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Preface

The multitrack recording studio has become the source of almost
all pop music recordings released in the United States, thus stirring
the interest of many people. While I was Chief Engineer and Tech-
nical Director of Intermedia Sound Studios in Boston, the studio
was approached by a virtually continuous stream of people who
wanted to be trained as recording engineers. Most of them had, as
their only qualifications, a love for music listening and perhaps
some musical training or knowledge of hi-fi equipment. All of them
wanted to learn how the records they enjoyed were made and to
participate in making records as engineers, producers, or recording
artists.

Although several books have been written about sound and sound
studios, they all seem to emphasize either sound reinforcement, film
sound, or radio/tv broadcast sound. Pop music recording has been
only mentioned in passing, if at all. The purpose of this book is to
fill the information gap for novice and experienced engineers, rec-
ord producers, and recording artists.

The recording engineer’s function is to act as an interface be-
tween the producer of a session and the studio equipment. He must
translate the producer’s ideas into microphone placement and elec-
tronic adjustments, and create a high-quality recording of the artist’s
performance. To do this effectively, the engineer must be well
versed in the function, operation, and limitation of each control
and piece of equipment in the studio, and he must know how to
use them creatively to produce the desired results.

This book introduces the reader to the equipment and controls
he will encounter in the modern multitrack recording studio in
terms of both the operating techniques currently in use and the
roles they play in creating the finished product. An understanding
of the information contained herein, combined with sufficient ses-
sion observation time for familiarization with the location of the
different pieces of equipment in a particular studio, will enable a
potential engineer to progress rapidly from observer to assistant
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engineer. At this point, he will begin operating the equipment
and perhaps handling simple sessions on his own. Further experi-
ence at the controls during sessions will lead him to full engineer

9 Ll LTS,

Producers and recording artists will benefit from familiarity with
the techniques and equipment they will be using in the studio.
Understanding the concepts of sound and studio capabilities and
limitations will enable them to better communicate their ideas to
the engineer and create better records. More experienced engineers
will find several topics and techniques with which they may not
be acquainted. Interlocked tape machines have only recently seen
much use in pop music recording, and automated mixdown and
quad discs are entirely new fields.

In Chapter 1, the acoustical, mechanical, electrical, and mag-
netic transformations of a signal from live performance to repro-
duction from disc are outlined. Chapter 2 further develops the
physical concepts and terminology used in recording as they per-
tain to human perception of sound waves. The conversion of sound
energy to electrical energy by microphones is the topic of Chap-
ter 3.

Chapter 4 details magnetic tape recording and the function and
operation of the components and controls of magnetic tape re-
corders. Chapter 5, on signal processing, will enable the reader to
understand and duplicate many of the special effects heard on
current records. The studio equipment, from mike input to tape
and monitor speaker outputs, and the operation of each console
control is detailed in Chapter 6. The noise-reduction systems de-
scribed in Chapter 7 provide a means of overcoming some of the
limitations of present magnetic tapes. Monitor speakers, their com-
ponents, and their interaction with the listening room are the topics
of Chapter 8.

Chaper 9 presents the setup, operation techniques, and proce-
dures used in recording, overdubbing, mixing, and sequencing ses-
sions, as a guide to the novice engineer. Chapter 10 covers tech-
niques of interlocking the speeds of several tape machines. Two dif-
ferent automated mixdown systems currently on the market are in-
troducd, and the significance of automation in this area is discussed
in Chapter 11.

The theory of disc recording is introduced in Chapter 12, and
the cutting lathe and mastering console used to transfer signals
from tape to disc are detailed. Quadraphonic sound and its storage
on a two-channel disc are the subject of Chapter 13. Three of the
encoding systems currently vying for dominance in this field are
presented and compared.

RoserT E. RUNSTEIN
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CHAPTER 1

The Recording Chain

INTRODUCTION

The recording chain begins with the generation of a sound. Sound
consists of waves, similar to those seen in a pool of water into which
a stone is thrown (Fig. 1-1A). In a recording studio, the medium
through which the waves travel is air, rather than water. The hills
and valleys in the water of Fig. 1-1B correspond to levels of air pres-
sure greater and lower than normal atmospheric pressure. These
waves are generated by a moving body in contact with the air. This
body could be a speaker, someone’s vocal cords, a string from a guitar
which vibrates the body of the guitar, which in turn vibrates the air
next to it, etc. The motion of the generating body produces changes
in the air pressure around it in proportion to both the frequency and
the amplitude of its vibrations.

The frequency of a wave (Fig. 1-2) is the number of times per
second that it passes through all of its values between its maximum
positive and negative excursions and returns to its starting value.
Each complete fluctuation is called a cycle, and the accepted unit
of cycles per second is called hertz (Hz). The amplitude of a wave
is its height above or below the zero line, which in this case corre-
sponds to the level of normal atmospheric pressure.

