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PREFACE

Within the past decade, the tape recorder has become thoroughly
entrenched as a medium of entertainment in the home, where it aug-
ments the phonograph as a source of musical program material, permits
the day-to-day recording of events of all sorts which have a permanent
—or even temporary—interest to its owner. Such never-to-be-forgotten
sounds as baby’s first words, the last words of a loved one, speeches of
world-famous personalities, or the treasured moments of a fleeting radio
or TV program can be stored permanently, to be enjoyed over and over
again—and all at a fidelity which was unheard of heretofore in any
home recording medium—or the tape may be erased and used to re-
cord another program which you may keep as long as you like.

While the tape recorder itself is a complex instrument, its operation
has been simplified so that in most instances one has only to push but-
tons or turn a few controls. The real joy in using a recorder is in creat-
ing for yourself something which can not be obtained in any other way.

This book suggests a number of applications for your tape recorder,
and then tells you how to go about it—how you can record original
musical performances, how you “dub” from phonograph records, how
you record “off the air,” how you can create your own sound effects
and combine them with music and narration to enhance your slide
shows and home movies.

Familiarity with your tape recorder and the techniques of using it
will give you countless hours of fun and pleasure, and this book will
open the door to an enjoyable pastime.
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Chapter 1
Sound —What Is It?

There is a tremendous interest in the recording and reproduction
of sound. The primary reason for this interest is unquestionably the
realism with which recorded and broadcast music can now be re-
created in your own home. Records and radio, of course, have been
available for many years. However, it was not until recently that they
could bring you more than the mere shadow of an original perform-
ance. Only in the past ten years has the transmission and reproduction
of sound progressed to a point where it is possible virtually to create
an acoustic facsimile of the original performance of a favored concert
or opera.

The same period of time which witnessed these improvements in
transmission and reproduction also saw an equal number of important
advances in the recording of sound. An outstanding example is the
modern tape recorder. Because of these improvements, it is now pos-
sible to obtain recordings from a home recorder that are far superior
to those which could be obtained from even the finest professional
equipment of not too long ago. The superiority of tape recording
becomes still more evident when we discover that today all of the
record companies employ tape exclusively for their original record-
ings. After the tape is made and carefully edited, the recorded sound
is transferred to a disc master.

The modern tape recorder, an outstanding example of which is
illustrated in Fig. 1, has been so simplified that it is now easier to
operate than many ordinary electrical appliances found in the home.
All that is required to make high-quality recordings, in addition to
the recorder itself, is a little knowledge and some experience.

Unfortunately, since tape recording is a comparatively new field,
information on the subject has appeared mostly in professional and
trade publications. We will attempt to rectify the situation with this
book and try to provide the information necessary to obtain maxi-
mum efficacy and satisfaction from any good tape recorder.

Experience is both simple and inexpensive to acquire. One of the
many advantages of recording on tape is that it costs nothing to gain
this experience. Rarely does any medium allow its users to correct
errors, eliminate mistakes, add to or subtract from the original work
or, if necessary, erase it completely and start over again using the
original material.
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Using Your Tape Recorder

Fig. 1-1. Typical high-quality home tape recorder—
Knight Model 4450 or Knight-Kit KG-415

When the user is armed with a little knowledge, which we hope to
provide, and acquires some experience, a tape recorder can become
much more than a toy or a novelty to be used for amusement at par-
ties and stored in a closet until the next party.

A library can be built up of music recorded off the air. For those
interested in serious music, unforgettable moments of the concert
stage and the opera may be recorded and preserved. Rare perform-
ances of selections not otherwise available may be recorded. For
those interested in church or regional music, a tape recorder can
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Sound — What Is I?

provide what is often the only method of collecting the finest in the
field, since much of this music is not commercially available. The
local radio station is an inexhaustible store of material and its pro-
gram dircctor will usually cooperate and advise you of impending
broadcasts of special interest. However, this material should not be
employed for any purpose other than home entertainment. To do
so is a violation of the copyright laws.

Popular music may also be recorded, and those selections which
become boring through constant repetition can easily be erased and
that section of the tape reused for a later release.

Authentic native music from far off places, rarely available com-
mercially, can be recorded via short wave.

Valuable phonograph records may be transcribed to tape before
they become worn and scratched. In fact, damaged records may be
recorded on tape and the annoying sounds due to cracks and gouges
can be eliminated, restoring to listenability what may be an irre-
placeable collectors’ item. Older 78-rpm records may be recorded on
tape and the annoying pauses between sides and records eliminated
to provide an uninterrupted program. Much of the noise on these
early records, which may mar an otherwise perfect program, can
also be eliminated while re-recording on tape.

Home sound movies, heretofore prohibitively expensive, are avail-
able to anyone owning a tape recorder. Sound effects, speech, or
music may be recorded simultaneously with the picture taking, or
sound may be added to pictures taken previously. A tape recorder
may also be used for narration and sound effects while showing your
existing color slides.

Tape recorders are utilized extensively as valuable tools for lan-
guage and music teachers and students. A recording will allow the
pupil to hear himself as others hear him. The author recently had an
interesting experience regarding this particular application. A neigh-
bor’s boy who plays the guitar was recorded, and it was only natural
that he perform a favorite number which he assumed he played well.
He was flabbergasted when he heard exactly how he sounded. There
is no question that such incidents will be extremely helpful to both
the pupil and the instructor.

Our previous paragraphs stressed the need for knowledge and ex-
perience on the part of the user if he is to obtain full satisfaction from
his tape recorder; this point cannot be too strongly emphasized. The
author has taken part in many recording sessions in which the equip-
ment employed was the conventional home recorder, but during
which the temporary guest operator was more familiar than the owner
of the machine with the microphone techniques and placement. The
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Using Your Tape Recorder

owner, upon hearing the results achieved, was invariably surprised
and pleased to learn that his recorder could operate so well. Yet the
only difference was in the knowledge and the experience of the guest
operator.

Since the function of any tape recorder is the recording and re-
production of sound we should begin by learning something of the
nature of sound. Because it will be extremely helpful to acquire an
elementary knowledge of the sounds we wish to record and repro-
duce, the remainder of this chapter will be devoted to explaining in
a simple manner just how sound is created, its method of travel, and
some of its other characteristics. This basic information will greatly
simplify our future explanations.

What is sound?

The word sound has two definitions. It describes both a cause
and an effect. Sound is the sensation which is produced when the ear
stimulates the brain through the nervous system. Sound is also the
physical effect which produces this stimulation through atmospheric
disturbances. We are, for the moment, interested in the physical
effects which create sound.

Sound is created when the atmosphere is set into motion by any
means. Any vibrating body can produce sound by imparting a por-
tion of its energy to the atmosphere surrounding it. The vibrating
body may be a string as in a violin or a piano, a stretched membrane
as in a drum, the reed of a clarinet, a tuning fork, a human vocal
cord, and so on.

Since the piano is a common source of musical sound and readily
available to almost everyone, this instrument will be used to illustrate
the majority of the elementary principles of sound.

If you open a piano and pluck one of the strings, it will produce a
sound. Should you look at the string after it has been plucked you
will find that it appears blurred. This is because of its rapid to-and-
fro, or vibrating motion. Holding a finger lightly against the string
will enable you to feel the vibration. Should you stop the vibration
the sound will cease.

The manner in which a vibrating body creates sound can easily
be shown by analyzing just one to-and-fro motion of the surface of
a simple vibrating body such as the membrane, or skin, on a drum
after it has been struck. The outward motion of the membrane com-
presses a layer of air as shown at (A) in Fig. 1-2. This compression
increases the atmospheric pressure of the adjacent layer of air to
a point where it is above normal.
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MEMBRANE -
MEMBRANE -
T COMPRESSED
1 LAYER OF AIR
RARIFIED
@A) (@) LAYER OF AIR
Fig. 1-2. (A), outword motion of o struck membrone, showing confpression of odjocent

layer of oir. (B) inword motjon, showing rorefoction.

The return, or inward motion of the membrane has an equal but
opposite effect, forming a slight vacuum which causes a decrease
in the atmospheric pressure of the adjacent layer of air to a point
where it is below normal, as shown at (B) in Fig. 1-2.

These disturbances of the atmosphere, consisting of a high-pressure
layer of air which is compressed, and a low-pressure layer of air
which is rarefied, constitute a simple sound wave. A sound wave which
is created by a complete cycle (one to-and-fro motion of the vibrat-
ing body) is illustrated at (A) in Fig. 1-3.

The variations of pressure which comprise a sound wave are im-
parted to successive layers of air and travel outward in the following
manner. The compressed layer of air pushes outward imparting a
portion of its energy to the surrounding atmosphere. This in turn
compresses the adjoining air and creates what is in effect a second
layer of compressed air still further from the source.

The low-pressure layer of air, which we have found consists of a
slight vacuum, pulls particles of air from the adjoining layer and thus
reduces its pressure. This is the manner in which our original sound

(A) (B)

Fig. 1-3. (A), sound wove resulting from o single cycle of sound, ond (B), sound woves
resulting from o continving sound source.
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wave moves outward from its source. The speed at which this sound
wave travels outward is approximately 1120 feet per second or 763
miles per hour.

A more complex sound wave is created when the vibrating body
makes more than one to-and-fro motion, or complete cycle, per
second. Each vibration imparts a portion of its energy to the sur-
rounding atmospherc resulting in a series, or train, of individual
waves such as shown at (B) in Fig. 1-3, and which all move outward
from the sound source.

If we were able to sec sound waves, their method of travel would
appear similar to a water wave; in fact, a simple analogy generally
used to explain the travel of a sound wave is the action of a water
wave. Everyone has seen a body of water when a stone is dropped
into it. From the point at which the stone enters the water a series,
or train, of continuously expanding ripples moves outward in all
directions. These water waves look exactly the same as the sound wave
illustrated in Fig. 1-4.

AVAV

PEBBLE
STONE

g .
“ 0 PEBBLE STONE

8)

Fig. 1-4. (A) waves created by pebble and stone dropped into water. (B) representation
of weak and strong waves in air corresponding to the water waves.

The number of complete cycles, or vibrations, per second which
are made by the vibrating body determines the pitch of the tone the
sound wave produces in the human ear. Pitch, to the musician, is
that characteristic of a tone which enables him to place it in its proper
position in the musical scale. The recording engineer, on the other
hand, uses a term which describes this characteristic of sound in a
purely physical manner. The number of vibrations, or the frequency
with which the sound-producing body vibrates, is used to describe
the tone it produces.
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Fig. 1.5. Frequencies of the notes on a pianc keyboard.

A musician describes a tone as being of a certain pitch by notes,
Middle A, Middle C, etc. A recording engineer would describe it as
having a frequency of a specific number of cycles per second—ab-
breviated Hz.* For example, when the Middle A key on the piano
is struck (see Fig. 1-5) it actuates the strings and causes them to vi-
brate at the rate of 440 times per second. Consequently this note is
spoken of by the recording engineer as a 440-Hz. tone.

