
( in VU) to obtain the gain in dB required from the amplifier. 

The following is an example of the procedure followed: Assume 
that the power required from the amplifier is 15 watts, which is 
equivalent to +42 VU ( Fig. 8-4). If the microphone to be used 
with the amplifier has an output level of 53 dB below 1 mW, the 
gain required from the amplifier in this installation would be 
42 + 53, or 95 dB. 

In practice, it is usually wise to add a safety factor of about 10 
percent. In the preceding case, it would bring the gain required to 
105 dB. If an amplifier is to be used with a number of input sources, 
the gain required for use with each microphone should be deter­
mined. 

If high-fidelity recording of one's own program material is de­
sired, gain becomes an important factor. Since the average basic 
amplifier provides only a 40- to 75-dB gain, a preamplifier to cover 
all conditions of input and output combinations should provide for 
a distortionless gain of 70 dB or more. Many preamplifiers are rated 
at only 50 to 60 dB of gain; so, if hi-fi recording is a must, one must 
either obtain a basic amplifier with sufficient gain to add to the 
preamplifier gain to provide a total of more than 100, or one must 
obtain a preamplifier with more gain. 

These high gains are required only for high-fidelity microphone 
pickup. Ordinary magnetic or crystal pickups for phono or mirco­
phone applications require less than 100 dB of total gain for up to 
60 watts full output. Under all conditions, 100 dB of total gain is 
recommended for average applications, barring the lowest-output 
hi-fi microphones, because it is easier and therefore less costly to 
produce high-quality low-gain amplifiers and preamplifiers. 

BUILDING UP A HIGH-FIDELITY SYSTEM 

Some of us may be fortunate enough to be able to go "all out" for 
high fidelity with our first system, but most of us cannot. In fact, the 
reader should not feel discouraged if his budget is limited, because 
he will probably learn more and derive greater enjoyment from 
building up his system in stages, starting with something relatively 
modest. Let us consider now some typical systems and also how an 
elaborate system can be evolved from a simpler one. 

First, consider the simple breakdown illustrated by the block 
diagram of Fig. 8-5. It is convenient to think of a system as broken 
down into its three main parts: ( 1) a program source device, such 
as a record player or tuner, ( 2) an amplifier and controls, and ( 3) a 
speaker system. This arrangement is a minimum complement for 
either monophonic or stereophonic reproduction. The differences in 
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stereo are only that provision must be made for a minimum of two 
channels ( possibly four channels) and their related controls in the 
amplifier section, and that two or more speaker systems must be 
used. In addition, the source material must provide stereo signal 
outputs. 

If you are starting from scratch, you should keep in mind that you 
will eventually want a stereo system. No modern high-fidelity system 
can be complete without stereo. However, we must consider here the 
possibility that you have a monophonic system now that is "left 
over" from pre-stereo days, or that you are starting from scratch 
and want to keep cost down in the first stage by limiting the system 
to mono. However, in either case, with a little careful planning, the 
monophonic system can be integrated into a stereo system later. 

Fig. 8-5. Three main parts of a 
high-fidelity system. 

PROGRAM 
SOURCE 
DEVICE 
~ 

AMPLIFIER 
WITH ~ SPEAKER 

CONTROLS 

There is one part of the high-fidelity system in which you can save 
by starting with mono, with no compromise in future use for stereo; 
that is the speaker system. A good wide-range speaker system will 
cost from $50 to $750, and of course you can spend considerably 
more. You will need to double this cost for two-channel stereo. If 
the rest of your system is designed for stereo, you can buy one 
speaker system first and operate with monophonic reproduction 
until you can afford the other speaker. 

Actually, the cost of amplifiers, changers, and tuners is not much 
greater for stereo than for mono, if you insist on good high-fidelity 
reproduction. For example, a good stereo record player can be 
bought for approximately $75, and buying a record player of equal 
quality for monophonic reproduction will not save you anything. 
A good stereo amplifier, with two complete channels and all the 
controls you need, is not more than 30 percent higher in cost than 
a similar monophonic type. 

At this point, individual needs must be analyzed-balanced design 
applied in relation to price and quality. The greatest attention 
should be given to the speaker. Fifty or one-hundred dollars more 
invested in this unit will give many times more return than the same 
amount spent in the amplifier. The next important unit where most 
return will be had per extra dollar spent is in the record player. 
Even a few dollars may make a great difference in this unit. Ampli­
fiers are now so well developed that even the lower-cost combined 
units perform well. There is little noticeable difference in amplifiers 
until you double or triple the investment, and then the difference is 
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small, compared with the differences between the lower- and higher­
cost speakers. 

Enclosures cannot be selected from a technical standpoint alone, 
as they must be selected to suit the overall room layout and asso­
ciated furnishing of a room. In relation to investment, it is again 
recommended that emphasis should be placed on the speaker rather 
than the enclosure. A good speaker will sound good in a poor en­
closure, but a poor speaker will still sound poor in a good enclosure. 
Furthermore, a good speaker will sound good with any reasonable 
bailing arrangement. 

Fig. 8-5 shows a minimum-complexity arrangement which can 
still produce continuous-program hi-fi reproduction of excellent 
quality. With a record changer as the program source, this arrange­
ment will be entirely suitable for playing medium-fidelity records 
and also give excellent performance on hi-fi records. Substituting a 
tuner ( either a-m, fm, or both) provides another starter arrange­
ment, designed for radio reception. If the tuner has high output, and 
if volume and compensation controls are provided in the tuner, 
only a basic amplifier need be provided. If the tuner does not possess 
a high output, then the preamplifier-amplifier unit will be required 
for equalization and volume control. 

A good starter arrangement is given in the block diagram of Fig. 
8-6A. When you purchase the speaker, you should keep in mind 
that you will want to add another speaker later, to provide for stereo 
reproduction. Therefore, the first speaker system might be something 
in a small enclosure, so that when the other speaker system is added 
the total space taken up will not be excessive. 

The next step in the evolution is to add the second speaker system, 
as illustrated in Fig. 8-6B. Now, with this one addition, you have 
stereo performance, using the stereo record player and amplifier. 

The next logical addition is a tuner, so you can hear stereo broad­
casts ( Fig. 8-6C). Your stereo amplifier should have inputs for both 
the record player and tuner, and a selector to choose either. You 
are now ready either to play records or listen to stereo broadcasts. 

Perhaps you prefer a tape machine to either the record player or 
tuner; it can be purchased in place of either one, or in addition to 
them. 

The diagram in Fig. 8-6C exemplifies a fairly complete stereo 
system, but you can still build from there. Fig. 8-7 illustrates a more 
advanced system. Here, the preamplifier is separate and is used with 
a basic amplifier unit. Record-player, tuner, and tape input devices 
are used. A third, "middle," speaker has been added, to minimize 
"hole-in-the-middle" effects. The same third-speaker circuit can be 
used to supply remote speakers. However, it should be noted that 
going from an integrated amplifier-control unit to a preamplifier and 
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basic amplifier is a major change in system design because many of 
the control facilities of the original complete amplifier are dupli­
cated in the preamplifier. The original integrated amplifier could 
still be used, but it might be economically desirable to replace it 
with a basic amplifier. The separate preamplifier will normally pro­
vide much greater flexibility than the original integrated amplifier. 

STEREO 
STEREO SINGLE-

AMPLIFIER CHANNEL 
RECORD WITH SPEAKER 
PLAYER CONTROLS SYSTEM 

$75 $75-$300 $100-$200 

(A) Starting arrangement. 

ORIGINAL 
SINGLE-

CHANNEL 
SPEAKER 

STEREO SYSTEM 
STEREO AMPLIFIER 
RECORD WITH 
PLAYER CONTROLS NEW 

SINGLE-
CHANNEL 
SPEAKER 
SYSTEM 

(BJ Addition of second speaker. 

STEREO 
SINGLE-

CHANNEL 
RECORD SPEAKER 
PLAYER SYSTEM 

STEREO 
AMPLIFIER 

WITH 
CONTROLS 

STEREO 
SINGLE-
CHANNEL 

TUNER SPEAKER $100-$300 
SYSTEM 

(CJ Addition of tuner. 

Fig. 8-6. Steps in acquiring a hi-fi system. 

This system does not provide for control of the center channel 
because its origin in this arrangement is at the final output point of 
the other two channels. Control of the center channel is essential to 
true stereo effect. An arrangement that provides complete control 
of center-channel blending and volume is shown in Fig. 8-8. This 
particular arrangement utilizes a combination stereo preamplifier 
and power amplifier, with center-channel mixing controls and a 
low-level center-channel output. The center-channel output is fed 
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Fig. 8-7. An advanced stereo system. 
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to a separate single-channel amplifier which drives the center 
speaker. An additional feature of this arrangement is that an old 
single-channel amplifier may be utilized for the center channel; thus 
the stereo effect can be improved at low cost. The two-channel 
stereo power output is fed to the left and right speakers in the same 
manner as shown in previous arrangements. There are numerous 
combinations of preamplifier and control center or preamplifier, 
power amplifier, and control center that provide a low-level third­
channel output that may be used in this arrangement. 

FOUR-CHANNEL SYSTEMS 

Four discrete channels and four speakers may be used to pro­
vide a four-directional surround-sound effect that is quite different 
from two-channel, two- or three-speaker stereo. The operational 
difference is that four instead of two different signals are fed to 
four separate speaker systems, and the speakers are placed in various 
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SYSTEM 

~ 
COMBINATION STEREO 

PREAMPLIFIER- -
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-
TAPE RIGHT 
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Fig. 8-8. Three-speaker output with controlled middle channel. 
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ways that, in effect, surround the listener to provide a concert-hall 
effect that can be quite dramatic compared with regular two-channel 
stereo. 

There are three main techniques commonly in use to provide 
four-channel sound. They are operation with four discrete channels 
( sometimes called 4-4-4), the derived-sound technique ( 2-2-4), and 
the encoded matrix ( 4-2-4) technique. All of these systems are 
described from several points of view elsewhere in this book. The 
general theory of derived sound, four-discrete-channel operation, 
and matrixing operations is discussed in Chapter 2. Descriptions of 
available equipment to adapt for and/ or provide four-channel sound 
are contained in Chapters 4 and 5. 