The ear detects both the frequency and the amplitude of these
variations in pressure and translates them into the sensations of pitch
and volume, respectively. What is of interest in the recording studio,
is storing these pressure variations in a manner which will enable
them to be heard again at a later date.

In order to store the waveforms, the waves are converted into
electrical impulses by a microphone (mike). The electrical impulses
from the mike flow through wires to a series of amplifiers and level
controls and then to the magnetic tape recorder where they are con-

- -9
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__CREST OF WAVE _

TROUGH OF WAVE

(A) Top view.
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(B) Side view.

Fig. 1-1. Waves created by a stone falling into a pool of water.
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Fig. 1:2. A cycle of a wave can be considered to begin at any point on a waveform.
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verted into magnetic impulses, called flux, by the record head and
applied to the magnetic tape. The tape stores the magnetic impulses
in the order they are presented to it, so that the electrical signals can
be re-created by the tape recorder playback head at a later date.
These re-created electrical impulses can then be amplified and fed to
a speaker, which converts the impulses to mechanical motion which
in turn re-creates the original variations in air pressure sensed by
the microphone. Alternatively, the electrical impulses from the tape

SOUND
SOURCE

T
i
I
i
|

B - R O
[ AMPLIF [ERS
MIKE AND LEVEL L’}E%m%ﬂf —_— MATiNPEE"C
CONTROLS
| L L .| J

E—

TAPE MACHINE o SPEAKER leme o
PLAYBACKHEAD[——-‘ AMPLIFIERS SPEAKER | - &R J

PLATING AND |
DISC CUTTER LACQUER ;__.J PRESS ING vva DISC
HEAD DIsC J PROCESS |

PHONO AMPLIFIERS

AND VOLUME ,——‘ SPEAKER  |-~———— FAR
CARTRIDGE CONTROL " -!

1 r —'

Fig. 1-3. The recording chain.

could be fed to the cutting head of a disc mastering lathe, where the
impulses would be stored in the grooves of a lacquer-covered disc.
The disc would be used as a mold for the metal plates which press
the vinyl discs available at record stores. The signal is recovered
from the vinyl by playing the disc with a phono cartridge which
converts the impressions in the grooves into electrical impulses which
can be amplified and fed to a speaker as before (Fig. 1-3).

Devices used to transfer the signal from one medium to another
are called transducers. The most common transducers used in audio
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are the microphone, the record head, the playback head, the disc-
cutting head, the phono cartridge, and the speaker. Table 1-1 shows
~ the mediums between which each of the above transducers transfers
the signal waveform.

The path just described is the most basic one used in recording.
Every sound released on current discs has passed through all of the
above-mentioned components, unless the sources of the signal were
all electronic, in which case the microphone might be bypassed. In
the past, recordings were made directly onto discs rather than mag-
netic tape, but the advantages of magnetic tape recording have made
this process obsolete. The recording chain merely reproduces the
signal picked up by the mike. By adding additional pieces of equip-
ment at places inside the chain, the signal can be modified creatively.
The proper use of these signal-processing devices is a large part of
both the engineer’s and the producer’s roles.

Table 1-1. The Mediums Which Transducers Use in the
Studio to Transfer Energy

Phono cartridge
Speaker

Groove modulation on disc
Electrons

Transducer From To
Microphone Air molecules Electrons
Record head Electrons Magnetic flux
Playback head Magnetic flux Electrons
Disc cutter head Electrons Groove modulation on disc

Electrons
Air Molecules

In an actual recording session, there may be more than one sound
source, and the producer may want to hear several different balances
between them. One way of doing this would be to move the instru-
ments to different positions with respect to the microphone to obtain
the desired balance (Fig. 1-4). Fig. 1-4A depicts equally loud in-
struments being picked up at the same levels because they are the
same distance from the mike, while in Fig. 1-4B, X and Z are picked
up louder than Y because Y is farther from the mike.

A less time-consuming and more flexible way is to use several
microphones and a mixing console to combine the outputs of the
different sources in the desired proportion, forming a composite sig-
nal to be recorded on tape (Fig. 1-5). The setting of the console
level controls determines the loudness of each instrument in the
composite signal created by the console.

Another method, used extensively in multitrack recording, is to
store the output of each microphone separately on an individual
channel of multitrack tape. These separate signals can later be com-
bined in any desired proportion (Fig. 1-6).
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(A) Instruments same distance. (B) Instrument Y farther from mike.

Fig. 1-4. Obtaining different instrumental balances by rearranging the relative positions
of the microphone (M) and the instruments (X,Y,Z).
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| | |
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! 1 M, M
Fig. 1-5. Controlling instrumental balance T -
by using separate mikes and a i
mixing console. z T
|
L - MIX ING CONSOLE

COMPOSITE SIGNAL
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J HEAD HEAD |
2 e My — Ty
(S L — L J L |- S -

COMPOSITE SIGNAL ~+——

Fig. 1-6. Instrumental balance by recording instruments on separate tracks of
multitrack tape.