Using the piano as an example, we find that each string creates a
different number of vibrations per second, and as a consequence each
note has a different tone. The difference in the tone, or frequency, of
each piano note is due to the fact that the strings vary in length, ten-
sion, and thickness.

How thesc variations affect the tone can easily be demonstrated
by attaching a rubber band to some stationary object, then stretching
it a bit and plucking it. A tone will be heard. Stretching it a bit
further and plucking it again will result in another tone higher in
pitch than the first one. In stretching the rubber band we have re-
duced its thickness and increased its length and tension.

To return to the piano string; if we reduce its length by one-half,
retaining the same tension and thickness, we find that it will when
struck vibrate twice as many times per second as it did in its original
length. This produces a tone which is twice the frequency of the
original, or stated musically, the second tone is one octave higher in
pitch. Conversely, if we should double the length of the string it
would vibrate half as many times per second. This would create a
tone one octave lower in pitch or exactly half the frequency.

Another simple demonstration of how the variation in the length
of a vibrating string affects the tone can be obtained with a Hawaiian
guitar. The continuous tonal glide characteristic of this instrument
utilizes this principle and is produced by sliding a steel bar along the
strings. This varies the length of the vibrating portion of the strings
and consequently their frequency or tone.

* Hz, the abbreviation for Hertz, an early scientist credited with discovering
“hertzian™ waves.
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Using Your Tape Recorder

Most sounds with which we are familiar have some specific fre-
quency range. We can ascertain the frequency range of a sound or
a sound-producing device by determining the lowest and highest num-
ber of vibrations it can create per second. These figures when stated
together provide the frequency range or, as in the case of a device
which responds to sound, the frequency response. The human ear for
example, is capable of responding to, or hearing, sounds between 16
and 20,000 Hz. This’is known as the frequency response of the hu-
man ear.

As mentioned previously, striking different keys of a piano pro-
duces sounds of different frequencies. Returning to Fig. 1-5 we find
that the piano will produce sounds ranging from 272 to 4186 Hz.
This is called the fundamental frequency range of this instrument.
Figure 1-6 illustrates this range in comparison with the frequency
ranges of other musical instruments, sounds and voices.

The lower portion of Fig. 1-6 shows a series of numbers, reading
from left to right, 20 to 20,000. These numbers indicate the fre-
quency range of the audio spectrum in hertz, or cycles per second.
The horizontal lines supply the frequency ranges of the various in-
struments and sounds. For example: The solid black line at the word
trombone extends from roughly 85 to 520 Hz. This is the funda-
mental frequency range of that instrument.

KEYS JINGLING ] ‘ ‘ ” l
;;;:VMBALS I ‘ | 1 | IR
+ EYRR

FLUTE | ’ “ | JH4
VIOLIN — ; + = % - },_.11_1 db
SAXOPHONE | I ‘ | —t—t i t ﬁ—--;— -4-4- }j.;IH.-
CLARINET | N e A Gt
HAND CLAPPING 1 et i b
SNARE DRUM [ t {4+ — 51- ! - x#_;_.‘_“,,,*,_
CELLO -l-&-H—O—*—HHlH-----‘--#--‘ rrittt—
BASSOON Ll + — ‘:_L*_,_.;__-_L_‘_.LJ—J—! =
VIOLA l —t i b t--F-t-rrT
ENGLISH HORN ‘ I R e bm g bt
FRENCH HORN | [REEE - ,Luﬁ;----,--,-;.ljﬁ-
TROMBONE I H.¢—r__',+}.4.1. 4ot _JI .
MALE SPEECH ' i {+ -_4-..-.4-h-
BASS TUBA 4-{—;—4&-4--—-4--1—-4 It
PIANO l i J - ! +_,_‘+;___
BASS DRUM | + et
BASS ViOL L_u-u-s-s—a-—l--;-e.qru----h-.-.‘-‘
TYMPANI | | 4 L

Il IHEENE L lnllnn po bl

20 100 1000 10000 20,000

FREQUENCY=Hz

Fig. 1-6. Frequency ronges of musicol instruments ond other sound sources. Solid lines
ore fundomentols; doshed lines indicote the ronge of the hormonics.
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Sound — What Is 11?

We have thus far, in order to simplify our discussions, confined
our explanations to fundamental tones. Actually, all musical and vocal
sounds are slightly more complex. In addition to producing funda-
mental tones, musical instruments and the human voice also produce
tones which are called harmonics by the recording engineer, and
overtones by the musician. These overtones, or harmonics as they will
be referred to in the future, are extremely important, as we shall
soon discover.

Should an instrument or a voice produce only fundamental tones
without any harmonics, it would sound exactly the same as all other
voices or instruments, unless the frequency range or volume were
sufficiently different to aid in its identification. The importance of
harmonics becomes quite obvious when we discover the primary
difference between a Stradivarius and a ten-dollar fiddle lies primarily
in the harmonics each creates.

How harmonics are produced

Harmonics are produced in the following manner. A fundamental
tone is, as we have learned, produced by a piano string vibrating as
a whole as shown at (A) in Fig. 1-7. However, the string also vi-
brates in sections due to the reflected waves from its fixed ends, and
in this manner produces secondary vibrations, or harmonics, which
are exact multiples of the fundamental tone or frequency. For ex-

— T~
\ ] /

— T~ T
<

D e e
< < <

©)

Fig. 1-7. Vibrotions of the string on o piono or violin. (A) os o whole, producing the
fundomentol tone; (B) in two ports, crecting the second hormonic; ond (C) in three ports,
resulting in the third hormonic.
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ample, let us assume we have struck the Middle A key on a piano.
We know that this will produce a tone with a fundamental frequency
of 440 Hz. In addition the string will also vibrate in two sections as
shown at (B) in Fig. 1-7. This secondary vibration causes what is
called the second harmonic, in this case a tone whose frequency is
880 Hz. It is also possible for the string to vibrate in fourths, sixths,
eighths, and so on. A string vibrating at the third harmonic, or 1320
Hz, is shown at (C) in Fig. 1-7.

Each of these sets of vibrations contributes a certain amount of
energy to the total sound output. However, the harmonics usually
create less energy than the fundamental frequency. But it is the com-
bination of all these vibrations which creates the particular sound
which is characteristic of a specific instrument. We know that even
if the same note is played on the piano and a violin there is a distinct
difference in the resulting sound; we can easily tell which sound is
produced by the piano and which is produced by the violin. This
occurs despite the fact that the fundamental frequency produced is
the same in both cases. The reason lies in the fact that distribution
and the intensity of the harmonics are different because of the dif-
ference in the physical structure of the two instruments. Harmonics
are responsible for the fact that musical instruments can produce
higher frequencies than their fundamental ranges. The piano, for
examples, produces overtones above 8000 Hz, despite the fact that
its fundamental range extends only to 4186 Hz. This extension of the
frequency range of the various musical instruments is given in Fig.
1-6, where it is indicated by the dotted section at the high-frequency
ends of the lines showing the frequency range of the various sounds.

Any discussion of sound must, in addition to pitch or tone, include
mention of the volume or loudness of the sound. We have explained
previously just how sound is created, how it travels, and how the
pitch or frequency is varied. We have not, as yet, explained what
causes a sound to be louder or softer. In order to do so in a simple
manner we must return to our earlier analogy of the water wave.

Dropping a pebble into a body of water creates wavelets of rela-
tively small force. Dropping a large stone into the water creates larger
wavelets of greater force. Sound acts in exactly the same manner; the
greater the force that generates the sound, the more air pressure it
will exert and the louder it will be. This can be shown quite easily by
holding a sheet of paper as illustrated in Fig. 1-8 and speaking directly
at it. The sheet of paper will vibrate due to the sound waves generated
by the voice. Using more vocal force and shouting will cause the pa-
per to vibrate more violently.

The human ear intercepts, and is affected by, sound energy in
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Fig. 1-8. Speaking directly to a sheet of paper causes it to vibrate just as the diaphragm
of a microphone does.

essentially the same manner. The ear can be divided into three sec-
tions. The first section is the outer ear, which is the visible part, and
which acts as the collector of sound waves intercepted by it. These
waves then pass through the auditory canal and affect the ear drum
which acts as a diaphragm in the same manner as they did the sheet
of paper, causing it to vibrate. The second section is the middle ear
which is separated from the outer ear by the ear drum. This section
transmits sound waves to the third section, the inner ear, which con-
verts them into nervous or electrical energy which is transmitted to
the brain by the nervous system and results in the sensation of sound.

Changes in sound intensity or volume affect the ear in the follow-
ing manner: A loud sound, as we have discovered, creates a greater
pressure or intensity than a softer sound, and therefore causes the
ear drum to move more violently, just as it did the sheet of paper.
This creates a greater impulse in the nervous system. A sound of
lower volume causes the ear drum to move less violently, thus creat-
ing a lesser impulse in the nervous system. From the foregoing we
can understand how a sound can be so low in intensity that it does
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not create any impulse at all in the nervous system and hence no
sensation of sound is produced, or so high in intensity that it may
actually cause physical pain.

Just as the frequency or pitch of a sound may be measured, so
can its intensity or loudness. However, a special unit of measurement
must be used since the loudness range of everyday sounds is truly
enormous (over one trillion to one) and the use of ordinary numbers
would be unwieldy. For example, the intensity of a quiet whisper
would be 10,000. That created by the normal conversation in the
average city home would be about 50,000,000. The unit commonly
used in measuring sound is called a decibel (abbreviated dB).

As with any other measuring scale we must start with some arbi-
trary figure which may be used as a reference point. The reference
point, or “zero level,” which has been chosen by acoustic engineers is
a sound pressure or intensity which hardly affects the ear drum and
is consequently barely perceptible to the average person. This zero
reference point is called the threshold of audibility and is shown as
0 dB, in the table in Fig. 1-9.

Figure 1-9 illustrates the sound intensity or loudness level, in deci-
bels, created by some common sounds. As may be seen from this
chart, audible sound ranges from the threshold of audibility, which
is indicated by 0 dB, to 135 dB. Until recently the loudest sound
measured by man reached what was called the threshold of feeling.
A sound at this level was felt as well as heard since it displaced the
ear drum to such an extent that it caused a tingling sensation. The
advent of the jet engine increased the known level of sound to what is
now called the threshold of pain. This is a level at which sound causes
a sensation of pain and may actually destroy human tissue. This
sound level occurs about 25 feet from the rear of a jet plane as it is
being warmed up for flight.

Figure 1-9 will also provide some idea of the relative levels of
various sounds when we explain that a sound twice the intensity of
a reference sound is only 3 dB higher in level. When a sound is four
times the intensity of another, it is said to be 6 dB higher in level.
When it is eight times as loud, the intensity level is about 9 dB higher.
When one sound is ten times the intensity of another, it is 10 dB
higher in level. When a sound is one hundred times the intensity of
another it is 20 dB higher. From the foregoing figures, it becomes
obvious that the response of the human ear is not directly proportional
to the intensity of a sound but rather to the logarithm of its intensity.