Discrete Four-Channel Tape System (4-4-4) 

The optimum method of providing four-channel sound is shown 
in Fig. 8-9. Signals from four-channel tape, either reel or cartridge, 
are played back through a four-channel integrated amplifier which 
contains four separate preamplifier-amplifier circuits with ganged 
controls and provision for balancing of all the channels. This ar­
rangement is known as four-discrete-channel stereo ( 4-4-4). The 
equipment and tape in this system should maintain 30 to 40 dB of 
separation between channels and provide any degree of control a~d 
balance necessary to bring out the best of any four-channel material. 

Four-channel open-reel equipment is expensive, and program 
material is scarce. This equipment is most suitable for professional 
use in developing program material in the studios. However, eight­
track, four-channel cartridge tapes are available in fairly good 
supply, and excellent equipment is available, in the middle price 

PROFESSIONAL 
4-CHANNEL 

REEL TAPE PLAYER 

OR 

4-CHANNEL 
INTEGRATED 
AMPLIFIER 

WITH 
GANGED 

CONTROLS 
AND 

BALANCE 
ADJUST 

SPEAKERS 

REAR LEFT 

FRONT LEFT 

FRONT RIGHT 

REAR RIGHT 

Fig. 8-9. System for playback of four discrete channels from tape. 
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range, that contains Dolbyized circuits and provision for use of 
chromium-dioxide tape that extends the useful audio range to pro­
vide excellent four-channel hi-fi sound for the home or car. 

Derived Four-Channel System (2-2-4) 

The simplest and lowest-cost method of creating the four-channel 
surround-sound effect is with the use of adapters and equipment for 
the derived-sound technique. This system fully utilizes the capaci­
ties of present two-channel systems by extracting parts of the signal 
content from the output power of a two-channel system and re­
directing selected portions of these signals to two additional speak­
ers ( Fig. 8-10) . This system obtains the additional channels of 
related but partially discrete information by means of a sum-and­
difference extraction matrix to provide two additional signals from 
the power outputs of a two-channel stereo amplifier. A simplified 
connection diagram of the Dynaco Quadaptor is shown in Fig. 8-11. 

When the original two output signals are fed through the matrix, 
the center front speaker is connected in series with the ground 
returns from the left and right speakers. The amplifier must have 
6 dB of blending to maintain sufficient separation at the speakers. 
The 6 dB of blending is equal in amplitude and opposite in polarity 
to the cross talk which is introduced by the front-speaker connec­
tion, and therefore cancels out the cross talk and provides excellent 
separation of the speaker outputs. 

The rear speaker is connected from the hot terminal of the left 
amplifier to the hot terminal of the right amplifier. No connection 
is made from the rear speaker to a ground terminal. The speaker 

R 

20 
!OW 

RIGHT 

FRONT 

Fig. 8-10. Use of two-channel equipment with adapter to derive two additional channels. 
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impedance isolates the hot sides of the amplifier outputs, and the 
common or ground terminals in each stereo-channel output should 
be connected. 

Derived-sound adapters may be used with nearly all component 
stereo amplifiers and receivers. A very few amplifiers ( notably 
those with a "floating" output circuit) cannot be used with this 
arrangement. The reason is that this system requires a common 
ground reference between the two channels. Any restrictions against 
joining the common (ground) output terminals of a stereo amplifier 
or receiver should be pointed out in its instruction manual. This 
limitation is not related to the normal prohibition against paralleling 
the outputs of a transistor amplifier ( direct connections between 
the "hot" or "high" terminals of the left and right channels). 

If separate mono amplifiers are used, they should have similar 
circuits so that proper phase relationships are maintained between 
the two channels. It may be desirable to connect their ground 
terminals together. 

When more speakers are added in the same room, the amplifier 
power requirements do not necessarily increase, provided that the 
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RIGHT 
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Courtesy Dynaco Inc. 

Fig. 8-11. Simplified connection diagram for Dynaco Quadaptor. 
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sum of the power outputs of the two amplifiers exceeds the sum of 
the minimum power-input requirements of all speakers in the room; 
see Figs. 8-1, 8-2, and 8-3. 

Fig. 5-60C shows the Dynaco SCA-80Q, which is a two-channel 
stereo preamp-amplifier with the Dynaquad circuits and controls 
built in and connected internally. This unit accepts two-channel in­
put and provides properly phased and balanced derived-four-channel 
output. The input can be from standard two-channel stereo fm 
multiplex, disc, or tape. The advantage of the Dynaco system is its 
simplicity; only a standard stereo system with two additional speak­
ers ( making a total of four speakers) and the Quadaptor circuitry 
are needed. 

The operation of the Quadaptor ( shown in Figs. 5-60A and 5-60B) 
is as follows: The REAR LEVEL control simultaneously adjusts the 
volume level of the two rear speakers. It does not affect the loud­
ness of the front speakers. In the fully clockwise position, with 
four similar speakers, the rear-speaker level is the same for a rear­
signal source as is the front-speaker level for a front source. Because 
the listener will normally be seated closer to the rear speakers, this 
control provides attenuation as recommended ( usually 3 to 7 dB). 
The control will likely be used at or near the ¾-clockwise position 
with four smiliar speakers. 

The mode switch, a 3-position switch, provides derived "four­
dimensional" sound in its normally centered position. In the lower 
position, the rear speakers are disconnected, and the front speakers 
are heard in conventional two-channel stereo. If it is desired to use 
another, remote pair of 8- or 16-ohm speakers simultaneously with 
some speakers in the main listening area, it is recommended that the 
Front Only switch position be used to protect the amplifier from 
undue loading. This will provide conventional stereo sound in both 
areas. 

In the upper (spring-return) Balance Check position, the speak­
ers are connected to reproduce only the difference between the 
channels. Here, there will be no output from a monophonic source 
( where both channels are identical) . 

To adjust for proper operation, this system must be balanced. 
The REAR LEVEL control is set to the maximum clockwise position, 
and the mode switch to Front Only. The desired stereo program is 
played at the normally used volume level. The amplifier or receiver 
should be switched to a monophonic operation mode, so that identi­
cal signals are appearing at the left and right amplifier outputs. 
This is usually identified as "Mono," "A + B," or "L + R" on the 
amplifier controls. If the amplifier has no mono switch provisions, 
a mono record or an a-m or mono fm radio program may be used 
instead. 
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When the Quadaptor switch is in the Balance Check position, 
little or no sound will be heard from any of the speakers. To obtain 
precise electrical balance and maximum separation, the balance 
control of the amplifier should be adjusted slowly for a null, or 
minimum sound output. If the amplifier has individual volume con­
trols on each channel rather than separate volume and balance 
controls, the two volume controls must be adjusted for the null. 
If the amplifier provides independent left- and right-channel bass 
and treble controls, the two bass controls should be nulled, as well 
as the two treble controls. Normally this will be in their "flat" posi­
tions, or where the tone controls are not affecting the circuit. If it is 
preferred to have some tonal modification, the controls should be 
nulled with the amount of boost or cut which the listener normally 
employs. 

Once a null has been established, release the Quadaptor switch, 
return the amplifier mode to normal stereo, and you should be 
listening to four-dimensional sound. Adjust the REAR LEVEL control 
so that the back speakers are just perceptible in the normal listening 
position. 

This simple balancing procedure may be repeated whenever 
changes in the volume-control setting on the amplifier or differing 
program sources make it advisable. 

Because the balance-control setting is critical to obtain optimum 
separation in this system, this control should not be used for shifting 
left-to-right emphasis when listening in the four-channel mode. 
Thus the listener is advised to shift his position to adjust balance 
inequities. 

If there is reduced separation, lowered output level, and uncer­
tain centering of soloists, or an ill-defined null, the cause is most 
likely to be reversed polarity (phase) in one of the connections to 
the Quadaptor. 

The degree of increased realism which this derived system pro­
vides over conventional two-channel stereo varies with the program 
material. Some material is specially recorded to take advantage of 
the capabilities of this system. With existing two-channel material, 
the benefits to be derived are largely random and depend on the 
particular recording techniques employed. However, such benefits 
may be dramatic on some recordings, and it is a rare performance 
which does not show some improvement. 

When the Quadaptor switch is placed in the Front Only position 
and then switched to four channels, additional audience-participa­
tion sound, including applause, should become apparent. In pop 
material, certain instrumentalists may appear to be located behind 
the listener, the result of unintentional microphone misphasing. 
Organ works frequently reveal added low-end power. On many 
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classical recordings, the initial impression when switching from 
two to four channels may not seem so dramatic. 

The benefits of four-dimensional sound will often be most appar­
ent in smaller rooms, where space restrictions were previously a 
significant handicap in reproducing material such as organ-pedal 
fundamentals, or in creating any sense of "hall sound." 

It should not be expected to hear four separate and distinct chan­
nels from the use of derived-sound techniques, as this would be 
in essence discrete four-channel sound or encoded four-channel 
sound. Realistic musical reproduction with derived sound will con­
tain a similarity in relationship between all sound channels and 
significant overlap between them, and a large percentage of the 
program material will be included in common in all channels. The 
derived four-channel system attempts to take advantage of this 
principle to develop the full simulated reproduction of the two 
sound channels and of their phase and amplitude interrelation­
ships in the four-channel mode. In effect, more information has 
always been on the record or tape than has been separated pre­
viously due to the masking effect of the louder signals ( described 
elsewhere in this book). Recording engineers have long striven to 
find microphone-pickup techniques and performer placement in the 
studio or hall which could uncover more of the "flavor" of the live 
performance on playback. 

The derived system provides for standard stereo reproduction 
from the front speakers without use of the rear speakers. If you 
switch off the rear speakers, you should hear the same left-to-right 
separation you always had. If a soloist was recorded in a central 
location, blended into the two channels, the solo will come from a 
virtual front center location between the front speakers. A mono­
phonic program played through the derived system using only two 
speakers will also appear as a centered front source. 

In operation, it is generally advisable to reduce the level of the 
rear-speaker output with a series resistor ( R in Fig. 8-10). This 
could be a 20-ohm, 10-watt variable noninductive resistor. The rear 
speaker may give better results if it is raised to a level above the 
head of the listener and pointed directly at the listener. 

Encoded Matrix Four-Channel System (4-2-4) 

The 4-2-4 encoded matrix technique offers a compromise method 
that provides discrete four-channel stereo sound with sufficient 
separation to develop concert-hall realism, and at the same time is 
compatible with present disc reproduction techniques and fm multi­
plex broadcasting. Fig. 8-12 shows an arrangement for using this 
technique with a two-channel stereo system, an added adapter, an 
additional two-channel amplifier, and two additional speakers. 
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Fig. 8-12. Arrangement for reproduction from encoded discs, tape, or fm broadcasts. 