ACOUSTICS AND RECORDING

The environment in which a sound is generated has a large effect
on the way the ear interprets sound. As a result, there are two major
methods of recording. The first considers the environment to be a
part of the sound of the instrument, while the second tries to elimi-
nate the effects of the environment as much as possible.

When sound is generated, it leaves the source in an arc (Fig. 1-7),
the angle of which is determined by the nature of the source. Some
of the sound reaches the listener directly without encountering any
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q Fig. 1.7. Waves leave the sound source (§)
L in an arc with angle 6.

obstacles (Fig. 1-8), and some of it reaches the surrounding sur-
faces first. If these surfaces are hard, they will reflect the sound
waves and some of these reflections will also reach the listener. If
these surfaces are soft and absorb the waves or allow the waves to
pass through them, little energy will be reflected back to the listener.

Sound travels at the constant speed of 1130 feet per second in air
at 70 °F. The wave which travels a straight line follows the shortest
path and arrives at the listener’s ear first. This is called the direct
sound. Those waves which bounce off the surrounding surfaces must
travel farther to reach the listener, and therefore they arrive after
the direct sound. These waves form what is called the reflected
sound which, in addition to being delayed, can also arrive from dif-
ferent directions than the direct sound. As a result of these longer
path lengths, the ear hears the sound even after the generator stops
emitting it.

\ ¢ N
S, AL N7
N s

——~—— DIRECT SOUND
----- REFLECTED SOUND

Fig. 1-8. In an enclosed space, some sound reflects off the surrounding surfaces before
reaching the listener (L).
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Highly reflective surfaces absorb less wave energy at each reflec-
tion and enable the sound to persist longer after the generator stops
than highly absorptive surfaces which would dissipate the wave. The
persistence of the sound after the generator has stopped emitting it
is called reverberation. Reverberation is actually composed of a
series of many echoes of the original sound which arrive so closely
together in time that the ear cannot separate them.

The time it takes for the sound to decrease to one-millionth of its
original sound-pressure level is called its decay or reverberation time.
The absorption characteristics of a room determine its reverberation
time. The ear recognizes the reverb time and uses this information
to judge the hardness of the surrounding surfaces, while the time
elapsed between hearing the original sound and the onset of the
first reflection provides the ear with information as to the size of
the room. The closer the listener moves to the source, the louder
the direct signal becomes because its path becomes shorter and the
softer the reflected sound becomes because its path becomes longer
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' \ f
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1] \ ’ 4 AN =
' \ 2 4 ’ N b
; - N P
[ v s ’ ! ~ -
] [ 4 s / N
v = g -
‘ A 4 / PPts
' s\ P / o S
) N P / v .
/ s [ 4 J e N
1 « (PR (g N
7 -7
' / N - &
-7
’ / \ P e
! s i - -
s s - ! -
! ’ ’ e I .
ll S ,)\‘ 1 ’/
; s, POt Y 7 P
; & A 4 .
t 7, - -,
1777 - ' I -
r 2t \ / e
. 0 ] .
S S ‘ ! e
l S~ % ’ L
~ ]
- \ I} Pie
~. \ / e
. /
STAGE S A
4\‘*’ -
v

Fig. 1-9. Distant microphones pick up both direct and reflected sound.

(loudness varies in inverse proportion to the square of the distance
from the sound source). The ratio of direct to reflected sound en-
ables the listener to determine his distance from the sound source.
Thus, the longer the reverb time, the harder the room surfaces; the
longer the time before the first reflection, the larger the room; and
the greater the amount of reverberated sound in proportion to the
direct sound, the farther the listener is from the source.

Classical recordings rely heavily on the reverberation or ambi-
ence of the halls they are recorded in. This is because the instru-
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mental scoring of the music is determined by the way the instru-
ments sound to an audience in a performance hall. The hall is usu-
ally large with hard surfaces, and the audience sits at a distance
from the performers, so the time before the first reflection, the Teverb
time, and the ratio of reverberated to direct sound are large. To
capture these characteristics, classical recordings usually use only
two microphones suspended in the air some distance in front of the
orchestra, with close-up mikes used for soloists or special instru-
mental groups only when necessary for proper balance. Because they
are at a distance from the sound source, the main mikes pick up both
the direct sound and some of the reflected sound (Fig. 1-9). Quad-
raphonic classical recordings usually use two more microphones po-
sitioned near the back of the hall to pick up mainly reverberant
sound to be used in re-creating the concert hall’s spatial character-
istics in the quadraphonic listener’s home.

In popular music, on the other hand, it is often desirable to con-
trol the position and volume of each instrument independently of
the others in the stereo or quadraphonic end product. In addition,
it is often desirable to postpone this positioning and balancing until
sometime after the recording session to eliminate paying studio
musicians waiting for these decisions to be made. To control the
balance of the instruments independently, a multitrack tape recorder
is used, and each instrument or group of instruments for which
separate control is desired is assigned to a separate channel of the
tape.