Your microphone has a diaphragm which is similar to the dia-
phragm in the human ear which we call the eardrum. Both respond
in exactly the same manner to any changes in the frequency or loud-
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0 THRESHOLD OF AUDIBILITY

10 RUSTLE OF LEAVES

15 QUIET WHISPER

20 AVERAGE WHISPER AT 5 FEET

23 STUDIO NOISE LEVEL

30 NOISE IN SUBURBAN STREET

48 NOISE IN STORAGE WAREHOUSE
60 NOISE IN AVERAGE RESTAURANT
63 AVERAGE CONVERSATION

70 CITY STREET NOISE

78 NOISE IN FACTORY (AVERAGE)
80 LOUD RAD{O PLAYING IN THE HOME
90 NOISY FACTORY

97 SYMPHONY ORCHESTRA AT 20 FT.
120 THRESHOLD OF FEELING
135  THRESHOLD OF PAIN

Fig. 1-9. Intensity levels created by some common sounds.

ness of a sound wave and in essentially the same manner in convert-
ing the mechanical energy of the sound waves. The human ear, upon
intercepting sound waves, converts them into minute nerve pulses.
The microphone converts them into minute electrical impulses.
When a sound with a frequency of 16 Hz is intercepted by the
microphone, it is converted into exactly 16 small electrical im-
pulses per second. A 5000-Hz sound wave would be converted into
5000 electrical impulses per second. The frequency of the electrical
wave is exactly the same as that of the sound wave which created it.
If we were to increase the loudness or intensity of the sound wave
intercepted by the microphone, it would increase the strength or
voltage of the electrical impulses it generates. The electrical impulses
generated by the microphone vary in exact proportion to the sound
waves which generated them in respect to both loudness and frequency.

17



Chapter 2
Your Recorder

Since more electrical power is required to make a recording than
the minute impulses provided by a microphone, it is necessary to
magnify or amplify them to usable proportions. This is accomplished
by the recording amplifier which is an integral part of your recorder.
The microphone is connected to the amplifier when it is plugged into
the microphone jack, (Mic Input). Also connected to the amplifier
are two components which are extremely important for proper
recording.

The first is the volume control, as illustrated in Fig. 2-1. This con-
trol is used to vary the amount of amplification provided by the
amplifier. It is necessary that this be variable since the sounds we wish
to record all vary in level—some require more amplification and
others less.

Fig. 2-1. The volume control on a typical tape recorder.

For example, earlier in Fig. 1-9, we indicated that the sound level
created by average conversation was 63 dB; actually the sound levels
created by the human voice will vary. A male voice can produce
sound levels ranging from a whisper up to a sound level of 15 dB,
or with the same voice shouting or singing, it produces a sound level
up to 92 dB.

If we were recording a person whispering we would obviously re-
quire more amplification than would be necessary to record the same
person shouting. In order to compensate for the differences in the
levels of the sounds we wish to record, the amount of amplification

18
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must be variable. The dial markings on your volume control permit
you to note the amplification employed for particular types of re-
cordings and allow you to return to the same setting when making
recordings of a similar nature, much as the photographer does in pre-
setting his lens.

The second component connected to your amplifier is the record-
ing level indicator, which informs you of the maximum sound level
usable without introducing objectionable distortion.

If we were to record only speaking voices it would be much sim-
pler to make recordings, since the human voice, speaking as in nor-
mal conversation, remains comparatively constant in level. The dif-
ference in volume level between the loudest sound and the softest
sound it produces is very small (only about 10-12 dB) unless the
talker becomes excited and shouts. This difference between the loud-
est and the softest sound produced is called the loudness range.

Unlike the human voice while speaking, the sound level of a musi-
cal instrument or a singing voice varies considerably during the rendi-
tion of a musical selection. Some passages are soft, others are loud.
These changes in the volume level are one of the means by which
the composer and the musician create variations in mood and
expression.

Figure 2-2 depicts the loudness or dynamic range, as it is cor-
rectly called, of the various musical instruments which we are apt
to encounter in recording. The dynamic range of a musical instrument
or singing voice is the difference in volume level between the loudest
and softest sounds it can produce. From this illustration we can see
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that the instrument which produces the greatest sound intensity and
has the widest dynamic range is the organ. Next are the drums and
cymbals, followed by the piano.

Dynamic range is important in recording since there is a maximum
level which can be handled by the recording equipment and tape with-
out introducing objectionable amounts of distortion. Any level above
this optimum level results in a recording which is noticeably dis-
torted. The maximum level which can be handled without distortion
is shown by various types of record-level indicators.

The single neon lamp produces an indication only when the record-
ing is being made at or above the distortion level. When the record-
ing level is too low, the lamp will not indicate how much too low,
which results in an increase in noise level. The second type employs
two neon lamps. One, called distort, ignites at the maximum per-
missible level; the other, called normal, ignites at 6 to 10 dB below
acceptable distortion. The object is to adjust the recording level so
that the normal lamp is ignited most of the time, but the distort lamp
gleams as seldom as possible.

The third type is the magic eye. If the eyc overlaps occasionally
there will be no harm done. However, should the eye close completely
or worse, overlap, very often the recorded signal will be distorted.
On the other hand, if the eye never or very seldom closes the re-
cording level is too low. The fourth type is the meter in which the
zero mark on the scale indicates the “zero” level over which excessive
distortion occurs.

Just as there is a maximum recording level above which distortion
is introduced there is also a lower limit which is the minimum record-
ing level. Below this level parts of the recording may be obscured by
background noise of various kinds, e.g., the tape hiss which is created
by the tape, and the residual hum and noise level of your recorder. A
person speaking rarely falls below this level whereas a singer may do
so often during the rendition of a selection. It was for this reason,
as we indicated earlier, that your recording should be made at a
point slightly below the maximum recording level. Recording below
this point makes it necessary to raise the playback volume to the
point where any hum, noise, or hiss may become objectionable.

The correct adjustment of the volume control for recording a vo-
calist or a solo musical instrument is obtained in the following man-
ner; when a VU meter is employed, have the vocalist or instrumental-
ist take a position about 18 inches from the microphone. Ask the per-
former to render the loudest portion of the selection you are about
to record. adjust the volume control until the needle of the record
indicator hovers somewhere between —8 and slightly above the
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“zero” mark, never higher than + 1, even on the loudest prolonged
passages.

Next ask the performer to render the softest part of the selection.
The record-level indicator should read somewhere in the range be-
between — 8 and - 20. If it does you have obtained the optimum re-
cording level and can proceed recording. You may find that you
cannot always achieve this optimum condition since the dynamic
range of either the selection or the vocalist is too great. The record-
ing then calls for more advanced microphone technique and handling
of your recorder. This additional information is provided in the
section on microphone recording.

The information we have thus far provided on the adjustment of
recording level and dynamic range is equally applicable to any type
of musical recording whether the program source is a microphone, or
from radio, TV, phonograph, or another tape recorder.

Choosing your recording speed

Modern recorders provide a choice of recording speeds: 7Y% inches
per second (abbreviated ips), and 3% ips. When a speed of 7Y% ips
is employed, a 7-inch reel of 1200 ft. of standard-play tape will pro-
vide 30 minutes of uninterrupted playing time for each track. The
second speed of 334 ips will provide a playing time of one hour for
each track. The resultant economy is not achieved without some
sacrifice of the excellent quality of which your recorder is capable at
the higher speed. The maximum frequency response of your recorder
is obtained at the 7V2 ips speed. At 3% ips or any lower speed the
high-frequency response is reduced, as may be seen from your re-
corder specifications. However, if the recording speed is carefully
chosen to fit the program source to be recorded, you may have your
cake and eat it too, since not all the program sources you will record
require the wide frequency response obtained at 715 ips.

When recording with microphones you can determine which speed
to use by reference to Fig. 1-6. It is quite simple: If you determine
that the frequency range of the instrument or combination of in-
struments you wish to record falls within a range, let us say, of 40
to 8000 Hz, the 334 -ips speed can be used to obtain adequate fidelity
with maximum economy. For example, when recording male speech,
or the solo performance of a Bass Viol or English Horn, the speed
of 3% ips can be used with no sacrifice of quality since none of these
sources produces any frequencies above 8000 Hz. On the other hand,
if you are recording an orchestra, a clarinet solo, or a soprano voice,
only the higher speed (7% ips) will provide the necessary fidelity.
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Fig. 2-3. Frequency ranges of a number of sound sources.

When recording from sources other than microphones, Fig. 2-3
should be used as a guide. Line 1 is the transmission range in Hz of
a high-quality live-studio FM broadcast. When recordings are broad-
cast, the range of the transmitted music is, of course, limited to that of
the record.

Line 2 illustrates the transmission range in Hz of a high-quality
AM station. This seldom exceeds 7500 Hz; in fact this is an excep-
tion rather than the rule.

Line 3 is the frequency range of the older 78-rpm records. Even
the finest seldom went beyond 7000 Hz. This range is also an excep-
tion, and most older electronic recordings never produced frequencies
higher than 6000 Hz.

Line 4 is the frequency range produced by high-quality modern
33Y3-rpm LP records.

It becomes obvious that employing the 7Y% ips speed for re-
recording of old 78-rpm records and of AM broadcasts would be
wasteful since the range they produce is well within the response of
your recorder at its lower speed.

22

1
10 30 50 70 100 300 500700 3000 7000 20000



Chapter 3
Microphone Recording

Correct microphone placement is the basic secret of good record-
ing. However, merely advising you as to how and where to place
your microphones—as we intend to do basically—is not the com-
plete answer, since each recording situation differs in accordance
with the acoustics of the room in which you record.

Up to now we have considered only monophonic microphone re-
cording. Recording in stereo is similar in many respects. All of the
information provided on monophonic techniques is equally applicable
to both mono and stereo recording. However, one additional factor
must be considered—the degree of separation between the micro-
phones for the various positions. The stereo effect is largely dependent
upon this factor and the exact separation varies with room acoustics
and the type of microphones employed.

When recording a single speaking voice in stereo, as you should
do to start, the placement of the microphones should be determined
by the manner indicated for mono recording, employing a separation
of two to five feet between them. Make the first section of the re-
cording with a separation of two feet; the next with a separation of
three feet, and so on until you have reached a separation of five
feet. Play this test recording back. When the spacing is too great you
will encounter the effect known as “hole in the middle” in which
the voice plays back through one speaker or the other, depending on
where you stand while listening. The spacing should then be reduced
to where the voice seems to come from a point midway between the
two loudspeakers.

We will assume that all of our examples are to be recorded in a
living room of average size—under five thousand cubic feet—with
the microphones generally acquired with the recorders. All of the
microphone distances suggested are given for average conditions
and are basic figures.

Tape recordings may be grouped into four categories: the speak-
ing voice, solo musical instruments, singing voice with musical ac-
companiment, and larger vocal or instrumental groups. The most
common is the monophonic recording of a single speaking voice.