The separation between channels is about half of that generally 
obtained with the arrangement shown in Fig. 8-9, but with propi­
tious allocation of separation to favor the front speakers ( where the 
effect to the listener is greatest) and to apply sufficient but reduced 
separation front to rear and rear left to rear right, this method pro­
vides an effect of concert-hall realism almost equal to that of the 
most expensive discrete four-channel system. Setup, connection, and 
operation of this system with the decoder shown in Fig. 5-62D con­
nected as in Fig. 8-12 are as follows: 

Four separate power amplifiers ( two stereo amplifiers) and four 
speakers are required. A simple way to use the preamp and input­
selector sections of most stereo amplifiers and receivers to feed the 
decoder, while the power-amplifier sections of that amplifier or re­
ceiver are used to power the left front and right front speakers of the 
four-channel system, is to operate the tape-monitor ( also called 
tape-source) switch. This switch interrupts the normal signal path 
through the amplifier and introduces a new signal from outside the 
unit, independent of the input selector switch. The connections for 
this arrangement are shown in Fig. 8-13. If the unit has a separate 
control which permits selection of tape input without disturbing the 
normal input selector, you can easily connect the decoder. 

The decoder can be inserted in the system anywhere ahead of 
the power amplifier. For example, the decoder can be inserted 
between separate preamp and power-amplifier components. How­
ever, some flexibility in system operation is lost with this method of 
connection, so the tape-monitor connection is recommended. 

While the choice of equipment for a four-channel system is of 
concern to many, the criteria for good performance are less severe 
than for two-channel stereo. As is the case with two-channel stereo, 
good performance results when all four amplifier channels are the 
same and all four speakers are the same. However, the results are 
still totally satisfactory if the rear amplifier is of lower power and 
the rear speakers have narrower frequency range, because the rear 
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Fig. 8-13. Connection diagram for Stereo-4 decoder. 
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channels are enhanced substantially by the front channels, especially 
at low frequencies, and vice versa. Program material which has am­
bient information (hall sound) in the rear requires less power and 
frequency response in the rear channels than does the type of pro­
gram material in which instruments are all around the listener. For 
best results, however, the two front speakers should be closely 
matched high-quality speakers. 

With the decoder gain control set at maximum, the decoder 
output will be no higher than the input voltage from the tape jacks 
of the front amplifier. For this reason, the gain or input sensitivity 
of the rear amplifier must be high enough that the decoder output 
will drive it satisfactorily. If the sound level from the rear amplifier 
is sufficient when it is connected directly to the tape output jacks 
of the front amplifier, then the decoder will work with it as well. 

Complete receivers ( amplifier with tuner), integrated amplifiers, 
preamps and power amplifiers, integrated compact systems, consoles, 
or combinations of these may be utilized for four-channel equip­
ment. The electronic unit used to drive the front pair of speakers will 
be called the front amplifier, and the electronic unit used to drive the 
rear speakers will be called the rear amplifier. 
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The unit to which program sources ( phono, tuner, etc.) are con­
nected should be considered the front amplifier. For this reason, 
a more complete unit ( stereo receiver versus stereo amplifier) 
should be considered for the front unit. If two similar units are to 
be used ( two amplifiers or two receivers), the better unit in terms 
of power output, distortion, etc., should be used as the front unit. 
If the two pairs of speakers are not identical, the better pair should 
be used for the front speakers. 

When the equipment has been selected, refer to Fig. 8-13 and 
proceed as follows: 

1. Using shielded audio cables of convenient length, connect the 
front-amplifier tape-output jacks to the decoder input jacks. 

2. Connect the decoder front-output jacks to the tape-input jacks 
on the front amplifier. At this point, you should have cables 
going to and from the front amplifier, connected to the decoder 
input and front-output jacks. 

3. Connect the decoder rear-output jacks to the rear-amplifier 
input. If the rear amplifier has tape-input jacks, use them. If 
not, use the auxiliary or other high-level inputs. 

4. Connect the four speakers to the appropriate amplifier output 
terminals. The speaker locations are named with the observer 
facing the "front" of the four-channel system. Thus, the left rear 
speaker is connected to the left speaker terminals of the rear 
amplifier. Be sure to connect all speakers in phase, as outlined 
in the speaker instructions and elsewhere in this chapter. 

5. If there is a tape recorder in the system, it may be connected 
to the tape-input and tape-output jacks on the rear of the 
decoder. These jacks duplicate the jacks previously used on the 
front amplifier, and, additionally, allow decoding of the output 
of the tape recorder into four channels. 

6. Connect the ac line cord to a convenient outlet. If a switched 
ac outlet is available on one of the amplifiers, power will be 
applied when the amplifier is turned on, and the decoder 
master gain control can be left turned up all the time. In fact, 
if switched ac outlets are available on both the front and rear 
amplifiers, plugging the rear amplifier into the front amplifier 
and the decoder into the rear amplifier will permit the entire 
set of equipment to be turned on with the front-amplifier power 
switch. 

7. Place the tape-monitor switches in the tape position to con­
nect the output of the decoder into all four amplifier channels. 
Start with the amplifier volume controls turned all the way 
down, the decoder master gain control turned all the way up, 
and the decoder function switches in the source decode posi-
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tion. Turning up the amplifier volume controls will provide 
the desired sound level in the room and also permit adjust­
ment of front-to-back balance. If the volume controls are 
initially set for the loudest sound level you want in the room, 
with the front and rear sound levels about the same, then the 
master gain control on the decoder will reduce the sound 
from all four speakers equally as it is turned down. 

After this initial adjustment, the rear-amplifier volume con­
trol can be used as the front-to-rear balance control. Adjust 
the rear sound level up and down slightly to move the balance 
point forward or backward in the room, and to adjust for best 
subjective effect. Enhancement of a two-channel classical work 
should provide a re-creation or simulation of the ambient sound 
as it originally existed in the hall where the recording was 
made. Normally this can be done by reducing the rear-ampli­
fier volume somewhat, and perhaps turning down the rear 
treble control. 

The left-right balance controls of both amplifiers work norm­
ally, although there will be less need to adjust the left-right 
balance in either front or rear. 

8. To return to straight-through two-channel operation of the 
front speakers, (A) return the front-amplifier tape-monitor 
switch to the source position, and ( B) on the rear amplifier, 
either switch back to source, or switch out of auxiliary depend­
ing on the hookup; or simply tum down the volume control. 

If a tape recorder is connected to the decoder as part of the 
system, it is possible to record conventional two-channel tapes, 
and play tapes through either the two-channel or four-channel 
system. The signals going to the tape recorder are identical to 
those coming from the tape-output jacks on the front receiver, 
where the recorder normally would be connected. If the de­
coder function switch is in the tape-monitor position, the out­
put of the tape recorder will play back through the front am­
plifier in normal two-channel fashion. If the function switch 
is in the tape-decode position, the output of the two-channel 
tape recorder will be decoded into four channels, just as a 
record or fm broadcast is decoded in the source-decode posi­
tion. 

Improved control may be had from the arrangement in Fig. 8-11 
by using the decoder shown in Fig. 5-62G. The operation technique 
is similar to that just described, but this adapter has more features 
to provide overall balance of the channels to each other with ganged 
controls. It also provides for monitoring visually and aurally, and 
it can provide "synthesis" for program material that is or is not 
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Fig. 8-14. Use of adapter-decoder-amplifier in 4-2-4 system. 

encoded to develop delayed or phased outputs to the rear channels 
for simulated effects of four discrete channels. 

Fig. 8-14 shows a similar system using a combination adapter­
decoder-integrated-amplifier made especially to adapt two-channel 
systems to four channels with only one additional electronic unit 
and two additional speakers. Fig. 8-15 shows an integrated fm stereo 
receiver and four-channel amplifier with built-in decoder and the 
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@@@ 
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CARTRIDGE PLAYER 
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TAPE DECK 
(2-CHANNEU 

SPEAKERS 

Fig. 8-15. System for two or four discrete channels or 4-2·4 encoded operation. 
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capability of operating in two-channel regular or four-channel de­
coded modes with auxiliary inputs and outputs for two- and four­
channel operation. This system will play four-discrete-channel out­
put from tape, both open-reel and cartridge, as well as process en­
coded 4-2-4 discs and fm broadcasts. 

ELABORATE ARRANGEMENTS 

A complete hi-fi system that does most everything one would ordi­
narily want with highest-quality reproduction could have many 
units. A fairly complete arrangement is shown in Fig. 8-16. It is 
expected that the speaker system, basic amplifier, control, and other 
units would be top quality, perhaps costing as follows: 

(A) Main speaker system 
( B) Auxiliary speaker system ( 2) 
( C) Speaker switcher and controls 
( D) Basic amplifiers 
( E) Control center 
( F) Record changer with reluctance cartridge and 

diamond stylus 
( G) Am/ fm tuner 
( H) Turntable with dynamic cartridge, 

diamond stylus, and hysteresis motor 
(I) Tape recorder 
( J ) Television chassis 
( K) Microphone 

$250 to $700 
$100 to $300 
$20 
$100 to $200 
$100 to $150 

$85 
$100 to $150 

$150 to $200 
$200 to $400 
$150 
$50 

One can spend several thousand dollars for top-quality compo­
nents such as the preceding. In addition to these, there are such 
items available as: automatic time ( on and off) switching controls, 
disc-recording equipment, intercom, telephone pickups, and others. 

SYSTEMS LAYOUT 

There are aspects of high-fidelity systems design that may be 
related to all the members of a family. Sometimes it is better to 
sacrifice highest fidelity of sound reproduction to gain better family 
relationship. A compromise in placement of the units may bring 
better harmony everywhere, both in music and family relations. For 
instance, one never knows where a wall speaker will sound best until 
the unit is tried in the wall, but once the hole is made in the wall it 
is difficult to move. 

Problems in physical layouts of hi-fi equipment break down into 
three groups: 
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1. Speaker placement 
2. Operations and control position 
3. Units that can be concealed 

The last is no problem anywhere. The first two problems may be 
solved in a combined manner or separately. The controlling factor 
is the room acoustics, and so we will begin with speaker placement. 

Speaker Placement in Single-Channel Systems 

The placement of the speakers is a very important problem, be­
cause proper speaker positioning is necessary in order to obtain 
adequate distribution of the highs and at the same time make ade­
quate provision for bass reinforcement. If microphones are involved, 
improper speaker placement may cause feedback. Added to this is 
the problem of minimizing interference between speakers. 