Because most of the instruments are usually played at the same
time and in the same room to permit musical interchange between
the performers, two problems arise. First, the direct or reverberated
sound of one instrument may be picked up by the microphone in-
tended for another instrument (Fig. 1-10A); this can cause both in-
teraction of volumes and problems of frequency cancellation. Sec-

sl T e——— /'I// /\\"
o g
'@ TS s \_\__-___’(\ M/)
P S N ~'

S2 |+7 S P

———— DESIRED SIGNAL PATH
---- UNDESIRED SIGNAL PATH

(A) The direct and reflected sound of S; is  (B) Microphone M picks up the reflected
picked up by the mike intended for $; only.  sound as well as the direct sound from S.

Fig. 1-10. Ways reflected sound can be picked up.
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ond, the reflected sound from an instrument may be picked up by
its own mike, thereby limiting the spatial placement of the instru-
ment in the final mix (Fig. 1-10B).

To overcome these possible limitations, many studios reduce the
reverberation time of their recording rooms through the use of
highly absorptive materials in their construction. This assures the
presence of almost entirely direct sound for the mikes to pick up.
Spatial localization, with respect to listener-source distance and size
of the performance hall, is provided at a later time through the use
of artificial reverberation devices.

To prevent the leakage of the direct sound of one instrument into
the mike assigned to another, uni- or bidirectional mikes which dis-
criminate against sound coming from certain directions are fre-
quently used and placed as close as possible to the sound sources.
This technique is called close miking. Sound-absorbing baffles are
also used between the instruments to further increase the acoustic
separation as shown in (Fig. 1-11). The baffles absorb the sound

= ,®‘ ---------
/\

MIKE IS LESS SENSITIVETO
SIGNALS ARRIVING AT THIS SIDE

/
s

Ed
s
£ 7
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= ()
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\ ’
N s
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h Y3l

/!
-

TR~

BAFFLE

Fig. 1-11. Close miking using sound-absorbing baffles and unidirectional mikes.

waves and prevent them from passing through or being reflected.
Unidirectional mike M1 has its “live” side pointing at S1 so it is less
sensitive to the reflective sound arriving at its rear. However, not all
pop music studios are completely “dead.” Many are designed with
longer reverberation times on one side of the room so that certain
instruments, such as strings and horns, can be recorded with more
of a concert hall sound than would be obtainable through the use of
artificial reverb alone.

The multitrack method of recording is often referred to as multi-
ple-mono recording because each of the channels may be acousti-
cally separate from the others or even recorded on a different day.
The performance resulting from the multitrack tape is created by
assigning each track to a location on an imaginary stage between the
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speakers through the use of electrical front-back-left-right position-
ing devices (Fig. 1-12) called pan pots and creating an imaginary
room around the stage by adding artificial reverb to simulate reflec-
tions from the surrounding surfaces. For those who think that a
recording should only preserve a live performance, this is annoying.

APPARENT SIZE OF ROOM THE PERFORMANCE TOOK PLACE IN

APPARENT DISTANCE OF SOURCE
FROM THE LISTENER DETERMINED —
BY VOLUME CONTROLS AND REVERB

pa

>
(g
-

~&— LEFT - RIGHT POSITIONS CREATED BY PAN POTS —

{ LISTENER

ACTUAL ROOM AND INSTRUMENT LOCATIONS DURING THE PERFORMANCE

—
A 8 ¢ 0 £ F

T ] T

| | ] I ] I

\J \i Y \i \i
My Mg Me Mo Me M

}
BAFFLES

Fig. 1-12. Close-miked instruments A through F can be made to appear as if they originate
from various locations in an imaginary stage behind and between the stereo speakers.

Others, however, think of this type of recording as an extension of
the performance, or even as a new art form, for it enables musicians
to express their music beyond what they are technically or finan-
cially able to do live. Each method has its applications. A violin
does not make the same smooth sound when close miked as it does
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when it is picked up as part of an orchestra, while a bass guitar loses
its punch in a reverberant hall. Whether the recording is to expand
the artist’s capabilities or whether it is to document them is a deci-
sion which is made by the producer of the particular session.

REFERENCES
1. Silver, Sidney L. “Stereophonic Microphone Techniques.” db, The Sound
Engineering Magazine, Vol. 3, No. 2, February 1969, pp. 21-26.

2. Tremaine, Howard M. The Audio Cyclopedia. Indianapolis: Howard W.
Sams & Co., Inc., 1969.



CHAPTER 2

Sound and Hearing

WAVEFORM CHARACTERISTICS

Every wave has characteristics which distinguish it from other
waves, these are: (1) frequency, (2) amplitude, (3) velocity, (4)
wavelength, (5) shape, (6) phase, (7) harmonic content, and (8)
envelope.