In recording a speaking voice, intelligibility is usually of paramount
importance. Consequently, the microphone should be placed fairly
close to the performer, unless special effects are required. A dis-
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tance of between one and three feet is usually correct, with the exact
distance dependent upon room acoustics. In a comparatively “dead”
room, such as the average living room, the placement should be closer
to the maximum distance to avoid the artificial. too-intimate sound
characteristic of a small room. In a larger or more live room, the
placement should be closer to the minimum distance to avoid the
possibility of echo or reverberation. Microphone placement is. of
course, also subject to the volume of the performer’s voice. A loud,
powerful voice will require more-distant placement than a compara-
tively weak voice.

When recording a single speaking voice in sterco, use the method
indicated carlicr. After a few attempts at sterco microphone place-
ment you will notice that the optimum distance between the micro-
phones and the performer will always be slightly less than for mono
recording. sincc two microphones will pick up slightly more room
sound than onc. For all stereo recording where comparatively low-
level sound-producing sources arc employed. a preamplifier for cach
channel may be necessary at distances greater than three feet from
the microphonc.

Recording more than one person. as in a dramatic performance,
or when adding sound to home movics or slides, can be made much
more realistic by introducing aural perspective. The position of the
lead voice is obtained. as outlined previously for a single speaking
voice. This position is then employed as a key for the physical place-
ment of the remaining performers.

To simplify the illustration showing suggested microphone place-
ment. we use a square to indicate a microphone; the letter “M” in-
side the square indicates a mono mike. and sterco mikes are indicated
by the letters “L™ and “R™ for left and right channcls respectively.
“C™ represents an additional “center-channcl™ microprone for stereo.
When used, “X” in a square represents an additional mike employed
with a mixer.

When recording small dramatic groups in stereo, the microphones
should be scparated by six to cight feet as a beginning, with the dis-
tance from the lead performer the same, as shown at (A) in Fig.
3-1. All performers should be kept within a twenty-degree angle from
the microphones. Move the microphones apart gradually until the
“hole in the middle” becomes apparent and the sound level of the
performers at the center of the stage begins to drop. Then reduce the
microphone spacing until this cffect is eliminated.

The type of recording next in popularity is that of solo musical
instruments. Recording musical instruments is no more difficult than
recording a speaking voice. The important difference between the
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Fig. 3-1. Microphone position suitable for Fig. 3-2. Microphone placement for
recording a small group in stereo. recording a piano.

two is the variation in the loudness or dynamic range produced by
the instrument, and this must be considered when adjusting the re-
cording level. The dynamic range of various instruments is shown
in Fig. 2-2,

The most commonly used musical instrument is the piano. An
carlier paragraph said, “Learn the characteristics of the instrument
you wish to record.” As an example of the variations you will en-
counter in recording musical instruments, we will explain, in detail,
the different methods employed in recording the piano. There are two
general types of pianos—the upright, with its smaller version, the
spinet, and the grand piano, with its undersized counterpart, the
baby grand. The upright and spinet will be discussed first.

We will assume that the piano occupics the usual position against
the wall, as illustrated in Fig. 3-2. For mono recording the micro-
phone is placed as shown with its axis directed between Low and
Middle A for good tonal balance. Though this position is best for an
intimate pickup it may give rise to another problem—the mechanical
noise created by the keys may be picked up and recorded. To avoid
this, the microphone should be placed on a stand at least two feet
higher than the keyboard. This positioning will usually eliminate these
mechanical sounds. When the piano is a conventional upright with
a hinged top the noise problem is even easier to solve—merely place
the microphone at a point about six inches higher than the top of
the piano. and raise the top several inches. Because of the slightly
grcater volume of sound obtained, the microphone should be moved
about six inches further from the instrument.

If thé mechanical noise is noticeable when making an intimate re-
cording of a spinct, the simplest solution is to move the piano at
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right angles to the wall as shown at (A) in Fig. 3-3, with the micro-
phone placed as shown.

When recording either an upright or a spinet in stereo, the micro-
phones are placed three to four feet from the keyboard and separated
by six to eight feet as shown at (A) in Fig. 3-2, with their axes
angled inward. This placement allows the pianist the necessary free-
dom of movement and eliminates any possibility of his blocking the
microphones with his body as he plays. If mechanical noise is no-
ticeable, the solution is the same as for mono recording (see B in
Fig. 3-2).

The best method of eliminating mechanical noise when recording
a spinet in stereo is to move the piano at right angles to and away
from the wall, as shown at (B) in Fig. 3-3. Place the microphones
six to eight feet from the back, separated by the same distance.

The methods employed to record a baby grand also apply to the
standard-sized grand, since for recording purposes they are similar.
With both types, the sound issues from the side when the top is open;
consequently we must consider the open side our sound source. When
making a mono recording, place the microphone as indicated at (M)
in Fig. 3-4. The intensity of the sound radiated from a grand is
greater than that from an upright piano, so the microphone should be
placed at a greater distance. For the baby grand a distance of five
to six feet seems to provide the most satisfactory results. For the
standard-sized grand with its still greater volume, a distance of seven
to eight feet is more satisfactory.

The microphone distances we have given will provide what is
called an intimate pickup—each note will be sharply defined, crisp,
and clean. When the recordist wishes to create the illusion of in-
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Fig. 3-4. Placement of micraphones for recording a grand pianc in either mono or stereo.

creased space and to obtain more blending of notes the recommended
distances should be doubled. To obtain the illusion of concert-hall
sound the distance between the instrument and the microphone
should be again doubled. Changing the distance, as we have found,
also changes the character of the recorded sound; the correct micro-
phone position is the one which makes the recording sound most
nearly like the original performance.

When recording either of the grand pianos in stereo, place the
microphones as shown at (A) in Fig. 3-4. With the left-channel
microphone about three feet from the keyboard and slightly to its
right, place the right-channel microphone four to seven feet to the
right of the left one. This placement provides an intimate pickup. If
an illusion of increased space and more blending of the sound is de-
sired, the microphones can be moved back to three or four feet and
the separation increased by 50 per cent.

Recording the violin

The most popular of the bowed-string instruments is the violin.
In order to obtain the maximum quality in a violin recording, the
microphone should be placed as close as possible to the instrument
without interfering with the performer. The distance will usually be
two to three feet. Another limiting factor is the microphone position
at which the noise of bowing becomes noticeable. When this occurs
the microphone distance must be increased until the noise disappears.
These remarks apply equally to all bowed string instruments such as
the viola, cello, and the double-bass. However, since the sound out-
put of any instrument increases with its size, the separation between
the larger instruments and the microphone should also be increased
slightly to compensate.

As closely as the author could determine, the instruments next in
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popularity are the guitar and its smaller counterpart, the ukulele.
When recording a guitar in mono it should be placed from three to
four feet from the microphone. When the guitar is employed as a
solo instrument the stringed face should be placed directly on the
axis of the microphone to insure good high-frequency response. For
a stereo recording of a guitar and ukelele the separation between
microphones should be three to four feet and the distance from the
instrument slightly less than for mono. The ukulele has about half
the sound output of a guitar and therefore requires a slightly closer
microphone placement; the spacing between the microphones re-
mains the same.

The banjo and the mandolin should be included in this group. The
banjo has a volume level considerably higher than that of a guitar.
The volume level of a mandolin is about the same as that of the
ukulele. Generally speaking, plucked-string instruments produce more
volume than bowed-string instruments and require more-distant micro-
phone placement.

The separation between microphones for a stereo recording of the
banjo should be four feet; for the mandolin it should be three feet.

The next group we will discuss consists of the woodwind and
wind instruments. The most popular of the woodwinds are the
saxophone and the clarinet. These instruments are highly directional
in their propagation of sound at the higher frequencies; consequently
they require exceptionally careful microphone placement for mono
recording.

PERFORMER

Fig. 3-5. Turning a wind instrument away from the axis of the microphone aids in
recording high-level passages.

For solo monophonic recording, the bell of the saxophone or
clarinet should be placed on the axis of the microphone, at a distance
of from five to six feet. When a particularly loud passage is to be re-
corded, the performer may turn his instrument no more than ten
degrees off the axis, as illustrated in Fig. 3-5 to reduce the level
slightly. But this movement should not be carried to an extreme since
it may result in a complete drop out of the higher frequencies. The
directional characteristics of the trombone and other solo brass in-
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struments are similar to those of the saxophone and clarinet. The
separation between microphones for a stereo recording of a saxo-
phone, clarinet, trombone, or other brass instruments as a solo should
be four to five feet, with the distance from the microphone slightly
less than for mono recording.

Since the drums produce a larger volume of sound, they may be
placed at almost any desired distance from the microphone for solo
recording in either mono or stereo. The separation for solo stereo
recording should be six to eight feet.

As explained earlier, recording a solo musical instrument is no
more difficult than recording a speaking voice, once the directional,
frequency, and intensity characteristics of the instrument are known.

We have assumed that the reader makes a recording while listen-
ing to the performer, and at the same time watching the recording-
level indicator, and that this recording is then played back immediately
to check for possible errors. This procedure is quite satisfactory for
the simple recordings we have made. However, more accurate micro-
phone placement, and consequently better recordings, are obtainable
when earphones are used to monitor the program as it is being
recorded.

“Liveness’” in mono recording

Remember that the room will sound more live in a recording,
especially in mono. Unless earphones are employed for monitoring
the recording playback does not sound exactly as you heard it live,
while recording. With earphones the recordist hears exactly what is
being recorded and is able to make any necessary adjustments in re-
cording level and microphone placement immediately.

Recording a vocalist is quite similar to recording a musical instru-
ment in that we encounter practically the same problems. The vol-
ume of the singing voice, unlike that of a speaking voice, does not
remain constant. The vocalist may at first sing loudly, then more
softly, then loudly again. We must, as we did with musical instru-
ments, allow for this variation in volume level because if the record-
level control is adjusted for the high-level passages, the softer pas-
sages may be lost in the background noises.

The most practical method of determining the proper monophonic
distance between the vocalist and the microphone is to have the singer
take a position about eighteen inches from the microphone, and then
set the record-level control at a position slightly lower than the one
which had been previously determined to be the proper one for a
speaking voice. Ask the vocalist to render the loudest portion of the
selection you are about to record. Watch the record-level indicator.
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If it shows overload have the vocalist move back from the micro-
phone until the loudest passage does not exceed the maximum re-
cording level on the indicator. This position will usually be between
eighteen and forty-eight inches, depending on the power of the
singer’s voice. A crooner will be discussed separately in a later
paragraph.

When recording a vocal solo in stereo, the singer should be placed
at a distance of eighteen to thirty-six inches from the microphones,
which should be separated by about two to three feet. Then follow
the procedure outlined for mono recording.

You may find that while recording bass and baritone voices your
microphone will perform to your complete satisfaction. However,
when you begin to record tenor, alto, or soprano voices, you may
notice that they do not sound quite natural. A microphone with a
wider frequency range will solve this problem since these voices are
all higher pitched and have important overtones in the higher registers.

Occasionally a singer may be encountered whose speech has ex-
cessive sibilance, a hissing sound most noticeable in words with the
letter s. These people should be placed at some angle off the axis
of the microphone. Such placement will greatly reduce or even elim-
inate this annoying characteristic.