There are no rules which can be applied to all installations, but 
there are a number of points which should be observed when 
selecting speaker locations. 

Speakers should never be placed at two ends of a room. As a rule, 
they can be mounted on one wall or in one corner of a room. Most 
of the sound heard by a listener should come from one point or from 
speakers which are equidistant from the listener. 

A number of typical examples will serve to point out the procedure 
used in locating speakers. Fig. 8-17 shows two methods of mounting 
a speaker in a square room. In Fig. 8-17A, the speaker is mounted 
in one comer of the room. This gives the best distribution of sound 
when a single speaker is used. The maximum high-frequency dis­
tribution can be expected only over 90 degrees; consequently, this 
is the only method of obtaining full coverage. In addition, when a 
comer folded horn is used, the walls act as a part of the system, and 
an additional advantage of the comer application is gained. To give 
the proper assist to the folded corner horn, there should be wall 
lengths of at least four feet beyond the enclosure. In Fig. 8-17B, the 
speaker is mounted on one wall ( or in it), giving less than full 

(A) Speaker in corner 
of room. 

(B) Speaker in only 
one wall. 

(C) Placement of speaker for a 

rectangular room. 

Fig. 8-17. Speaker placement in square and rectangular rooms. 
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(A) Wrong way. (Bl Right way. 

Fig. 8-18. Speaker placement in L-shaped room. 

coverage of the highs. This same arrangement for rectangular rooms 
( Fig. 8-l 7C) will give better distribution because of reduction of 
reflection. 

Fig. 8-18 shows the right and wrong ways to position speakers in 
an L-shaped room. Fig. 8-18A shows the wrong way, in which a 
speaker is mounted at the end of each leg of the L. In Fig. 8-18B, 
the correct position is shown. The speaker system is arranged at the 
junction of the legs of the L, bisecting the angle to obtain even 
distribution of sound. 

Fig. 8-19 shows a two-room installation with adjoining rooms. 
A single speaker is mounted in each room. With this arrangement, 
the speaker lines are kept quite short, and if a listener is able to 
hear lows originating from two speakers, the speakers will be almost 
equidistant from him. This condition will exist near the openings 
between rooms. 

Using an inside wall as an infinite-baffie arrangement may tum 
out in some instances to be an excellent low-cost arrangement, but 
there are many factors involved that may reduce the effectiveness. 
In an average home, a speaker may be mounted in a wall between 

Fig. 8-19. Placement of speakers in adjoining rooms. 
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two rooms or between a room and a large closet. In any case, the 
baffie room must be in proper acoustic relation to the speaker to 
act as a first-class baffie. Room resonances in either room can be 
reduced by drapes on opposite walls, but this may not suit the 
decor. Severe reflections and other interference from the baffiing 
room back to the speaker will cause distortion. A baffiing room or 
closet must be acoustically treated to be effective. Chances are great 
that the acoustic nature of the room is such that a location where 
the infinite-baffiing technique can be used to best advantage is not 
the optimum location for the speaker, and as a result the distribu­
tion of the highs only covers half or less of the room. Experience 
has shown that cutting up a house to provide for infinite baffiing is 
not advisable as a practical matter on either a short- or a long-term 
basis. However, excellent results can be obtained if you persist and 
have a little luck. 

In almost all indoor installations, the speakers are mounted from 
a normal sitting ear level on up to near the ceiling. This allows a 
clear path for the sound to a listener in any part of the room. Floors 
and ceilings are not recommended for speaker mounting, because 
the effects seem unnatural. 

In outdoor installations, the speakers should be mounted 10 feet 
or more above the ground. All sgeakers should be located at the 
same point. This point does not necessarily have to be at the point 
of direct pickup, since in many outdoor installations sound from the 
point of pickup is a negligible factor. 

Speaker Placement in Stereo Systems 

As in the case of monophonic reproduction, the most critical link 
in the stereo reproducing chain is the speaker system. The require­
ments for stereo are even more rigid because proper speaker place­
ment and balance are important for production of the stereo effect. 

The use of all of the principles discussed in Chapters 6 and 7 for 
speakers and enclosures is more important in stereo systems than in 
mono systems. The reader is therefore referred to these chapters for 
fundamentals which concern the design of each individual speaker 
system. In stereo, we are primarily concerned with the use of at 
least two of these systems and how they are coordinated for best 
enjoyment of the stereo effect. 

The exact requirements for placement, relative frequency re­
sponse, and relative power-handling capabilities of the speaker sys­
tems to be used for stereo are matters on which even the most re­
spected authorities differ. This is probably because the placement 
of the microphones at the source, the relative size of the source 
( orchestra, chorus, etc.), and the nature of the sounds involved 
differ widely in the different programs to be reproduced. One set 
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of conditions cannot be optimum for all of them. So it is not possible 
to give positive single answers to most of the questions which the 
reader will have about acoustic reproduction for stereo. We shall 
therefore concentrate on reviewing some of the different ideas that 
have been set forth on the subject, aware that the listener is best 
qualified to make the final choice for himself. 

Matching Speaker Systems-It seems generally agreed that the 
ideal situation is two or four completely matched full-range repro­
ducing systems. Some have suggested that "reasonably good" stereo 
reproduction can be had with one elaborate system of speakers ( for 
center, right, or left) and one or more cheaper systems which can 
have limited frequency response (high) and perhaps a small degree 
of distortion. However, this suggestion is usually made in connection 
with a transition from a monophonic system to a stereo system, and 
this arrangement is not considered a good substitute for two or four 
top-notch speaker systems. 

In some compromises, cognizance is taken of the fact that the 
stereo effect is obtainable only with the higher-frequency signal 
components. Because of the large wavelengths of the lower fre­
quencies when compared to the spacing between speakers and the 
distance to the listener, the low-frequency sounds seem to come 
from a wide area. ( For example, at 50 Hz, the wavelength is over 
20 feet.) Also, differences in phase due to sound-source location 
differences are not noticeable at low frequencies, and the stereo 
effect is lost ( although presumably there is still an intensity differ­
ence ) . The fact that the stereo effect is not as prominent at low fre­
quencies has led to the idea of concentrating the low-frequency 
components ( which contain the most power) in one high-power 
woofer located in the center. The left and right speakers then need 
only reproduce the relatively low-power higher-frequency compo­
nents. The left and right speakers should be carefully matched, but 
lower-priced speakers than are usually employed in a full-range 
system can be used. The use of a middle speaker also minimizes the 
"hole-in-the-middle" effect. 

The left and right speaker systems must also be balanced as to 
phase. If the connections to one of the voice coils are reversed, the 
sound from one speaker tends to cancel that from the other, leading 
to distortion and lowered output. Correct phasing can be recognized 
as that resulting from the connection that gives the greater output. 
The polarity of each speaker is not important as long as both are 
phased the same way. Phase checking of speakers is discussed later 
in this chapter. 

Placement-The ideal speaker placement is the same as that of 
the microphones with which the sound is picked up. Unfortunately, 
this cannot usually be arranged, because microphone spacing differs 
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for different source material, and moving speakers around to match 
the program is not practical. Also, the layout and decor of the room 
must be considered, because, of course, the average home cannot be 
"designed around" the high-fidelity systems ( although in isolated 
instances this has been done!). Probably the best general guide to 
placement is the triangle illustrated in Fig. 3-1. First determine 
approximately where the listeners will sit; then draw an angle of 
from 30 to 45 degrees between there and the wall where the speakers 
are to be located. The points where the two sides of the angle inter­
sect the wall are the two approximate locations for the speakers. 

(A) At end of room. (B) Along long wall. 

(C) In corners at end. 

Fig. 8-20. Three ways of placing stereo speakers. 

As illustrated in Fig. 8-20, the speakers may be placed along the 
end wall, along the side wall, or in two comers ( for which special 
"comer speakers" are available). As indicated by the shaded areas, 
the stereo effect is obtained over a much greater area if the speakers 
are placed at the end of a room. Only those areas within the coverage 
of both speakers can provide stereo effect. Notice also that it is not 
good to plan on being too close to the speakers ( between them) be­
cause then, too, you will be out of the coverage areas. 

At the high frequencies, at which the stereo effect is the greatest, 
the radiation beam of the speakers is the narrowest. This is some­
thing to keep in mind especially when you are using single speakers 
at the left and right. Most tweeters in dual speakers are now de­
signed to spread the high-frequency energy over most of the beam 
width of the middle-frequency range. 
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Where space is limited, and the speakers cannot be spaced far 
enough apart, various methods are employed to orient the speakers 
so that they radiate as though they were farther apart. In one such 
arrangement, the speakers are mounted at the ends of a rectangular 
cabinet, and doors in the end are opened part way to deflect the 
sound outward to the listener. 

The Middle Speaker-As has been mentioned, many audiophiles 
believe in the use of a "middle" speaker, that is, a speaker located 
between the left and right speakers and reproducing a subdued 
combination of the right and left signals. The idea of this arrange­
ment is to overcome what is known as the hole-in-the-middle effect 
and provide a wide curtain of sound. The hole-in-the-middle effect 
arises when the stereo effect is so pronounced that the listener be­
gins to distinguish two separate sources. This can be partially over­
come by diluting the stereo effect with a blending control. However, 
a middle speaker is best for removing the hole-in-the-middle effect 
without loss of the stereo effect. Signals from both channels are 
coupled to the middle speaker, which is operated at a lower level 
than either the right or left speaker. 

The optimum arrangement for providing center-speaker operation 
is by mixing (blending) the outputs of the preamplifier and feeding 
the combined signal to a third amplifier channel for the middle 
speaker, as shown in Figs. 8-8 and 8-16. The preamplifier outputs 
must be combined in such a way that they do not cross over and 
produce interaction in the left and right amplifiers. A separate 
blend volume control will provide optimum results. 

A lower-cost way to provide a signal for the middle speaker by 
combining the signals at the amplifier outputs is given in Fig. 8-21. 
The L and R signals are fed to the middle speaker through choke­
coil filters that are designed to pass low-frequency signal compo-

TO :JIIRl'------+-----1-

10::]1\111-----... 

RIGHT 
SPEAKER 

MIDDLE 
SPEAKER 

LEFT 
SPEAKER 

Fig. 8-21. Combi11in9 L and R outputs for a middle speaker. 
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nents and block the middle- and high-frequency components. How­
ever, the filter chokes are far from perfect filters, and interaction 
between the two signals is fed back through them. 