Frequency

In the diagram (Fig. 2-1), the value of the waveform starts at zero
at time t =0, increases to a maximum value in the positive direc-
tion, decreases through zero to a maximum in the negative direction,
then returns to zero and begins the process again. One completion
of this path is called one cycle of the wave. A cycle can begin at
any point on the waveform, but to be complete, it must pass through
the zero line and end at a point moving in the same direction (posi-
tive or negative) having the same value as the starting point. Thus,
the wave from t =0 to t = 2 constitutes a cycle, and the wave from
t=1to t =3 is also a cycle. The number of cycles which occur end
to end (that is cycle two begins at the cycle one end point) in one

PEAK POSITIVE
AMPLITUDE

+

.

AMPLITUDE

-TIME

/

PEAK NEGATIVE
AMPLITUDE

Fig. 2-1. Graph of waveform amplitude vs time.
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second is called the frequency of the waveform and is measured in
the unit hertz (Hz). The term hertz is equivalent to cycles per
second.

Amplitude

In the case of sound waves, the positive and negative excursions
of the diagram represent increases and decreases in the atmospheric
pressure of the air caused by the sound source and perceived by the
listener’s ear, with the zero line representing normal atmospheric
pressure. The distance above or below the zero line is called the
amplitude of the waveform at that particular instant of time, and
the maximum positive and negative excursions are called the posi-
tive and negative peak amplitudes, respectively.

Velocity
The velocity of a wave is the speed with which it travels through
a medium (Fig. 2-2) and is given by the equation:

d
t2_'t1

V=

(Eq. 2-1)

where,

V is the wave velocity of propagation in the medium,
d is the distance from the source,
t is the time in seconds.

In the case of sound waves, the medium is air molecules; for elec-
tricity, the medium is electrons. The wave velocity determines how

| DIRECTION OF PROPAGATION ———

_DISTANCE
FROM SOURCE

SOUND .
SOURCE

l

]
]
t
1
i
H
—x— |
fe——d —_— ~>1:

WAVE POSITION AT TIME t) WAVE POSITION AT TIME t,

Fig. 2-2. Demonstrating velocity of a wave.

fast a particular cycle of a waveform will travel a certain distance.
At 70 °F the speed of sound waves in air is approximately 1130 feet
per second. This speed is temperature dependent and increases at a
rate of about 1.1 feet per second for each degree Fahrenheit increase
of temperature.
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Wavelength
The wavelength (\) of a wave is the actual distance in the medium

between the beginning and end of a cycle and is equal to:

A=+ (Eq. 2-2)

where,
A is the wavelength in the medium,
V is the velocity in the medium,
f is the frequency in Hz.

Thus, the wavelength of one cycle of a 30-Hz sound wave is 1130
ft/sec divided by 30 Hz, or 37.66 feet. Although we speak of wave
velocity, the particles of the wave medium do not move far. Sound
travels as a compressional wave. The air in one spot is compressed
by the sound source and it compresses the air next to it as it ex-
pands back to normal. The location of the compression moves at the
velocity of sound, but the air molecules only move to the extent that
they are pushed together and are then returned to their normal
spacing. The molecules do not travel with the wave. The action of
electrical waves in a wire is the same, except that electrons rather
than air molecules are compressed.

Shape

The diagrams up to this point have only shown one shape of wave-
form, the sine wave, but the eight characteristics apply to simple
waves of all shapes. Other simple waveforms such as square waves,
triangle waves, and sawtooth waves are shown in Fig. 2-3. These are
called simple waveforms because they are continuous and repeti-
tive. One cycle of a square wave looks exactly like the next, and
they are all symmetrical about the zero line. Complex waves are
waves which do not necessarily repeat and which are not necessarily
symmetrical about the zero line. An example of a complex waveform
would be that created by the speaking of a word (Fig. 2-4). Since
complex waveforms often do not repeat, it is difficult to divide them
into cycles or to categorize them as to frequency. Fortunately, all
possible simple and complex waveforms can be constructed through
the use of combinations of sine waves of different frequency, phase,
and amplitude. The discussion focuses on sine waves.

Phase

Since a cycle can begin at any point on a waveform, it is possible
to have two wave generators producing waves of the same shape,
frequency, and peak amplitude, which will have different amplitudes
at any one point in time. These waves are said to be out of phase
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(A) Square waves.
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(C) Sawtooth waves.