A crooner is the easiest singer to record since his voice is usually
quite low-pitched and has a very narrow dynamic range. Crooners
must be placed very close to the microphone since their volume level
is usually very low. A crooner may be placed as close as four to six
inches from the microphone.

Monitor with earphones

Earlier we explained the advantage of employing earphones while
recording. They are even more valuable when more than one source
of sound is being recorded—for example, a vocalist accompanied by
a piano. It is very difficult to obtain the correct balance between two
or more separate sound sources when listening “live” in the same
room. The record-level indicator will show the combined level of all
sound sources, but it will not show any relationship between them in
level. When earphones are employed, both the eyes and ears are
used together and can provide a more accurate indication of the
volume balance.

Our next problem in recording a vocalist is due to the fact that
there is usually some form of musical accompaniment. A piano is
most frequently employed. The problem is caused by the fact that
the average sound level of a singing voice is 68 dB and the level
created by a piano is about 78 dB; consequently the microphone
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Fig. 3-6. If the piono drowns out the soloist with plocement shown in (A), move the
performer closer to the microphones, os shown ot (B).

placement which is correct for the singer is not correct for the piano,
and vice versa. For example, if the vocalist stands in the conven-
tional singing position in relation to the piano and the microphone
is placed for an intimate pickup of a baby grand, as illustrated at
(A) in Fig. 3-6, the vocalist will be drowned out by the piano. This
is due to the higher sound level created by the instrument.

The correct microphone placement is illustrated at (B) in Fig.
3-6. Since sound loses its intensity as the distance between the source
and the microphone is increased, we need merely place the micro-
phone in the correct position for the piano pickup and bring the vocal-
ist closer to the microphone until a position is reached where the cor-
rect volume balance is obtained. In our case, it was a distance of
between two and three feet.

When recording a vocalist with piano accompaniment in stereo,
the same problem occurs. The microphone placement at (A) in Fig.
3-6 also results in improper balance between the vocalist and the
piano, with the instrument again being recorded at too high a level.
The solution is practically the same. However, microphone placement
becomes much more critical since an additional factor must now be
considered—the separation between microphones for optimum stereo
cffect.

The microphones are placed as at (B) in Fig. 3-6, their distance
from the piano about seven to eight feet, and the separation between
them about the same. These distances permit the vocalist to stand be-
tween the instrument and the microphones. The distance between the
vocalist and the microphones is then varied until the best volume bal-
ance is obtained. Once the correct balance is achieved the separation
between the microphones is varied for the best stereo effect.

Recording a small choral group of three to four voices with a piano
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accompaniment is quite similar to recording a single vocalist. Because
the combined volume output of the singers is greater than that of a
single vocalist, we can obtain a volume balance more easily since the
levels of sound from the piano and from the voices are more nearly
equal.

Figure 3-7 illustrates the arrangement generally employed. The
singers are grouped in an arc as close together as possible. The dis-
tance of the singers from the microphone is determined by the power
of the lead voice. This distance is obtained in exactly the same man-
ner as it was with a single vocalist and will usually be from three to
five feet. A test recording should be made to determine tonal balance,
and the singer or singers whose voices are too loud should be moved
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Fig. 3-7. (A) narmal placement far recarding a small graup with a piana. (B) shaws an
extra micraphane at C which can be emplayed with a mixer ta imprave balance.

back slightly. A change in distance of six to twelve inches should
suffice. When one voice must be accented for special effects, that
performer should be moved closer to the microphone. When greater
definition is required for special effects, the distance between the
microphone and the singers should be reduced.

When recording a small choral group in stereo, the microphones
are best placed as illustrated in Fig. 3-7. They are separated by six
to ten feet and placed about eight feet from the piano. With this posi-
tioning, the singers are moved closer to or further from the micro-
phones to obtain the degree of vocal blending required. The closer
the group is to the microphones, the greater the definition of the
individual voices, and the less the blending. Changing this distance
will, of course, also change the balance between the piano and the
voices of the group.

Recording an instrumental solo is, as we have found, quite sim-
ple when we consider the frequency range of the instrument, its
dynamic or loudness range, and its directional characteristics. We
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have also discovered that most musical instruments differ in one or
more of these characteristics from other instruments.

The differences between instruments become quite obvious when
we attempt to record a group of them at the same time; for example,
a small instrumental group.

The first requirement in recording a group of this type is that the
frequency response of the microphone be sufficiently wide to record
the lowest frequency of the lowest pitched instrument and the high-
est harmonic of the highest pitched instrument in the orchestra. The
second problem is due to the differences in the volume level created
by the various instruments. These differences were illustrated in Fig.
2-2 and described earlier. From this information we find that the
instruments producing the lowest sound level are the strings. Conse-
quently they should be placed closest to the microphone.

Recording ‘‘combos’’

The musical groups most often recorded by the average person
are the three- and four-piece combinations generally employed for
small dances, weddings, and so on. The three-piece combination
usually consists of piano, guitar, and a bass fiddle, which are ar-
ranged as illustrated in Fig. 3-9. The guitar is placed on the axis of
the microphone at a distance of two-and-one-half feet. When a baby
grand piano is used it is placed at an angle of 45 deg. off the axis and
five feet from the microphone. A grand piano, due to its greater
sound output, is placed at a distance of from seven to eight feet. The
bass fiddle is placed at a distance of from four to five feet and at
a 45-deg. angle to the left side of the microphone axis.

A four-piece combination is usually created by the addition of a
saxophone which is placed in position X in Fig. 3-9 at a distance
of six feet. Very often small groups of this type employ an ac-
cordion instead of the piano. This instrument should be placed at
a distance of six feet from the microphone in the position normally
occupied by the piano. The distances we have given for the three-
and four-piece combinations provide an intimate pickup.

Small three- and four-piece combinations are equally simple to
record in stereo, with the performers placed as shown in Fig. 3-10.
The microphones are separated by about six feet and placed at a
distance of from two to three feet from the guitar. The stereo effect
may be altered by changing the microphone spacing. It is interesting
to note that commercial recordings employ a slightly different ar-
rangement to obtain a more exciting effect by placing the brass and
the piano on one side and the drums and guitar on the other—a sort
of musical ping-pong effect.
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Fig. 3-8. Micraphane placement suitable far recarding a small cambinatian af instruments.

All of our previous examples have employed a single microphone
for mono recording. There are often instances where the use of two
microphones can greatly simplify placement, permit greater flexibility
of pickup technique, and allow special effects which can add im-
measurably to the quality of the recording. For example, the record-
ing of a self-accompanied vocalist can be greatly improved by the
use of two microphones, one to pick up the singing voice and the
second to pick up the piano. The output of the two microphones is
fed into a device called a mixer which feeds the combined output of
the units into the microphone input of the tape recorder. The mixer
allows the user to obtain more-exact volume balance from sound
microphone separately.

The regulation of individual level from two or more microphones
allows the user to obtain more exact volume balance from sound
sources which create different levels. The use of a mixer also permits
the recordist to obtain the interesting effects so often employed in
commercial broadcasting, such as slowly fading a voice onto a musical
background, highlighting the lead voice in a choir, or spotlighting an
instrumental solo with an orchestral background.

There are available small inexpensive units designed to perform
the function of “mixing” for the owner of a tape recorder. The small-
est and least expensive (under ten dollars) is illustrated in Fig. 3-9.
This unit is no larger than a package of cigarettes; it may be kept
in the same compartment as the microphone. It is simple to install
and may be used to mix the output of two microphones.

Earlier in this chapter—(B) in Fig. 3-6—we illustrated what in
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Fig. 3-9. Inexpensive accessory which permits mixing two microphones into one input on

the recorder.
Courtesy Suwitcheraft, Inc,

effect was a compromise placement for recording a self-accompanied
vocalist. This arrangement was due to the fact that we had limited
ourselves to the use of a single microphone. A much better recording
could be obtained by employing two microphones placed as illustrated
in Fig. 3-10. Microphone “A” is the cardioid type and picks up the
singing voice, at the same time discriminating against the piano.
Microphone “B,” also of the cardioid type, is arranged to pick up the
piano but discriminate against the voice. The outputs of the two
microphones are fed separately into the mixer, where their relative
levels are individually adjusted to provide proper balance, and then
fed into the recorder.

Through the use of one additional microphone and a mixer we
have been able to achieve the desired aural perspective and at the
same time compensate for the different levels created by the two
sound sources.

Whenever a vocalist is to be recorded with orchestral accompani-
ment, the use of a second microphone is almost always necessary to
prevent the background music from overshadowing the soloist. The
“solo” microphone is usually of the cardioid type and is placed in
such a manner that it discriminates against all sound created by the
orchestra.

®

PERFORMER Ny

Fig. 3-10. Suggested use of cardioid microphones, which are directional, to separate
sound sources.
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Chapter 4
"Dubbing” from Records

The ability to re-record on tape the music from commercial records
can add immeasurably to the pleasure you can obtain from a tape
recorder. Through the use of long-playing tapes you can obtain up
to one and a half hours of music on a 7-inch reel at 7V ips, un-
interrupted by the necessity for changing records or by the annoying
pause between records which often occurs in the middle of a selec-
tion when a changer is used. Music “dubbed” from commercial
records may also be utilized to create mood, provide a background,
and supply a bridge between scenes when recording for the sound
track of home movies or slides, exactly as it is done in broadcasting,
TV, and professional motion pictures.

A tape recorder is almost a necessity for collectors of the world’s
great music by renowned artists and orchestras. Much of this music
was recorded on the earlier 78-rpm records and is no longer available.
These recordings are usually marred by excessive “needle scratch”
and the clicks and pops which are due to nicks and scratches on the
record itself. Extraneous noise can usually be eliminated or con-
siderably reduced when you make a tape from a record of this type.
The resultant tape recording, when properly made, will provide re-
production which is far superior and quite startling in its quality
when compared with the original record. In addition, many of these
older recordings are quite rare. For example, the Europeon Xono-
phon recording of Battistini brings about $300 for a good copy. Col-
lectors even pay substantial sums for tape copies.

The owners of these rare recordings are usually quite happy to
obtain a copy on tape, and in exchange often permit you to make
another for yourself. You often can also make arrangements to make
copies for sale, paying them a percentage on each copy. They can
usually advise you of possible clients among their fellow collectors.
Many recordists finance their hobby by providing these services to
record collectors who may be contacted through the various music
societies and clubs.

One of the most rewarding aspects of tape recording and the least
expensive method of obtaining a library of the world’s great music
as performed by famous orchestras and artists is to tape the music
which is being broadcast by “good-music” stations throughout the
country. Through the use of your radio receiver and tape recorder

36



“’Dubbing”’ from Records

you can obtain recordings of once-in-a-lifetime broadcasts by famous
artists and orchestras. You also have at your disposal the vast record
libraries which the majority of these stations possess and broadcast
regularly. Purchasing a subscription to the weekly or monthly pro-
gram guides which are available from many FM stations and “good
music” AM stations will simplify your selection of the particular
music you wish to record and add to your collection.