A more efficient arrangement is given in Fig. 8-22. The middle 
speaker is of special design, having a dual voice coil; that is, a 
separate voice-coil winding is employed for each circuit. Although 
the filtering is similar to that in Fig. 8-21, the voice coils are so small 
that the coupling between them is negligible, and separation be­
tween the left and right circuits is good. Dual-voice-coil woofers, 
such as that shown in Fig. 6-35, are now made by nearly all speaker 
manufacturers. 

RIGHT 
SPEAKER 

LEFT 
SPEAKER 

Fig. 8-22. Combining Land R outputs for a two-voice-coil middle speaker. 

Four-Channel Speaker Placement 

Placement of speakers in a four-channel system should follow all 
the principles already discussed, plus a few rules related only to the 
four-channel surround mode. 

Many sounds from the sides and rear that were originally re­
corded on a two-channel stereo disc are masked by louder passages. 
Since the human ear will "listen to" and discern only the louder 
sounds from a given direction, the human hearing system will then 
"mask" the weaker sounds from that direction even though they 
may be necessary to render the music properly. Therefore, it is 
desirable to separate these sounds and deliver them from their 
original bearing points (directions) from· the average listener posi­
tion at the original performance. When these weaker sounds are 
coming from a different direction, they are more apparent to the ear. 

Four-channel stereo systems deliver separated sounds in a mode 
similar to that in which they were recorded and distributed to the 
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four channels. The speakers in tum should be arranged in the room 
to deliver the reproduced sounds from directions that simulate the 
spatial distribution of the original sounds. 

For convenience, the speakers are usually placed in the four 
comers of a room, but a better arrangement is to place the front 
speakers in the comers and the rear speakers nearer to the listener, 
somewhat forward of the rear wall and to the side, as shown in 
Fig. 8-23A. The volume from the rear speakers should be subdued 
compared with the volume from the front speakers. The left and 
right speakers should be balanced in volume level. 

A method of speaker placement for derived-sound ( 2-2-4) pro­
gram reproduction in the absence of a separate specific back signal 
even with the rear-level control at maximum is shown in Fig. 8-10. 
This method assures that in the usual listening environment, where 
the listener sits nearer to the back speaker, proper placement and 
emphasis of instruments or voices will be retained on the sound 
stage in front of him ( front dominance). Since the back speakers 
are usually closer, and form a wider listening angle, the fact that 
the back speakers reproduce some of the front left- or right-channel 
information, in addition to the reflected sounds from the sides and 
rear, provides more sharply defined differences in intensity which 
preserve the maximum effect of directionality. In effect, the ear 
often senses or perceives greater effective aural separation than the 
electrical signals actually provide ( psychoacoustic response) . 

Four-directional effects are achieved because the information in 
the front and rear speakers is different-not because there is some 
front information appearing with reduced level or different phasing 
in the rear. As explained previously, the added rear speakers make 
it possible for the ear to perceive separated signal information from 
different bearings, which contributes to realism but which has 
previously been masked when combined with the output from the 
front. 

The derived four-channel sound output to the rear speaker in­
cludes a simple method for extracting rear information from two­
channel material, and in tum reduces the front information when 
it is reproduced through the rear speakers. This diversion of front 
information to the rear enhances the proportion of rear sound to 
add front and back directionality to the conventional left and right 
orientation, as shown in Fig. 8-10. Derived four-channel output can 
also have speaker placements as shown in Fig. 8-23. 

Figs. 8-23A through 8-23D show recommended four- and six­
speaker placement arrangements. It is suggested that the best ar­
rangement will be found by trial and error, since the shape of the 
room and furniture placement in the room have a considerable 
effect on proper speaker placement. 
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Experiments have shown that it may be desirable to raise the 
level of the rear speakers above the level of the front speakers to 
improve the spatial effects, with each rear speaker at a different 
height. 

Figs. 8-23E through 8-23H show suggested arrangements in a 
rectangular room with furniture layouts taken into consideration. 
Figs. 8-231 and 8-23J show recommended four-channel arrange­
ments for use in automobiles. 

Location of Program Sources, Amplifier, and Control Equipment 

The units involved here may include everything in the system, 
may include all units but the speaker system, or may include all 
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units but the speaker system and the basic amplifier. A basic ampli­
fier completely controlled from a preamplifier could be kept any­
where in the building as long as it has sufficient ventilation. 

Wall Cabinets-Sectionalized wall cabinets of all types are avail­
able. These cabinets are usually of modem design with spaces to 
fit any conceivable arrangement, including television and speaker 
with a full-sized bass-reflex enclosure. One such arrangement is 
shown in Fig. 8-24. Many others are available. Provision can also 
be made for extras such as books and ornamentation if desired. 

Record player, tuner, controls, and amplifier are all located near 
each other, and the point of operation is at the nearest point to the 
listener that it can be without remote control. Speaker systems 
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should be mounted at ear level or above and slightly off center of 
the room. The best position for such a system mounting is on the 
narrow wall nearer one comer. Make all connections short, shock 
mount the pickup units and preamplifier, and ground everything 
metallic. 

The same ideas can be used in novel home-modified break fronts 
and other odd furniture pieces for matching period decorated or 
early American homes. Usually, the speaker is best mounted separ­
ately to gain the advantage of a properly designed enclosure. 

Packaged units are commercially available at prices from $160 to 
$1800. The advantage of these is that one gets a complete set of 
matched components with no further engineering or construction 
required-just plug it in. The limitation is that one has no choice in 
variations of arrangement to suit his individual taste. 

Units in Separate Fumiture Pieces-Several pieces of furniture 
may be separately set up to house the various components that must 
be operated. Table equipment and consoles are available for individ­
ually holding record players, tuners, and amplifiers. It is often con­
venient to have the operating position of the player, tuner, and con­
trols located at an accessible spot convenient to the listening area, 

Courtesy Jensen Mfg. Co. 

Fig. 8-24. A typical home stereo layout. 
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to save steps. Here again, custom installation in separate furniture 
pieces to match the decor can be beautiful and practical. 

Wall Units-If mounting the pieces in furniture is not desired, it is 
modern to mount operation control units in the wall. Several units 
are made to suit this application with modern and antique panels. 
The type of unit most suitable for this kind of installation is a tuner 
with all controls built-in to provide a control center-otherwise 
several holes in the wall may be necessary. This may make a very 
convenient and spacesaving operation, but it has disadvantages. 

Courtesy NuTone, Inc. 

Fig. 8-25. Example of wall-mounted stereo components. 

The equipment requires a good-sized aperture in the wall, possibly 
with equipment protruding through the other side and internal 
wiring. The equipment is generally required to be within 4 feet 
of the phono pickup. These problems may be easily worked out 
when constructing new houses, but in old houses they may present 
many difficulties. 

A variety of equipment for wall mounting is available. One ex­
ample is shown in Fig. 8-25. The advantage is that valuable room 
space is conserved because a substantial portion of the equipment 
is located in the wall. The record-player unit swings outward dur-

383 



ing use and remains closed into the wall like a door when not in use. 
Stereo speakers are mounted on another wall. 

The equipment may in time become obsolete, and if it is removed, 
the new equipment may not fit in the same place. Holes in the wall 
are inconvenient to patch, and new plaster causes decorating prob­
lems. With these cautions in mind, it is suggested that one get the 
best equipment available and be sure the installation is the one that 
will be desired permanently before proceeding. 

Closet Arrangements-Only shelves and enough room to move 
around in are required in a closet. If an available closet is located 
conveniently near the principal listening area, one may save con­
siderable money in furnishing and matching, and the equipment 
will be protected from mechanical disturbance, prying fingers, and 
other problems. Certain types of home-built equipment or less ex­
pensive kits that "don't go" in the living area may be kept out of 
sight here. The wiring will be short and convenient, and all units 
will be located in one spot for convenience of operation and con­
trol. While speakers may be mounted on the same closet doors, this 
partly defeats the purpose of unit isolation, and the speaker system 
thus located does not compete with a good folded comer horn 
arrangement. 

Combinations of all of the foregoing are permissible for any 
arrangement desired, except that one should keep in mind that the 
phono lead to the preamplifier should not be over 4 feet long. 

SYSTEMS INSTALLATION 

After the components of a sound system have been selected, and 
the positions of all the components and speakers have been deter­
mined, the actual job of making the installation begins. The work 
of installation consists mainly of mounting the equipment, connect­
ing the control center, the amplifier, and the record player to the 
source of power, and connecting the speakers and program-source 
equipment to the amplifying equipment through suitable lines and 
cables. There are a few problems peculiar to each hi-fi installation 
which must be solved individually at the time the installation is 
being made. 

Installing Program-Source Equipment 

When leads from record players, tuners, tape equipment, and 
microphones are installed, care must be taken to avoid hum pickup, 
cross talk, and losses in frequency response and level. 

High-impedance circuits are very susceptible to hum pickup. 
Correct grounding of the turntable and pickup arm is exceedingly 
important in preventing pickup of hum. Connections carelessly 
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made can negate all other precautions in design of equipment. The 
turntable frame and pickup should be connected by a flexible wire 
from the turntable frame to the pickup-arm base to the shield of the 
lead to the preamplifier. Be careful to avoid ground loops between 
all equipment. Interunit cables provide a complete ground system. 
Alternate ground wires create ground loops which will usually in­
crease the hum level. 

Keep the magnetic phono pickup or microphones more than 2 feet 
away from power lines and transformers to prevent induction of 
hum. 

When long lines are used with high-impedance sources, with 
the exception of the crystal type, loss of high frequencies results. 
When low-impedance microphone circuits are used, there is very 
little frequency discrimination or loss of level in cabling. These facts 
should be kept in mind when one is designing any system in which 
the input circuits must be run a considerable distance. 

The cables used with high-impedance equipment usually consist 
of a single conductor with an overall shield and rubber covering. 
The shield acts as one of the conductors in the microphone circuit. 
The shield is grounded and is connected to the microphone case 
and microphone stand. 

Either two- or three-wire shielded cable is often used. When two­
wire shielded cable is used, the shield is connected to ground at 
the amplifier, and to the chassis of the program-source equipment 
at its other end. The shield does not act as one of the microphone­
circuit conductors, and the likelihood of hum pickup with two-wire 
cable is less than with single-wire shielded cable. 