Fig. 2-3. Simple waveforms.

with respect to each other. A cycle can be divided into 360°, and
the sine wave (so named because its amplitude follows the trigo-
nometric sine function) is usually considered to begin at 0° with
0 amplitude, increase to a positive maximum at 90°, decrease to 0
at 180°, decrease to a negative maximum at 270°, and return to zero
at 360°. The first wave (A) in Fig. 2-5 can be considered in phase
with the “ideal” sine curve because their amplitudes match at each

VASVARRVY

Fig. 2-4. A complex waveform.
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(D) Wave leading (A) by 270°.
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Fig. 2-5. Demonstrating phase relationships of sine waves.

point on the X axis. The second waveform (B) reaches its maximum
positive amplitude 90° before the first and is out of phase with the
first because it leads it by 90°. The third wave (C) begins decreas-
ing from zero 180° before the first, and is 180° out of phase. The
fourth (D) leads the first by 270° and is also out of phase.

Note that it is assumed that the waves began at the zero degree
time; if they had begun earlier we could have said that wave one
lagged behind wave two by 90°. A wave which is a multiple of 360°
out of phase with another can be considered to be in phase with it
if the waves are continuous; there would be no way to distinguish
that one of the waves actually lagged behind the other. However, if
the waveforms were observed to begin, end, or change in amplitude
or frequency, the lagging waveform would do so late and could
thus be distinguished.

Waveforms can be added by adding their signed amplitudes at
each instant of time. When two waveforms which are completely in
phase (0° phase difference) and of the same frequency, shape, and
peak amplitude are added, the resulting waveform is of the same
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frequency, phase, and shape but will have twice the original peak
amplitude (Fig. 2-6A). If two waves are the same as the ones just
described, except that they are completely out of phase (phase dif-
ference of 180°), they will completely cancel each other when
added, resulting in a straight line of zero amplitude (Fig. 2-6B).
If the second wave was only partially out of phase (not exactly 180°
or (2n — 1) X 180° out of phase), it would interfere constructively
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(A) The amplitudes of in-phase waves add when they are mixed.
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(B) Waves of equal amplitude cancel completely when mixed 180° out of phase.
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(C) The amplitudes of partially out-of-phase waves add in some places and subtract in
others when mixed.

Fig. 2-6. Adding sine waves.
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in some places, resulting in a more positive amplitude in the com-
bined wave than in the first wave at that point in time and inter-
fere destructively at other points, resulting in a more negative am-

plitude at those points in time than the first wave ( Fig. 2-6C).

— TIME (A) Fundamental waveform (first harmonic).

» TIME (B) Second harmonic.

e TME (C) Third harmonic.

T oo o e

Fig. 2-7. tllustrating harmonics.

Harmonics

A waveform having a frequency that is an integral multiple of the
frequency of a second waveform is called a harmonic of that second
waveform. For example, a 1000-Hz wave is a harmonic of a 500-Hz
wave because it is two times the 500-Hz frequency. In this case, the
500-Hz wave is called the fundamental or first harmonic ( Fig. 2-7A),
and the 1000-Hz wave is called the second harmonic (Fig. 2-7B) be-
cause it is the result of multiplying the fundamental frequency by
two. The third harmonic would be 1500 Hz (Fig. 2-7C).

As mentioned earlier, sine waves can be used to create any other
waveform. A square wave can be constructed by adding together a
fundamental wave and all of its odd-numbered harmonics in the
proper proportions (Fig. 2-8). The harmonics subtract from the
fundamental where they are out of phase with it and add to the
fundamental where they are in phase, eventually making the com-
bination a square wave. Similarly, a sawtooth wave can be formed
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(A) A square wave with frequency f.

(B) A sine wave with frequency f.

(C) Sum of a sine wave with frequency f
and a lower amplitude sine wave of
frequency 3f.

(D) Sum of sine wave of frequency f and
lower amplitude sine waves of 3f and 5f
begin to resemble a square wave.

Fig. 2-8. Obtaining a square wave by adding odd harmonics.

by adding both the odd and even harmonics of the fundamental
wave in the proper proportions.

Envelopes

The envelope of a waveform describes the way its intensity varies.
For a sound wave it describes changes in loudness. The envelope is
composed of three sections: attack, internal dynamics, and decay.
Attack is the manner in which the sound begins and increases in
volume. Internal dynamics describes volume increases, decreases,
and sustentions. Decay is the manner in which the sound stops. Each
of these sections has three variables: time duration, amplitude, and
amplitude variation with time. Fig. 2-9 illustrates the envelope of a
clarinet note. The attack (A) and decay times (D) are long and the
internal dynamics (C) consist of sustain. Fig. 2-10 illustrates the en-
velope of a snare-drum beat. Note that here the initial attack (A)
has much greater amplitude than the internal dynamics (C). In
addition, the attack, initial decay (B), and final decay (D) are
fast. A cymbal crash (Fig. 2-11) has a similar high-amplitude, fast
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Fig. 2-9. Envelope of a clarinet note. A is the initial attack, C is the internal dynamics, and
D is the final decay.

attack (A) with fast initial decay (B), but it sustains longer (C)
and decays slower (D). An organ tone (Fig. 2-12) has very rapid
attack (A) and decay times (D) and a constant internal amplitude
(C) unless the volume pedal is used to vary the envelope (Fig.
2-13).