Don’t Tread On the Laws! The average tape-recording family is
in about as much danger of running afoul of the law as it is in danger
of contacting bubonic plague. All the same, there’s always a possi-
bility that some member of the family will unintentionally make a
legal error—and an even more remote possibility that someone else
might make an issue of it. And so, since “ignorance of the law” is
truly a weak-tea consolation when a judge becomes involved, it’s
only good sense to know the things one must not do with recordings.

If you record music or spoken broadcasts only for your own fam-
ily use and never for profit or wide distribution to your friends with-
out profit, there’s little likelihood of copyright laws becoming a prob-
lem to you. Nevertheless, here are some facts to keep in mind. For
instance, if you or some other member of your family decides to tape
some dance music off the air for use at a prom where admission will
be charged. . . .

Music, lyrics, broadcasts, and the like are almost always copy-
righted. Under the U.S. copyright laws, protection for the originator,
owner, or the like, lasts 28 years. This period can be extended an-
other 28 years before the music falls into the public domain where
it can be used by anyone without permission from the owner.

Watch those new arrangements!

A possible catch in the public domain situation lies in the fact
that a new group of artists can do a new arrangement for a record
or broadcast. This adds up to a new and unique work which can be
protected again. To put it another way, J. S. Bach has been gone for
over half a century, hence his material might be considered as being
in the public domain. If, however, you were to tape any of his works
“live” off dics, radio, or TV, and then make a profit selling or widely
distributing them in any other way, you'd be risking trouble. Nor-
mally everyone connected with the work you taped (performer,
broadcaster, manufacturer, and so on) is covered by legal rights. It
is likely too, that they have to pay a percentage to those who hold
rights prior to their own.

Even if a work is unpublished and unregistered in the U.S. Copy-
right Office, the creator has an unlimited copyright under common
law which protects him until his work is published.
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Suppose, then you wish to copy records or make tapes off-the-air
for sale or free distribution to your friends, or that for a convention
shindig you decide to tape material on which a profit will be made
for the creative or intellectual work of others. What should you do?

You should obtain written consent to usé the material you need.
It may involve a flat fee or royalties paid to the right parties. If ob-
taining permission leads into more red tape than you care to slice,
have a lawyer take care of the details for you. As a matter of fact, the
fee an attorney will charge is usually reasonable and may well be a
good investment in peace of mind.

There are three primary factors which must be considered when
dubbing sound from records onto tape. The first is the distortion
created by worn phonograph styli. The second is the surface noise
caused by dirt and grit lodged in the record grooves. The third is the
snap, crackle, and pop characteristic of certain plastic records due
to the electrostatic charges built up on the record as it is played. All
of these factors are present when you play the records and only
constant care can reduce their effects. However, when recording on
tape, all may be reduced or eliminated permanently, and the resultant
tape will be reasonably noise-free and never require attention to keep
it in this condition.

When these three factors are considered, you can make recordings
on tape which compare with the best commercial records made today.

How the stylus works

When playing a record, the reproducer stylus tip follows the impres-
sions engraved upon the walls of the record groove. These impres-
sions, depending upon the frequency of the recorded sound, force
the stylus tip to vibrate from side to side as rapidly as 15,000 times
per second. This side-to-side or lateral motion is illustrated at (A) in
Fig. 4-1 which is a view of the record groove and the stylus tip from

a 90:

(A) 8)

Fig. 4-1. Stylus tip correctly tracking a record groove.
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directly above—it shows just one of the grooves and a cross-section
of the stylus tip at the point of contact. The stylus tip in the record
groove follows a path in much the same manner as your automobile
tires would follow the ruts in a country road.

As can be scen at (B) in this figure, the stylus touches the groove
walls at only two microscopically small points. Any friction and the re-

S ACVAVAVA

Fig. 4-2. How a stylus tip wears—(A), Fig. 4.3. Progressive wear of a stylus tip
front view; (B), side view; ond (C), a new increoses sizes of the ““flats” worn on the
stylus. tip.

sulting wear is consequently concentrated at these points. This friction
causes the gradual wearing away of the stylus material at these two
points and eventually creates what are called flats. In Fig. 4-2, (A)
is a front view of a stylus tip showing these flats. The shaded portions
are the areas where the stylus material has been worn. The amount
of wear is more apparent when the tip is viewed from the side, as
illustrated at (B). This is a diagram showing a microscopic stylus tip
which is worn. It may be compared with the new tip shown at (C).

Figure 4-3 illustrates the progressive wear of a stylus tip. The
gradual increase in the size of the flat is obvious. It is these flats which
are the direct cause of the distortion and reduced tonal range usually
encountered when the uninformed layman attempts to record the
contents of commercial records on tape.

The amount of distortion and the reduction of tonal range due to
worn styli increases in direct proportion to the size of the flats on
the stylus tip. Figure 4-4 shows the cross-section of two stylus tips
at the point of contact with the groove walls. (A) is that of a new
tip; (B) is that of a worn tip. We can see that (B) is no longer the
perfect circle required.

(A) |)

Fig. 4-4. (A), new stylus tip hits groove perfectly; (B) bodly worn which does not fit groove
will domage your records.
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The distortion or fuzziness created by a worn stylus first manifests
itself on the high frequencies at the inside grooves toward the center
of the record. For this reason the recordist may notice that his tape
recording sounds well at its beginning but finds the distortion in-
creases as the stylus tip approaches the end of the record being re-
recorded. This is the first sign of a worn stylus tip. As the flat becomes
larger the distortion it creates becomes noticeable further and further
toward the inside of the record, and also at lower and lower fre-
quencies, until the time when it has become so large that even sound
in the middle register is distorted over the entire recorded surface. A
stylus employed for re-recording long-playing records onto tape
should not be used for more than 325 hours, assuming it is diamond.
When re-recording 78-rpm records the time given may be doubled.

Stylus for 78-rpm records

Before we leave the subject of styli we might mention that there
is one other factor which is quite important when re-recording very
old (before 1927) 78-rpm records. A great number of these records
were made to be used with a stylus having a radius of 2.5 mils at the
tip. When these records are used with the 3-mil tip employed for
modern 78’s the noise level is increased considerably. The only
method of ascertaining the correct stylus is by trial. Make a test
recording if the date of the record is unknown, using both sizes of
styli. The one which gives the least surface noise is the correct size.

The second cause of unsatisfactory tape recordings dubbed from
commercial records is due to the dust and grit which become lodged
in the record grooves. Dust which accumulates on a record falls into
three categories—the airborne dust which falls on a record through
gravity; the dust which is attracted to the surface of the record by
static electricity; and the dust which is worn from the stylus tip it-
self. Dust and grit are primarily responsible for the hissing sound
commonly known as “needle scratch.” The effect of dust and grit
on the noise level of a record can be easily understood when we stop
to realize that even the granular structure of the record material
itself affects the surface noise. This, incidentally, is one of the rea-
sons why the older shellac-base records are noisier than modern
Vinyl records, even when they are in “like new” condition. The shellac
base material is not uniform in structure, being built up of small
grains. These grains press against the stylus tip as the record rotates
and create random impulses which are translated as noise. Dust, grit
and the particles worn from the stylus tip are often many times as
large as the grains of shellac and consequently affect reproduction to
an even greater extent.
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Record cleaning

Cleaning dust-laden records has been a highly controversial sub-
ject since the invention of the phonograph. Many methods have been
devised to accomplish this important function, but completely re-
moving dust and grit from record grooves is not a simple matter. A
number of factors must be considered. First, the cleaner must com-
pletely penetrate the engraved depressions in the groove (some are
smaller than .0005 inch) and remove particles of stylus dust which
are submicroscopic in size. Second, it must not contain any fatty or
gummy substances which would tend to remain in the record grooves
and harden. Third, the cleaner must not adversely affect the record
material itself.

The author, while doing the research for his book, “The Wear and
Care of Records and Styli,” discovered one commercially available
cleaner which exhaustive tests showed cleaned records thoroughly.
This product is manufactured by Robins Industries Corp.

The third cause of noisy tape recordings from records is due to
the electrostatic charges which are built up as the record revolves.
It is this static electricity which causes the snap, crackle, and pop
heard on Vinyl and styrene records. Most plastics are insulators and
tend to retain a static charge. The friction created between the stylus
tip and the groove accelerates the generation of this static electricity.
Even the friction caused by slipping the record in and out of its
jacket causes an increase in the static charge. This static electricity
builds up to a point at which it must discharge. The electrostatic dis-
charge is the same as that which causes lightning and thunder; on a
record it results in a miniature version of thunder which manifests
itself audibly as the crackling sound which is so annoying in record
reproduction.

There are several products available which eliminate or reduce
static electricity. The author has found the material shown in Fig.
4-5 to be excellent. — —
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RECORD CLEANING KIT

Fig. 4-5. Cammercial praduct which reduces static charge an phanagraph recards.
Courtesy Robins Industries Corp.
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The first step in the actual re-recording of a record on tape is to
determine the optimum recording level; i.c., the correct setting of the
record-level control for the particular disc being recorded. This set-
ting varies from record to record and from section to section depend-
ing upon the dynamic range of the music recorded on the disc. The
subject of dynamic range was discussed in detail in Chapter 2.

The optimum recording level is easily obtained by playing the
record in its entirety with the phonograph connected to the tape
recorder as outlined earlier. Advance the level control on the tape re-
corder to the half-way position and watch the level indicator as the
record is playing. Reduce this setting slightly each time the level
indicator on the recorder shows overload, or advance it if running
below overload. After you have determined the setting on the record
level control which does not result in overload during even the loud-
est portions of the music, mark the position carefully in pencil.

After the position has been marked, the entire procedure should be
repeated since the average person has a tendency to overcompensate,
which results in a reduction of the dynamic range on the recorded
tape. Advance the record-level control slightly for the second test.
If, during the second playing the record-level indicator does not
show overload, erase the first marking and mark the new setting.
Should the second playing of the record cause the record-level in-
dicator to show overload, return the record-level control to its orig-
inal setting which was apparently the correct one. When recording
in stereo from stereo discs it is easier to perform the preceding opera-
tion twice (once for each channel) than it is to attempt to watch
both record-level indicators simultaneously.

After the optimum recording level (and channel balance in stereo)
has been determined, proceed to record in the normal manner. This
method of copying commercial records on tape will insure recording
at the maximum undistorted level and provide the full dynamic range.
Do not attempt to conserve tape by stopping the tape-transport
mechanism between selections since editing can be done much more
accurately after the recording is completed.

For the recordist who is interested in improving the quality of the
material originally recorded on the disc, we have provided additional
information on this aspect of the subject in the chapter on editing.
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Chapter 5
Off the Air Recording

One of the most rewarding aspects of tape recording and the least
expensive method of obtaining a library of the world’s great music as
performed by famous orchestras and artists is to tape the music
which is regularly being broadcast by FM and AM “good-music”
stations throughout the country. You can obtain recordings of once-
in-a-lifetime broadcasts by famous artists and orchestras. The New
York, Boston, and Philadelphia orchestras broadcast regularly in
stereo. There are many broadcasts of leading music festivals through-
out the country. You also have at your disposal the large record li-
braries which these stations possess and broadcast regularly. Sub-
scribing to the program guides which are available from these stations
will simplify locating dates and times when the music you may wish
to add to your collection is being broadcast.