Where microphone or other low-level circuits are carried for long 
distances in flexible cables, three-wire shielded cable is most effec­
tive. Two of the wires serve in the input cable circuit; the third is 
used as a ground lead. The shield is connected to ground at the 
amplifier end of the cable only. The source-equipment case is 
grounded through the third conductor. 

When microphone or other input cables are installed permanently 
in floors or walls, lead-covered twisted or parallel pair may be used. 
The capacitance of lead-covered cable is quite high; therefore, it 
can only be installed in short lengths when high-impedance pickups 
are used. The recommended overall cable length for low-level phono 
pickups is 4 feet or less. The capacitance of the long cable also 
impairs the high-frequency transmission. Since crystal pickups are 
not affected by capacitance, longer lengths of lead-covered cable 
may be used with them. 

Permanently installed input cables can be plug-in connected to the 
control center and switched so that only those cables in use at any 
time are fed to the amplifier. 

385 



Control-Center and Amplifier Installation 

When installing the controls and amplifier, be sure that they will 
receive proper ventilation; otherwise, components may be damaged 
by excessive heat. 

When an amplifier must be located where vibration from a speaker 
or other source may cause microphonic noises, it should be mounted 
on shock-absorbing mountings or rubber pads. Such mountings are 
available in various sizes and thicknesses, based on the number of 
pounds the mounting will support while operating normally. To 
determine the size of the mountings required for an amplifier, the 
corners of the amplifier should be weighted separately. This is 
necessary because many of the heavy components are usually located 
near one end of the amplifier chassis with the result that the weights 
at the different comers are not the same. When the approximate 
weights have been determined, mountings of the proper sizes can 
be chosen. When the amplifier is mounted in this fashion, it should 
be grounded through a length of heavy braid. 

The amplifier should be suitably fused. If the amplifier is not 
equipped with fuses, a fused power receptacle should be provided. 
To protect the amplifier components, a 500-mA fuse can be con­
nected between the center tap of the high-voltage winding of the 
power transformer and ground, as shown in Fig. 8-26. The entire 
hi-fi equipment is best powered from a single line from the electric­
power distribution board, with a 5-ampere fuse in the circuit. 

Speaker Installation 

When the speakers for a system are installed, the problems of 
impedance matching and power distribution must be solved. If the 
speakers are not properly matched, considerable loss in output will 
result. When a system uses more than one speaker, it is often neces­
sary to have each speaker in the system radiate a different amount 
of power. Output impedances are usually 4, 8, 16, and 32 ohms to 
match directly a speaker or combination of speakers. Sometimes 
500- or 600-ohm outputs are provided to match long lines to speakers 
at distances of several hundred feet or more. 

Generally, hi-fi speakers are rated at 8 or 16 ohms. Speaker-match­
ing networks and crossovers are generally rated at 16 to 32 ohms. 

DC OUTPlfT 

Fig. 8-26. Method of fusing a power amplifier. 
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AMPLIFIER 

(A) Parallel. 

AMPLIFIER 

32() 

32() 

0 

AMPLIFIER 

(B) Series. 

2 SPEAKER 
JACKS 

o WHEN SPEAKER IS OUT, 
'-- SUBSTITUTE 8() RESISTANCE 

'-------lt:::'__J IS AUTOMATICALLY SWITCHED 
IN CIRCUIT. 

(C) Series-parallel. 

Fig. 8-27. Typical multiple-speaker connection circuits. 

It is important to determine the specified impedance of the speaker 
or speaker system ( usually marked on the speaker, the speaker box, 
or the speaker literature) and to connect the terminals of the speaker 
or system to the matching terminals on the output of the amplifier. 

Two 8-ohm speakers may be connected in series to match a 16-ohm 
output. Two 16-ohm speakers may be connected in parallel to match 
an 8-ohm output. Any combination of arrangements of this nature 
may be used. When connecting two or more speakers, check speaker 
phasing as described in following paragraphs. Typical multiple­
speaker connections are shown in Fig. 8-27. 
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In stereo systems, the amplifiers usually come with speaker con­
nections clearly indicated. However, sometimes connections for 
combining the two channels into one for monophonic performance 
must be made by the owner. Fig. 8-28 gives both the parallel and 
series methods of connecting the two channels. The impedances 
must be matched by following the basic rules of series and parallel 
circuits. 

(A) Parallel method. (B) Series method. 

Fig. 8-28. Connection of stereo outputs for single-speaker monophonic operation. 

Another situation in which the connections of speaker leads are 
involved is the addition of a third, or "middle," speaker to a two­
channel stereo system. One simple way to do this is by connecting 
the middle speaker to taps on the two transformers, as indicated in 
Fig. 8-29. This method is not ideal, however, since there is likely to 
be considerable interaction between the left and right channels, 
thereby diluting the stereo effect. Other, more efficient, methods 
were discussed earlier in this chapter. 

Speaker Lines-The wire used in speaker lines must be of sufficient 
size according to the impedance and power to keep the line losses 
within tolerable limits. 

RIGHT 
SPEAKER 

Ml ODLE 
SPEAKER Fig. 8-29. One method of connecting 

a middle speaker in a stereo system. 

LEFT 
SPEAKER 
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10 50 100 500 1000 
LI NE LENGTH IFEETI 

Fig. 8-30. Wire sizes for speaker lines. 

When the speaker-line impedance is under 60 ohms, only short 
lines, not to exceed 100 feet, should be used. When a line impedance 
of 60 ohms or more is used, lines may be run for a considerable 
distance, providing wire of sufficient size is used. The curves of 
Fig. 8-30 give recommended wire sizes for lines of various imped­
ances and lengths. 

Speaker Switching-In many installations, it is necessary to have 
facilities for controlling the volume of auxiliary speakers and for 
switching speakers in and out of the system. When more than one 
speaker is used and one or more speakers must be separately con­
trolled, a variable T-pad may be placed in the circuit to control 
the speaker volume and to provide a substitute resistance in order 
to maintain constant load impedance to the system when the speaker 
is partially or completely turned off. Fig. 8-31 shows a circuit of an 
available unit which can be used to accomplish this. The substitute 

Fig. 8-31. A variable T-pad 
speaker control. TO AMPLIFIER 

389 

TO SPEAKER 



resistor should have a resistance equal to the impedance of the 
speaker or group of speakers being disconnected from the circuit. 
To cut out or in speakers in various rooms, speaker switches able to 
carry up to 10 watts are available. These provide for up to three 
speakers and switch on any one or any combination of them. 

Speaker Phasing-When a group of speakers are mounted at one 
point or close together so that they cover the same area, it is neces­
sary that they be correctly phased. If the speakers are not phased 
properly, the sound waves from the improperly phased speakers will 
tend to cancel out, reducing the effective output of the system. 

There are a number of ways to check the phasing of speakers. 
Two speakers may be connected to an amplifier in the same manner 
they will be connected when installed, and placed close together, 
facing each other. A low-frequency signal from an audio generator 
or a record should be fed through the amplifier. By listening to the 
speakers, it is possible to determine whether or not the low fre­
quencies are being cancelled. If the low frequencies are absent 
when the speakers are facing each other, then the phasing is correct 
if the speakers are to be mounted so that they face in the same 
direction. If the low frequencies can be heard when the test is made, 
then the low frequencies are not being cancelled, and the phasing 
is correct if the speakers are to be mounted facing away from each 
other. If the phasing is incorrect in either of the two cases just 
described, all that is necessary is that the connections to one of the 
voice coils be reversed. 

The phasing of speakers may also be checked by using the circuit 
shown in Fig. 8-32. The apparatus consists of a pair of headphones 
connected to the input of an amplifier through two long cords and 
a double-pole, double-throw switch. The amplifier is equipped with 
an output indicator. The sound system whose speakers are to be 
checked for correct phasing should be turned on and a constant 
tone fed into its input. The double-pole, double-throw switch should 

TELEPHONE 
RECEIVERS 

DPDT 

AMPLIFIER 

Fig. 8°32. Setup for determining speaker phasing. 
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be marked to show "in phase" and "out of phase." This may be done 
by holding both phones in front of one speaker and noting the 
position of the switch which gives the greatest indication on the 
output meter. This position should be marked "in phase," and the 
other position should be marked "out of phase." The equipment may 
now be used to check the phasing of two speakers. One phone is 
held in front of each speaker. If the greatest output is indicated 
when the switch is in the "in phase" position, then the speakers are 
phased properly. 

In stereo systems, phase checking and correcting are made rela­
tively simple. In most stereo systems, a phase-reversing control is 
included, connected either in the speaker output circuits or earlier 
in the amplifier chain. However, this control does not provide for 
phasing of the center speaker. If a single tone or other signal is 
applied to the inputs of both channels at the same time, the relative 
outputs from the right and left speakers will indicate the phasing. 
If the phasing is wrong, the two signals will differ by 180 degrees 
and tend to cancel each other. If the phases are correct, the signals 
reinforce each other. Thus, the correct phasing should produce 
much greater volume. 

It should be remembered that there is a difference between 
speaker phasing and system phasing. The final output phase depends 
on the windings of the output transformers, connections between 
preamplifiers and amplifiers, connections of cartridges and input 
devices, and other things besides speaker connections. Therefore, 
checking the relative phasing of the speakers themselves is not al­
ways enough. 

FEEDBACK 

Careful attention must be given to the factors which create feed­
back; otherwise, considerable trouble will be experienced. There 
are two forms of feedback. They are acoustic feedback, which is 
caused by coupling between the speakers and the program-source 
units, and electrical feedback, due to capacitive coupling between 
the output circuits and the input circuits. 

Electrical feedback can be avoided by keeping the input and out­
put wiring and components well separated and shielded. 

Mechanical or acoustic feedback is often difficult to eliminate 
and, in severe cases, may limit the usable output of a system. Me­
chanical feedback effects and microphonics may be caused by direct 
or resonant coupling between the speaker system and the program­
source equipment, or through mechanical pickup in the first-stage 
elements of the preamplifier or the mechanical elements of phono 
and microphone pickups. This may be corrected by mounting the 
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units concerned on rubber, as has been described, or by moving 
the units concerned out of the mechanical-contact area or resonant­
condition area. Moving the speaker should have the same effect. 

Feedback manifests itself as a continuous tone or tones and spuri­
ous noises radiated by the speakers of a sound system. Feedback 
can be avoided by careful attention to the location of speakers and 
microphonic elements of the system. 

There are a few general principles of microphonics and speaker 
location which, if followed, give reasonable assurance that little or 
no trouble will be experienced with feedback other than feedback 
due to direct microphone pickup. 