= TIME —

Fig. 2-10. Envelope of a snare-drum beat. B is the initial decay.

Envelopes with short attack times followed by fast initial decays
are characterized as sounding percussive, while slow attacks and
decays have gentler, smoother sounds.

? afs c
VOLUME .

—— ——  TIME —

Fig. 2-11. Envelope of a cymbal crash.

THE EAR

A sound source produces sound waves by alternately compressing
and rarefying the air between it and the listener. The compression
causes an increase of pressure above the normal atmospheric pres-
sure on the ear corresponding to the positive section of the wave-
form in the illustrations. The rarefaction causes a decrease of pres-
sure below the normal atmospheric pressure on the ear correspond-

VOLUME ’ ‘ 0
. — TIME —

Fig. 2-12. Envelope of an organ tone with the volume pedal stationary.
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Fig. 2-13. Envelope of an organ tone with the volume pedal varied.

ing to the negative section of the waveforms. The ear responds to
these variations in pressure by producing the sensation of hearing.
The frequency of the wave reaching the ear determines the pitch
the listener hears.

The ear perceives frequencies which are even multiples of each
other to be specially related, and this relationship is the basis of the
musical octave. For example, since concert A is 440 Hz, the ear hears
880 Hz as having a special relationship to concert A; namely, that it
is the tone higher than concert A that sounds most like concert A.
The next note above 880 Hz that sounds most like 440 Hz would
be 1760 Hz. Therefore, 880 Hz is said to be one octave above 440 Hz
and 1760 Hz is said to be two octaves above 440 Hz. The human
ear does not respond to all frequencies of pressure waves. It re-
sponds to a frequency range of about 15 Hz to 20 kHz, a range of
ten and one-half octaves. Some young people may hear as high as
23,000 Hz, but the high-frequency response of the ear drops off with
age and many people over 60 years of age cannot hear above 8 kHz.

The ear operates over an energy range of more than 10'%:1
(1,000,000,000,000:1) and compresses the perceived intensity level
in order to protect itself. The loudness of a sound is perceived by
the ear as varying approximately in proportion to the logarithm of its
energy. As a result, increasing the power output of an amplifier by
10 watts, from 10 to 20 watts, gives a significantly greater volume
increase than increasing power output from 60 to 70 watts. The ear
is sensitive to the ratio of the two power levels, and 20 watts is two
times ten or a ratio of 2:1. To get the same increase in loudness, the
60-watt power output would also have to be doubled to 120 watts.

The ear has its greatest sensitivity in the range of 1 to 4 kHz. This
means that a 1-.kHz sine wave which produces a given sound pres-
sure will sound louder than a 10-kHz sine wave which produces the
same sound pressure. In addition, the nature of the ear causes it to
produce harmonic distortion of sound waves above a certain volume
level. Harmonic distortion is the production of harmonics of a wave-
form which do not exist in the original signal. Thus, the ear can
cause a loud 1-kHz wave to be heard as a combination of 1-kHz,
2-kHz, 3-kHz, etc., tones.

Harmonics are very important with respect to musical instru-
ments because their presence and relative intensities in the sound
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(A) Played on a violin,
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(B) Played on a viola.

Fig. 2-14. Harmonic structure of concert A.

waves produced enable the ear to differentiate between instruments
playing the same fundamental tone. For example, a violin has a set
of harmonics differing in degree (Fig. 2-14) and intensity from that
of a viola. This overtone structure is called the timbre of an
instrument.

According to Hamm (1973):

“The primary color characteristic of an instrument is determined
by the strength of the first few harmonics. Each of the lower
harmonics produces its own characteristic effect when it is
dominant or it can modify the effect of another dominant har-
monic if it is prominent. In the simplest classification, the lower
harmonics are divided into two tonal groups. The odd har-
monics (third and fifth) produce a ‘stopped’ or ‘covered’ sound.
The even harmonics (second, fourth, and sixth ) produce ‘choral’
or ‘singing’ sounds. . . . Musically, the second is an octave above
the fundamental and is almost inaudible; yet it adds body to the
sound, making it fuller. The third is termed a quint or musical
twelfth. It produces a sound many musicians refer to as ‘blan-
keted.” Instead of making the tone fuller, a strong third actually
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makes the tone softer. Adding a fifth to a strong third gives the
sound a metallic quality that gets annoying in character as its
amplitude increases. A strong second with a strong third tends
to open the ‘covered’ effect. Adding the fourth and fifth to this
changes the sound to an ‘open horn’ like character. . . . The
higher harmonics, above the seventh, give the tone ‘edge’ or
‘bite.” Provided the edge is balanced to the basic musical tone,
it tends to reinforce the fundamental, giving the sound a sharp
attack quality. Many of the edge harmonics are musically
unrelated pitches such as the seventh, ninth, and eleventh.
Therefore, too much edge can produce a raspy dissonant qual-
ity. Since the ear seems very sensitive to the edge harmonics,
controlling their amplitude is of paramount importance. [The
study of a trumpet tone] shows that the edge effect is directly
related to the loudness of the tone. Playing the same trumpet
note loud or soft makes little difference in the amplitude of the
fundamental and the lower harmonics. However, harmonics
above the sixth increase and decrease in amplitude in almost
direct proportion to the loudness. This edge balance is a criti-
cally important loudness signal for the human ear.” [1]*