In the event your local stations carry simultaneous broadcasts on
FM and AM of the programs you are interested in recording, the
use of the FM signal is preferable since both its quality and frequency
range are usually superior and interference is usually considerably
less. Regardless of which signal is employed for recording, a good
roof antenna (where possible) will greatly improve your reception
and will provide superior recordings. In the event your location is
more than 20 miles from the radio transmitter and you are interested
in stereo recording “off the air,” a multi-element, directional antenna,
such as is illustrated in Fig. 5-1 is virtually a necessity. Most record-
ists do not realize the improvement which can be obtained in FM
and particularly in FM stereo reception by employing an antenna
system specifically designed for the purpose.

Fig. 5-1. Directional antenna considered a necessity for recording FM programs “off the
air.”’
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Most FM listeners with otherwise high-quality equipment are not
enjoying the full-range distortion-free programs provided by the FM
broadcasters because of inadequate antenna systems! They are under
the misconception that the full potential of FM can be obtained with
either the built-in or line antenna or, at best, a rabbit-car antenna, if
a very sensitive tuner is employed. This is not so! The over-all effec-
tiveness of a system for FM reception is limited by the noise inherent
in the receiver; therefore, it is advantageous that the incoming signal
be as large as possible before reaching the receiver. A simple analysis
of the FM signal received by the tuner will show why and will help
explain exactly what can be done to realize the full potential of FM
reception.

Ninety per cent of the tuners in use today are employed in urban
or suburban areas where one or more local stations provide a satis-
factory signal level at the antenna. These signals may have levels of
between 1000 microvolts (considered to be the minimum for the
prime service area of an FM broadcaster) and perhaps a million
microvolts (xV). Under these conditions, almost any tuner would
provide adequate reception were it not for other factors not generally
taken into consideration.

First, there are exceptions to this ideal condition even within the
so-called prime service area of the station. There may be obstructions
lying in the direct path between the receiving and transmitting an-
tennas, such as hills, mountains, larger buildings, or even trees. All
will absorb and/or deflect the desired signal to a greater or lesser
degree, with the result that your specific location receives only a por-
tion of the original signal, perhaps 500 .V, while the transmitter pro-
vides adjacent areas not in the shadow of obstructions with a level
of 1000 .V. This, incidentally, is one of the reasons why FM broad-
cast antenna are usually located in the highest point within their
service arcas. The Empire State Building in New York is a good
example. There are few obstructions high enough to interfere with
signals from the antennas mounted on it. However, most good tuners
would still provide adequate reception even with the reduced signal
strength, if there were no noise pickup.

The threshold of signal

Signal strength is not the only problem involved. FM reception is
noise free only when the received signal is above a certain threshold
level. Below this level, background noise and hiss interfere with re-
ception. This threshold level in FM reception is the point at which
the noise being fed into the tuner by the antenna is equal to the level
of the signal being fed into it. This noise affects reception in the fol-
lowing manner: The signal strength of the desired station is, say,
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500 uV in a specific area; however, the noise may also be 500 pV.
Satisfactory reception is impossible for the signal-to-noise ratio is 1
to 1. If, however, the transmitter were to suddenly double its power
to 1000 uV, and the noise remained at the same level, reception
would become satisfactory, for the signal-to-noise ratio would in-
crease to 2 to 1.

Where does all of this noise come from? The noise is a composite
of all of the electrical interference created within a 360-deg. radius
of the antenna by power line switches, motor commutators, and the
ignition system of motor vehicles. The noise created by just one
automobile can be as much as 1000 xV at a distance of up to 500
feet. Suffice to say that peak noise picked up by your antenna system
may be between 30 nV in suburban areas and several hundred xV in
the city. If, on the other hand, it were possible to reduce the noise
pickup to 250 uV, with the signal remaining at 500 xV, reception
would also improve since the signal level is again twice that of the
noise and the ratio again increases to 2 to 1.

Obviously, the first key to good FM recording is the signal-to-
noise ratio. Any means employed to increase this ratio will result in
improved reception. We have secen that this ratio can be increased in
two ways—one by actually increasing the signal being transmitted,
and the other by reducing the amount of noise picked up. Both are
obviously impractical. However, there is a practical method which
in effect can more than double the received signal strength while at
the same time reducing the noise picked up by at least fifty per cent.

Use a directional antenna

The simplest method of accomplishing this is to employ an an-
tenna which is more directional than the commonly used dipole. The
more directional the antenna the higher the level of the signal that
will be picked up. Actually the signal received can be increased as
much as twenty times with the proper antenna when it is pointed
toward the location of the transmitter. As the gain of the antenna is
increased the narrower its pickup pattern becomes and the more
important it becomes to point it directly at the exact source of the
signal. You will notice that we said exact source of the signal; there
are locations where the direct path between the transmitter and the
receiving antenna is blocked by an obstruction to the transmitted
waves and the best signal is obtained by reflection from a nearby
structure. Under these circumstances the antenna must be pointed
away from the transmitter and toward the reflecting structure which
to all intents and purposes becomes the signal source.

A highly directional antenna, because of its selective nature, also
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improves reception in another manner. Just as it is selective to the
area from which it will pick up a desired signal, it is also selective to
the area from which it will pick up noise. Noise in a reception area
is generated within a 360-deg. radius. The directional antenna will
only pick up the noise generated within a small sector of this area;
in consequence, only a portion of the noise which would be picked
by an omnidirectional antenna will reach the tuner.

We have thus far obtained a twofold advantage through the use of
a directional antenna. First, it increases the received signal strength.
Second, it reduces the amount of noise picked up, thus increasing the
signal-to-noise ratio considerably.

Multipath distortion

The third and perhaps the greatest deterrent to good FM reception
is multipath distortion. This form of distortion is simple to under-
stand when the FM transmitter is visualized as a searchlight and the
various objects surrounding the receiving antenna, hills, buildings,
trees, and so on, as reflectors. The light reaches the reception point,
not only along the direct path, but also along the paths of reflection
from the various obstructions acting as reflectors. The reflected light
or signal, however, reaches the reception point a micro-second or so
later and creates a second or “ghost” signal which either cancels or
augments part of the original signal, thus distorting it. This effect is
simple to understand if we consider the “ghost” images on a television
screen and the distorted pictures they make. In FM reception these
“ghost” signals create audible rather than visual distortion in exactly
the same fashion.

The simplest method of eliminating or sharply reducing multipath
distortion is to eliminate or reduce the intensity of the “ghost” signal
which invariably comes from a different direction than the desired
signal. Again the directional antenna provides the solution; since just
as with noise, it discriminates against the signals from any direction
other than that to which it is pointed. Now the requirements for the
antenna become even more rigid; it should be even more directional
and pick up as little signal from the rear as possible.

Each of the problems we have discussed becomes even more acute
when we consider stereo FM reception. When an FM station trans-
mits a stereo program there is less power than in a monophonic signal,
so the station is weaker. The loss in power is actually about 20 dB,
or, stated more simply, the antenna receives only 1/100 as much
signal as it would from a monophonic transmission. This will explain
why the listener who enjoyed excellent monophonic FM reception
may be dissatisfied with his stereo reception. For example: if the
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monophonic signal from a particular station were 1000 .V, and it
put on a stereo program, the signal at the antenna would drop to
10 pV. Thus, if the noise in the receiving area were only 10 xV—a
negligible amount when compared with the monophonic signal—the
stereo signal would have a signal-to-noise ratio of 1, making recep-
tion unsatisfactory for stereo. Under these circumstances the use of a
high-gain antenna or some other method of boosting the signal
strength is imperative.

The multipath distortion problem is much more prevalent and
conspicuous in stereo FM too. It has caused more dissatisfaction
with stereo reception than all of the others combined and is often
blamed on the FM slation itself or its recordings, or the receiving
components, particularly the tuner. It manifests itself as muddy
reproduction of the mid frequencies, harsh rasping highs, reduction
in channel separation, and complete elimination of the stereo effect.
Actually the unjustified complaints to manufacturers of stereo equip-
ment have been so numerous that some, in self defense, have incor-
porated multipath distortion indicators in their tuners so that the
owner could see the true reason and put the blame where it belongs,
not on the tuner.

Unfortunately, there is a problem connected with an antenna of
the type we have been discussing. It occurs when there is more than
one FM station serving an area, since they very rarely lie in the same
direction from the receiving antenna. This complicates matters since
the more directional the antenna is the less efficient it becomes in
receiving signals from any direction other than the one in which it is
pointed. This fact, previously to our advantage, now becomes a
detriment. The problem can be solved by the use of an antenna
rotator which turns the antenna to any desired direction by remote
control from the receiver position.

Importance of the “warm-up”’

The first step in actually making a recording “off the air” should
be to tune the receiver or tuner to the station broadcasting the desired
program about fifteen minutes before the program is broadcast to
permit the set to warm up. This will reduce any possibility of it tuner
“drifting” off the station while you are recording. Next make a test
recording of whatever music the station is broadcasting at the mo-
ment. While making this test watch the record-level indicator closely
and adjust the record-level control so that the indicator does not
show over-load on any peak passages. This is not quite as difficult
as when re-recording phonograph records since you have an unseen
assistant—the control engineer at the station—who is doing exactly
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the same for other reasons. After you have recorded for about two
minutes mark the setting of the record-level control, switch the re-
corder to the playback position and listen to the test. If the recording
is distorted, which it should not be, it was made at too high a level,
and the test should be repeated, with the recording level reduced
slightly. Continue this experimentation until you can get good re-
cordings consistently.

The level setting obtained in the manner just outlined is arbitrary
since there is no exact method of anticipating the peaks on the follow-
ing program or even the next selection of a live broadcast. For those
seriously interested, the use of a musical score will help considerably.
After the average level has been determined the recordings should
be monitored and slight adjustments made in the level when required.
Under no circumstances should the recordist attempt to compensate
to too great a degree, since excessive curtailment of volume variations
will destroy the musical expression of the selection being recorded.
If, by chance, something should go wrong during the broadcast and
the control engineer is napping, any increases in level should be made
during crescendo passages along with the natural level increase of
the music. In reverse, where you find the recording level is too high
it should gradually be reduced during a diminuendo passage. This
method of control will make any changes in level practically un-
noticeable.

Many station program guides include the playing time of each
selection to be broadcast. This information is valuable since it will
enable you to determine in advance the amount of tape required. It
is most unpleasant to arrive at the end of a reel in the middle of an
otherwise perfect recording of a symphony. When the program is a
long one, use double-play tape which provide up to one hour of re-
cording time on a 7-inch reel, and few programs are longer than this.
Do not attempt to conserve tape by cutting out commercials or other
unwanted sections, since this can be accomplished in a more thorough
and professional manner by editing after the recording is completed.