A microphonic element may be described as any element located 
in the hot circuits of the front end of the system. The most typical 
examples are tubes which are highly sensitive to any vibrations of 
their elements. A vibrating element in a tube in the input stage 
may induce the same effect as a microphone in the circuit by varia­
tion of plate-to-cathode resistance, thereby introducing undesirable 
interference. 

A microphonic element should never be located in front of a 
speaker. If the speaker or speakers used in a system are located in 
front of the microphonic elements, the possibilities of feedback will 
be greatly reduced. 

Speakers should not be mounted close to reflecting surfaces. When 
there is a flat surface close to and in front of the speakers, sound will 
usually be reflected by the surface. 

If the system is installed in a location and is intended for use in a 
room filled with people, feedback may occur when the room is 
empty, but may not occur when the room is full of people. 

Cardioid and other directional microphones are often very effec­
tive in eliminating feedback. The side of the microphone which is 
not sensitive to sound should be pointed in the direction from which 
the reflected sound is coming. 

Attenuation of high-frequency response when equipment is used 
in a room with hard walls is desirable. Under these conditions, feed­
back usually occurs due to reflected sound, and, since the high fre­
quencies reflect more efficiently than do the low frequencies, atten­
uation of the high frequencies usually reduces feedback effects. The 
high-frequency tone control is usually useful when background 
music is being reproduced as at dinner, etc. Under these conditions, 
the high frequencies should be attenuated, since they tend to make 
conversation difficult. 

Control of low-frequency response when speech is being repro­
duced is desirable. Under these conditions, attenuation of the lower 
frequencies helps remove the "tubbiness" which occurs at times in 
certain types of installations. 
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Index 

A 

Acoustic 
energy, 266 
feedback, 391 
impedance, 274-276 
inductance, 273 
labyrinth, 316-317 
phase inverter, 316 
watt, 346 

Acoustical suspension, 322 
Adapters 

four-channel, 233-243 
stereo, two-channel, 232-233 

Afc; see automatic frequency control 
Age; see automatic gain control 
A-m 

section, 131-132 
superheterodyne receivers, 82-97 
tuners, 81-82 

Amplifier( s ), 243-246 
bridge, 194 
circuits, tetrode, 182-194 
class-

A, 179-180 
AB, 179,180 
B, 179,180 
C, 179 

i-f, 85, 109-111 
installation, 386 
location of, 380-384 
power, 166-178 

circuits for, 178-206 
stereo, 196-199 
tube versus transistor, 17 6-17 8 

push-pull, 180 
rf, 87-90, 101-103 
tape-recorder, 136-137 
voltage, 202 
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Amplitude 
distortion, 12-14 
modulation, 81 

Audio 
power, 345-349 
preamplifier section, 132 
watt, 346 

Automatic 
frequency control, 99-100 
gain control, 93 
volume control, 93-97 

forward, 95-96 
reverse, 95-96 

Ave; see automatic volume control 
Axes, crystal, 60 

B 

Back loading, 319 
Baffies, 305-308 

infinite, 307 -308 
Balance 

channel, 67 -68 
control, 230-231 
instruments, 257-258 

Bandpass, hi-fi, 85-86 
Bar, 149 
Bass-reflex enclosures, 312-316 
Bender element, 61 
Bias 

control, 50 
recording, 133-134 

Binaural, 17 
system, 24-25 

Biortho system, 196-197 
Bipolar transistor, 79, 103, 104, 106-

107 
Blend control, 232 
Boffie, 311 



Brakes, 136 
Broadcasting, stereo, 51 -53 

C 

Cabinets, wall, 381-382 
Cables, input, 385 
Capacitor 

drivers, 265-266 
microphones, 156 

Carbon microphones, 151-152 
Cardioid pattern, 156 
Cartridge ( s ) , 4 7 -48 

dynamic, 63-64 
paralleling, 232 
stereo, 64-68 

Cassette, 48-50 
Cathodyne phase inverter, 200, 201 
Ceramic pickup ( s ) , 42-43, 59-62 
Channel ( s ) , 23, 80 
Chromium dioxide tape, 147 
Closet arrangements, 384 
Coaxial arrangement, 284-285 
Coboloy, 50 
Combination units, 247-257 
Compacts, stereo, 247 
Compatibility, 30-31, 53 
Compensation, 207-208 
Complementary-symmetry circuit, 189 

quasi, 192-194 
Compliance, 40, 66-67, 273 
Condenser microphone, 156 
Cone 

diameter, 268-269 
-type radiators, 266-272 

Control 
balance, 230-231 
blend, 232 
-center 

installation, 386 
preamplifier circuit, 215-221 

equipment, location of, 380-384 
functions, 230-232 
gain, master, 231-232 
phono, 212-215 

Conversion, frequency, 82-84 
Core losses, 169 
Crolyn, 50 
Crossover 

distortion, 188 
electronic, 303-304 
networks, electrical, 294-304 

Crystal 
drivers, 265 
microphones, 152-153 
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Crystal-cont 
pickups, 59-62 
piezoelectric, 59 

D 

Damping, 275-276 
variable, 205-206 

dB; see decibel 
dBm, 352-353 
Decibel, 9, 351-352 
De-emphasis, 22, 116 
Delay stereophony, 21 
Derived four-channel system, 360-364 
Detector( s) 

fm, 114-115 
operation of, 91-93 
ratio, 114 
second, 90-93 
section, fm, 130 

Diameter, cone, 268-269 
Diamond needles, 58-59 
Difference signal, 120-121 
Diode, 79 

tuning, 107 
Directivity 

microphone, 150-151 
speaker units, of, 280-283 

Disc(s) 
four-channel, 43 
recording, 35-45 
systems, stereo, special factors in, 

40-43 
Discrete four-channel tape system, 

359-360 
Discriminators, 112-114 

Foster-Seeley, 130 
Distortion, 351 

amplitude, 12-14 
frequency, 11-12 
harmonic, 14 
intermodulation, 14 
listener tests regarding, 342 
nonlinear, 12 
phase, 15 
sound, 10-15 
spatial, 15 
trackability, 43 
transient, 15 

Divider networks, electrical, 294-304 
Dolby noise-reduction system, 116-

117, 144-148 
A, 145 
B, 145 

Driver( s) 
-amplifier stages, 199-200 



Driver ( s )-cont 
capacitor, 265-266 
crystal, 265 
dynamic, moving-coil, 260-264 
electrodynamic, 260-263 
moving-coil dynamic, 260-264 
permanent-magnet, 263-264 
speaker, 260-266 

Driving methods, turntable, 73-76 
Dynamic 

cartridges, 63-64 
microphones, 153-154 
pickup, 42 

E 

Eddy currents, 169 
Editing, 23 
Efficiency, 267 

speaker, 346 
Electrical 

axis, 60 
feedback, 391 

Electrodynamic driver, 260-263 
Emphasis, 22 
Enclosures 

bass reflex, 312-316 
horn-type, 318-321 
infinite-baffie, 310, 311-312 
simple, 308-312 

Encoded matrix four-channel system, 
364-370 

Equalization 
input, 232 
record, 163-164 

Equalizers, speaker, electrical, 329-333 
Erase, 134-135 
Expander plates, 60 

F 

Fantasia, 24 
Feedback,391-392 

de, 189 
eliminating, 392 
level control, 222-223 
negative, 190, 202-205 
positive, 190, 205 

FET; see field-effect transistor 
Fidelity, 349-350 
Field-effect transistor, 79, 103 
Fm 

detectors, 114-115 
receivers, 100-115 
tuners, 100 

Four-channel 
adapters, 233-243 

395 

Four-channel-cont 
record discs, 43 
sound equipment, 

derived, 234 
matrixed, 234-243 

speaker placement, 378-380 
stereo, 28-30 
systems, 358-370 

derived, 360-364 
encoded matrix, 364-370 

tape system, discrete, 359-360 
Frequency( ies) 

audible, 8 
conversion, 82-84 
distortion, 11-12 
division, low-level, 302-304 
modulation, 100 
requirements, 350-351 
response, 65 

microphone, 149-150 
Front end, 103 
Furniture pieces, units in separate, 

382-383 
Fusing, 191 

G 

Gain, 351-354 
control, master, 231-232 

Gate, 80 

H 

Hangover, 15 
Harmonic distortion, 14 
Headphones, stereo, 337 
Heads 

in-line, 51 
magnetic-recording, 135-136 
staggered, 51 

Hearing, human, 8 
Helmholtz resonator equation, 314 
Hi-fi 

arrangements, elaborate, 370 
speaker systems, compact, 322-329 

High fidelity, 7-8 
distortion in, 10-15 
stereo versus, 54 
system, building up, 354-358 

"Hill-and-dale" recording, 36 
Hom ( s), 276-280 

drivers, 276-280 
exponential, 277 
multicellular, 282-283 
-type enclosures, 318-321 

Hum pickup, 45 
Hysteresis, 133, 169 



1-f 
amplifier(s), 85, 109-111 

integrated circuits in, 86-87 
section, fm, 130 

Image 
frequency, 86 
rejection, 85-86 

Impedance 
bridge, transformer tests with, 

173-174 
output, 176 

feedback effect on, 205 
speaker, 272-274 

Inductance 
acoustic, 273 
leakage, 169 

checking, 17 4-175 
primary, 170 

lnertance, 272-273 
Infinite baffie, 307 -308, 310 

enclosure, 310, 311-312 
Injection, oscillator signal, 84-85 
Insert, 22 
Installation 

amplifier, 386 
control-center, 386 
program-source equipment, 

384-385 
speaker, 386-391 
systems, 384-391 

Integrated circuit ( s), 80 
application of, 79-80 
ave, 96-97 
detector, 90-91 
i-f, 109-111 

amplifier application of, 86-87 
preamplifier, 221-225 
stereo, 223-225 

Intensity-difference system, 34 
Intermediate frequency, 83 
Intermodulation distortion, 14 

J 

JFET; see junction field-effect 
transistors 

Junction field-effect transistors, 
128-130 

L 

Labyrinth, acoustic, 316-317 
Layout, systems, 370-384 
Leakage inductances, 169 

checking, 17 4-17 5 
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Level control, feedback, 222-223 
Lights, stereo indicator, 124-125 
Limiters, 111-112 
Limiting, 22 
Listening tests, speaker, 343-344 
L-R signal, demodulating, 122 
Load, cartridge, 65 
Loudness controls, 165-166 

M 

Magnetic 
-armature speaker, 264-265 
pickups, 62-63 

Masking, 116 
Matching speaker systems, 375 
Matrix four-channel 

sound equipment, 234-243 
system, encoded, 364-370 

Mechanical 
axis, 60 
feedback, 391 

Metal-oxide-semiconductor field-effect 
transistor, 79-80, 103, 104, 106, 
107, 131 

Meters, signal-strength, 98-99 
Microphone(s), 55, 148-159 

capacitor, 156 
carbon, 151-152 
combination, 156-157 
condenser, 156 
crystal, 152-153 
directivity, 150-151 
dynamic, 153-154 
frequency response, 149-150 
output 

impedance, 150 
level, 149 

placement, 25-28 
ribbon, 154 
selection, 157-159 
stereo, 35 
velocity, 154-156 

Microphonic element, 392 
Middle speaker, 377-378 
Mixer-oscillator, 104-108 
Modulation 

envelope, 81 
frequency, 100 

Monaural, 17 
Monophonic, 17 

sound, 18 
MOSFET; see metal-oxide-semicon­

ductor field-effect transistor 
Motors, tape-drive, 135 



Mouth, 276 
Moving-coil pickup, 42 
Multicellular horn, 282-283 
Multichannel systems, 23-24 
Multipath reception, 258 
Multiple-room installations, 348 
Multiplex 

adapters, stereo, 118-119 
modulation signal, stereo, 121-122 
operation, stereo, 119-124 
stereo, 52-53 

Needle(s) 
elliptical, 58 
force, 65 

N 

materials for, 58-59 
reproducing, 56-59 
-tip size, 65 

Noise 
converter, 87 
figure, 126-128 

tuner, 126-128 
-reduction system( s) 

Dolby, 144-148 
other, 148 

Nonlinear distortion, 12 

0 

Octave, 296 
Operational transconductance 

amplifier, 96-97 
Optical axis, 60 
Oscillator signal injection, 84-85 
Osmium needles, 58 
OT A; see operational transconductance 

amplifier 
Output 

circuits, 179-182 
impedance, 176 

microphone, 150 
level, microphone, 149 
transformers 

choosing, 171-175 
performance factors in, 170-171 
testing, 171-17 5 

voltage, cartridge, 65 
Overdub, 22 

p 

Pentafilar winding, 186 
Performance goals, 15-16 
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Permanent-magnet speaker, 263-264 
Phantom circuit, 196 
Phase 

distortion, 15 
inversion, 200-202 
inverter( s) 

acoustic, 316 
cathodyne,200,201 
stages, 199-200 
transistor, split-load, 202 
tube-type, 200-202 

-reversing switch, 232 
Phasing, speaker, 375, 390-391 

-system, 343 
Phono 

control, 212-215 
preamp, 212-215 

Pickup(s) 
arm, 69-72 
capacitance, 69 
cartridges, 59-69 
ceramic, 42-43, 59-62 
crystal, 59-62 
dynamic, 42 
magnetic, 62-63 
moving-coil, 42 

Piezoelectric crystal, 59 
Pinch effect, 40-41 

distortion, 58 
Placement, speaker, 375-377 

and microphone, 25-28 
Plates, crystal, 60 
Playback, 137-144 
Polyvinyl chloride, 322 
Port, 312-316 
Power 

amplifier(s), 166-178 
circuits, 178-206 
tube versus transistor, 176-178 

audio, 345-349 
required, determining, 347-349 
supply, 132 

Preamp, phono, 212-215 
Preamplifier( s), 206-208, 225 

circuit ( s), 209-225 
control-center, 215-221 

integrated circuits, 221-225 
Pre-emphasis, 115-116 
Presence, 8 
Pressure, tip, 41 
Primary inductance, 170 
Program source ( s) 

equipment, installing, 384-385 
location of, 380-384 

Psychoacoustic response, 379 



Q 

Quasi-
complimentary-symmetry circuit, 

192-194 
stereo switch, 198, 232 

R 

Radiators 
cone-type, 266-272 
single-cone, 284 

Radio-
controlled station selector, 257 
frequency section, fm, 128-130 

Radius, tip, 41 
Ratio detector, 114 
Receivers 

a-m superheterodyne, 82-97 
fm, 100-115 

Reception, stereo, 51-53 
Record 

changers, turntables versus, 76-78 
discs, four-channel, 43 
Industry Association of America, 

207 
players, 55, 56-78 

Recorders, mechanical features of, 136 
Recording, 137 

disc, 35-45 
stereo, 33-35 
tape, 46-51 
techniques, 20-23 

Reproducing needles, 56-59 
Requirements, disc-recording, 35-37 
Resistances, winding, 168 
Resistors, low-noise, 216 
Resonance, 274-276 

rim, 284 
Resonant frequency, 275 
Response, frequency limits of, 350-351 
Reverberation, 22 
Rf amplifiers, 87-90, 101-103 
RIAA; see Record Industry Association 

of America 
Ribbon microphone, 154 
Rochelle salt, 59 
Rumble, 45, 72 

5 

Sapphire needles, 58 
SCA signal; see Subsidiary Communi­

cations Authorization signal 
Second detector, 90-93 
Semiconductors, application of, 79-80 

398 

Sensitivity, tuner, 126-128 
Separation, channel, 65, 365 
Shear plates, 60 
Sidebands, 81-82 
Signal-strength meters, 98-99 
Simplex system, 196-197 
Single-

channel system, speaker placement 
in, 372-374 

ended push-pull stage, 188 
Sound, 8-9 

chamber, 279 
monophonic, 18 
stereophonic, 18-20 

Spatial distortion, 15 
Speaker(s) 

acoustic suspension, 330 
center, 304 
coaxial type, 286-288 
construction features of, 285-294 
drivers, 260-266 
dual, 283-285 

-voice-coil, 304, 378 
efficiency of, 346 
equalizers, electrical, 329-333 
extended-range, single-cone type, 

285-286 
impedance, 272-27 4 
installation, 386-391 

multiple-room, 348 
lines, 388-389 
listening tests, 343-344 
magnetic armature, 264-265 
middle, 377-378 
multiple, 283-285 

combinations of, 293-294 
connections of, 387 

phasing, 375, 390-391 
placement, 25-28, 375-377 

four-channel, 378-380 
single-channel system, 372-37 4 
stereo systems, 37 4-378 

room effects on, 331 
single-cone, extended range type, 

285-286 
switching, 389-390 
system(s) 

choosing, 340-343 
dual, 283-285 
hi-fi, compact, 322-329 
matching, 375 
multiple, 283-285 
parts of, 259-260 
phasing in, 343 
stereo, 333-339 



Speaker( s )-cont 
units, directivity of, 280-283 

Speeds, turntable, 72 
Spider, 271 
Squawker, 293 
Stereo 

adapter(s) 
circuits, 122-124 
two-channel, 232-233 

amplification, 225-258 
physical arrangements for, 

226-230 
amplifier units, 246-247 
broadcasting and reception, 51-53 

two-station, 51-52 
cartridges, 64-68 
center speaker for, 304 
control centers, transistor, 246-247 
converter, 118 
disc systems, special factors in, 40-43 
four-channel, 28-30 
headphones,337 
high fidelity versus, 54 
history of, 18-20 
indicator lights, 124-125 
integrated circuits, 223-225 
multiple-channel, 25-28 
multiplex, 52-53 

adapters, 118-119 
modulation signal, 121-122 
operation, 119-124 
section, 130-131 

power-amplifier circuits, 196-199 
recording, 33-35 
speaker systems, 333-339 
switching, automatic, 125 
systems 

components of, 32-33 
speaker placement in, 37 4-378 

translator, 118 
tuners, 117 

Stereophonic, 17 
sound, 18-20 
systems, 20-30 

Stereophony, delay, 21 
Subcarrier, 53 
Subsidiary Communications Authoriza-

tion signal, 124 
Sum signal, 120-121 
Superheterodyne receivers, a-m, 82-97 
Suspensions, 271 
Systems 

installation, 384-391 
layout, 370-384 
requirements for, 345 
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T 

T-pad, 389 
Tab, record-defeat, 49 
Take, 22 
Tape,55 

decks, 136 
formulations, 50 
modes of operation, characteristics 

of, 138 
recorders, 132-148 
recording, 46-51 
systems, four-channel, discrete, 

359-360 
transports, 138 

Television, 55, 160 
Temperature, crystal affected by, 

61-62 
Tetrode amplifier circuits, 182-194 
Throat, 276 
Time-intensity pickup, 33 
Tip 

pressure, 41 
radius, 41 
size, needle, 59, 65 

Titanium, 50 
Tone arm, 69-72 
Trackability distortion, 43 
Tracking 

error, 69, 70 
force, 72 
problems, 43-44 

Tracks, tape, 46 
Transducers, 10 
Transduction, 10 
Transformer( s) 

impedance bridge, testing with, 
173-174 

output, 167-168 
choosing, 171-175 
performance factors in, 170-171 
testing, 171-175 

weight of, 171-172 
Transient distortion, 15 
Transistor 

bipolar, 79, 103, 104, 106-107 
field-effect, 79 

metal-oxide-semiconductor, 79-80 
stereo 

amplifier units, 246-247 
control centers, 246-247 

tuned amplifiers, 86 
Triaxial speaker, 293 
Tubes, electron, application of, 79-80 
Tuned amplifiers, transistor, 86 



Tuner(s), 55, 80-132 
a-m, 81-82 
compensation, 115-117 
fm, 100 
high-performance, 128-132 
noise figure, 126-128 
sensitivity, 126-128 
stereo, 117 

Tuning 
diodes, 107 
instruments, 257-258 

Turntables, 44-45, 72-76 
driving methods for, 73-76 
record changers versus, 76-78 
speeds of, 72 

Tweeter, separate, 285,288-293 
Twister element, 61 
Two-channel stereo adapters, 232-233 

u 
Ultralinear operation, 182-183 
Unity coupling, 183-188 

400 

V 

Velocity microphones, 154-156 
Voltage amplifiers, 202 
Volume unit, 353 
VU; see volume unit 

w 

Wabble, 72 
Wall 

cabinets, 381-382 
units, 383-384 

Watt 
acoustic, 346 
audio, 346 

Westrex system, 37-40 
Winding resistances, 168 
Woofer 

separate, 285, 288-293 
-tweeter-squawker, 293 

Wow, 73 