Just as in re-recording from records, there are problems involved
at the beginning and end of each selection. For example, the simplest
program to record is a “live” studio broadcast without an audience.
However, a quick talking announcer or master of ceremonies can
complicate even this simple recording. He may begin talking just as
the music ends or keep talking until the first note of the succeeding
selection is played, so it would be impossible to stop or start the tape
transport mechanism at a break between the voice and music. It is
much simpler to record everything and remove the superfluous parts
afterward by editing.
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Chapter 6
Tape Editing

The first step in editing is to learn the correct method of joining or
splicing two pieces of tape so that the splice cannot be heard. The
only tools required are a pair of scissors and a roll of splicing tape.
It is extremely important that the scissors not be magnetized since if
they are they will create an audible click or thump at the spot where
the tape is cut. Use only splicing tape expressly designed for this pur-
pose. There is a special adhesive on this type of tape which will not
ooze out under pressure and cause a sticky splice as do ordinary
household tapes. A sticky splice will cause the layers of tape ad-
jacent to the splice to stick to it and create a momentary slowdown
of the tape transport mechanism, resulting in an audible “wow” on
playback. Figure 6-1 illustrates the four steps in making a simple
splice on tape. First cut the tape diagonally at a 45-deg. angle with
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Fig. 6-1. Steps in making a tape splice. (A), making the 45-deg. cut; (B), butting the twa
ends tagether; (C), applying the splicing tape; (D), burnishing the splice; (E), trimming
the “waist.”
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Using Your Tape Recorder

some overlap, as shown in (A) so that the ends will line up exactly.
Cutting the tape diagonally reduces the possibility of hearing the
splice on playback. Step two is to lay both ends of the cut tape, shiny
side up, on a smooth picce of wood or plastic. The two ends should
be placed in perfect alignment, with no space between them, as shown
in (B) and (E). Then cover the joint with splicing tape, as illustrated
in (C). The splicing tape should be pressed on firmly and burnished
with the flat of a fingernail to secure the ends evenly. Any excess
splicing tape is thén removed as in (D). The possibility of a sticky
splice may be further reduced by cutting into the tape backing very
slightly creating a “waist” at each edge as illustrated in (E).

As may be seen, tape splicing is quite a simple operation. How-
ever, it can be made even more so by employing a splicer of the type
shown in Fig. 6-2. This unit cuts the tape to an exact 45-deg. angle
which can be matched precisely to a second cut. It also provides you
with another pair of hands, since two fingers hold the tape accurately
during the cutting, butting, and actual splicing operations. A second
blade—actually a pair of blades—creates the tiny “waists.”
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Fig. 6-2. Commercial tape splicer which simplifies the job of splicing.
Courtesy Robins Industries Corp.

The simplest material to edit is human speech. You can easily re-
move or insert paragraphs, sentences, words, or even syllables. This
type of editing is done by taking advantage of the silent periods
which occur between words and syllables in all speech. The first thing
you must do is to find two of these silent periods, one at each end of
the section to be eliminated. The simplest method of accomplishing
this is to locate the end of the last word of the material to be retained.
Play the recording back until this point is located. Do not move the
tape any further. With an orange colored china-marking pencil, mark
the tape at this point. The spot to be marked is always exactly over
the playback head gap. If necessary, a more convenient method of
locating the marking point can be employed. Some easily accessible
position is found outside the head cover. This may be the point at
which the recorded tape first appears from under or behind the head
cover, as illustrated by the arrow in Fig. 6-3. Then measure accurately
the exact distance from the chosen point to the gap on the playback
head. Let us assume it is two inches.
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Tape Editing

Fig. 6-3. Simple method of locating a marking point. Measure the distance from the gap
to the side of the head cover, a point which is usually more accessible than the gap itself.

Now mark the tape at the point previously chosen, in the present
case the side of the head cover to which the arrow points. Do not
cut the tape at this point! Measure off two inches in our case—in
yours it will be the distance you have previously determined—to the
left of the point marked. This is the exact spot at which the word
ends. Next move the tape forward, by hand until the first word of the
section to be retained is heard. Mark this position as previously ex-
plained. You now have a visual indication of the points at which one
word ends and the next word to be retained begins. It is now a simple
matter to cut the tape at the silent periods immediately following and
preceeding the splice and thus eliminating any unwanted sections.
For this type of editing, the cut should be at right angles to the sides
of the tape, rather than at 45 deg.

Another simple method of joining two tapes occurs when editing
a series of recordings made from a group of unrelated records. The
tape, if it has been recorded from an automatic record changer, will
have gaps between each recording of ten to twenty seconds. These
sections of unrecorded tape are often too long and may be marred
by the recorded clicks created by some changer mechanisms. When
a manual player is employed, the pause between selections is often
even longer because of the time it takes to remove one record and put
another one on the turntable.

The primary reason for editing the tape between selections is to
shorten the time lapse between the two pieces of music. When em-
ploying a tape speed of 7Y% ips, a ten-second time lapse represents
75 inches of tape between the end of one selection and the beginning
of the next. The length of tape on which there is no music is usually
greater than this since it varies with the length of the run-in and run-
out grooves of the records themselves. A splice may be made any-
where between the two marked points, leaving a total of 37Y% inches
of tape between them. At the 75-ips speed this reduces the pause
to an acceptable five seconds. This method is quite satisfactory for
editing unrelated selections since any variations in the transitions be-
tween records are concealed by the five-second time lapse.
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As explained earlier, when uninterrupted recording of a complete
opera or symphony is required, the editing becomes slightly more
complicated due to the various types of transitions employed from
one record or side to another. The first type of transition takes ad-
vantage of a pause in the musical score and presents no problems.
The tape is merely cut at the end of the background sound made by
the run-out groove, and at the beginning of the background sound of
the run-in groove of the next record or side. This is also measured.
The two cut ends are then trimmed to the length which provides the
exact time of the pause as it would occur in the original music. The
only difficulty which may be encountered when editing this type of
transition is that of excessive reverberation time which follows the
last note of the music, and may have a duration of two to three
seconds, resulting in an unnatural interruption. The adverse effect
of high reverberation time can be minimized by reducing the dura-
tion of the last note to one second, simply cutting out the remainder.
In this length of time the intensity of the note has faded sufficiently
to make the alteration almost unnoticeable, particularly when it is
immediately followed by another sound.

The second type of transition usually occurs in a 78-rpm record
album. On one side, the music is cut at the end of a note and it is
resumed on the following side or record, usually at a point four or
five notes before the earlier cut. Where a movement, act, or aria is cut
in two it is usually quite simple to join the two sections by finding
the first note on the second side which duplicates the last note on the
first side, eliminating it by, cutting and joining the two sections with a
45-degree splice. This is accomplished quite simply by cutting out all
of the unrecorded tape between records and making a temporary
splice as illustrated in Fig. 6-4, at the point at which one side of the
record ends and the other begins. Then play back this section of the
tape at normal speed while listening carefully for any duplication of
notes. If duplicate notes are heard, they can then be removed by
cutting and the two ends then joined with a permanent splice.

The third type of transition is one in which the music ends with a

TAPE
PSSR

WAISTS

END ——»/~«——END

/

(8) SPLICING TAPE

Fig. 6-4. (A), a finished splice, shawing the “woists.” (B), o temparory splice, using anly
a small piece aof splicing tape.
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fading out passage on one record or side, while the following record
or sides fades in with the same passage. As previously mentioned, the
first note of the fade-out passage and the last note of the fade-in
passage are the same, both as to score and volume level. By em-
ploying the procedures described earlier, the surplus music is re-
moved, the remaining ends are joined of course, eliminating the dupli-
cate notes.

Occasionally this simple editing job is complicated by a fast-talking
announcer. In this event the transition may be marred by the last
syllable of the word spoken immediately before the introduction of
the succeeding number. This, incidentally, was the reason for sug-
gesting a temporary splice. An unwanted sound of this nature can
best be eliminated with an editing pencil which can erase as little as
Y2 inch of tape without affecting the sound adjacent to the crasure.
An editing pencil is simply a very small erase head with its gap in a
tip shaped into a point.

Open the temporary splice and lay the tape on a nonmagnetic
surface. Press the button on the editing pencil and gradually bring
it forward toward the very end of the tape, then withdraw it gradually.
Do not allow the pencil to come closer than V4 inch from the mark
or you will erase part of the first word or note of the selection. After
the unwanted sound has been eliminated, the two ends of the tape
may be joined. The finished tape will sound more natural if there is
a five-second pause between selections.

When a broadcast which plays to a studio audience is recorded,
editing the end of a selection becomes slightly more complex on ac-
count of the applause, which usually begins immediately after the last
note is sounded—in fact, the author has often noticed that many peo-
ple in an audience have their hands poised ready to applaud even
before the last note sounds. .

This rapid reaction on the part of some listeners in the studio
audience often results in the sounds created by their applause be-
ing superimposed upon the sound of the last note. Making a clean
separation between them is almost impossible by conventional means.
When the tape is cut close to the last note to eliminate the applause,
the recordist may find that he has clipped the note itself. When the
sound of the last note is allowed to die out in a natural manner the
recordist will often find that it is marred by the applause. This prob-
lem is not quite as difficult as it may seem if we analyze the tape in
terms of length rather than time.

Since the time it takes a sound to die out in a large broadcast
studio or a concert hall may vary from one to five seconds, we will
assume two seconds as an average. This means that at 7Y% ips an

53



Using Your Tape Recorder

average of 15 inches of tape is occupied by the sound of the last
note from the time it ends until it actually dies out. A fast audience
reaction is one-half second, which simply means that the first 3%
inches of tape after the last note starts is the only part not likely to
be marred by applause. The end of this section should be marked.
From this point on the tape usually has one or two hand claps, since
applause normally begins in a scattered fashion and then builds up in
intensity. The elimination of this applause is fairly simple. Mark the
location of each handclap with the pencil, and remove the tape from
the recorder. Then cut the tape at 90 deg. in the exact center of each
mark representing a hand clap. Trim the two ends about 1/64 of an
inch, and join them with a temporary splice. If it is found on play-
back that the hand clap is still noticeable, remove the splice and clip
the tape again. The click occupies about 1/16 of an inch on the tape
at 7% ips, so very little tape need be removed.

Editing any tape recording becomes quite simple, and the editing
will pass unnoticed if the recordist, when making a “live” recording,
remembers one important factor—the background sound must match
perfectly when any two sections of tape are joined. A change in the
background may be caused in number of ways, such as by a change
in acoustics when the recording locations are different, a difference
in the type of background sound, the sudden elimination of some
background sound, or the sudden appearance of a background sound
not on the previous section of tape.

As explained earlier any change in the acoustics of the recording
location results in a definite and noticeable change in the character of
the recorded sound. This change in the sound is particularly obvious
when two sections of tape, recorded in different locations or under
different acoustic conditions, are played back one after the other, as
they would be when they are spliced.

The simplest solution to this important phase of editing can be
obtained when making the original recording. If it is at all possible,
listen to the recording you have made before leaving the scene. When
you discover that an error 