Although the ear may receive the overtone structure of a violin
as in Fig. 2-14A, if the listening level is loud enough, the ear will
produce additional harmonics and change the perceived timbre of
the instrument. This means that sound monitored at very loud levels
may sound quite different when played back at low levels. To make
things even more difficult, the frequency response of the ear
changes with the loudness of perceived signals. The loudness com-
pensation switch found on many hi-fi preamps is an attempt to
compensate for the decrease in the ear’s sensitivity to low-frequency
sounds at low levels.

SOUND-PRESSURE LEVEL

The curves in Fig. 2-15 are the Fletcher-Munson equal-loudness
contours, and they indicate average ear response to different fre-
quencies at different levels. The horizontal curves indicate the
sound-pressure levels (spls)at different frequencies which are re-
quired to produce the same perceived loudness. Thus to equal the
loudness of a 1.5-kHz tone at a level of 110-dB spl, which is the
level typically created by a trumpet-type car horn at a distance of
three feet, a 40-Hz tone has to be 2 dB greater in sound-pressure
level, while a 10-kHz tone must be 8 dB greater than the 1.5-kHz

1 See references at end of chapter.
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tone to be perceived as being as loud. At 50-dB spl, the noise level
present in the average private business office, the level of a 30-Hz
tone must be 30 dB greater, and a 10-kHz tone must be 14 dB
" greater than a 1.5-kHz tone to be perceived as being at the same
volume. Thus, if a piece of music is monitored so that the signals
produce a sound-pressure level of 110 dB, and it sounds well bal-
anced, it will sound both bass and treble deficient when played at a
level of 50-dB spl.

The loudness level of a tone can also affect the pitch the ear per-
ceives. For example, if the intensity of a 100-Hz tone is increased
from 40- to 100-dB spl, the pitch will decrease by about 10%. At
500 Hz, the pitch changes about 2% for the same increase in sound-
pressure level.

As a result of the nonlinearity of the ear, tones can interact with
each other within it, rather than being perceived separately. Three
types of interaction effects occur: beats, combination tones, and
masking.

Beats

Two tones which differ only' a little in frequency and have ap-
approximately the same amplitude will produce beats at the ear
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Fig. 2-15. The Fletcher-Munson equal-loudness contours.
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equal to the difference between the two frequencies. The phenome-
non of beats can be used as an aid in tuning instruments because the
beats slow down and stop as the two notes approach and reach the
same pitch. The beats are the results of the inability of the ear to
separate closely pitched notes. The resulting synthesis of a third
wave represents the addition of the two waves when they are in
phase and the subtraction of their intensities when they are out
of phase.

Combination Tones

Combination tones result when two loud tones differ by more
than 50 Hz. The ear produces additional tones equal to both the
sum and the difference of the two original tones and also equal to
the sum and difference of their harmonics. The formula for com-
puting the tones are: difference tones frequencies = af; — bf,; the
sum tone frequencies = af, + bf, (a and b are positive integers).
The difference tones can be easily heard when they are below the
frequency of both of the original tones. For example, 2000 and 2500
Hz produce a difference tone of 500 Hz.

Masking

Masking is the phenomenon by which loud sounds prevent the
ear from hearing softer sounds. The greatest masking effect occurs
when the frequency of the sound and the frequency of the masking
noise are close to each other. For example, a 4-kHz tone will mask a
softer 3.5-kHz tone but have little effect on the audibility of a quiet
1000-Hz tone. Masking can also be caused by harmonics of the
masking tone, so a 1-kHz tone with a strong 2-kHz harmonic could
mask a 1900-Hz tone.

PERCEPTION OF DIRECTION

One ear cannot discern the direction from which a sound comes,
but two ears can. This is called the binaural effect and is made
possible by four cues received by the ears:

(1) relative intensity,

(2) time of incidence of the sound,
(3) phase,

(4) complexity of the waveform.

Relative intensity refers to the fact that a sound coming from the
right will reach the right ear at a higher intensity level than the
left ear.

There are two reasons for this: (1) the intensity of a sound wave
is inversely proportional to the square of the distance between the
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source and the listener so that the intensity at 6 feet from the source
is one-fourth that of the intensity at 3 feet. Since the left ear is farther

away fromthe-source-than-the I'ig}."f, it receives a_lower intensity.
(2) The left ear is in an acoustic shadow cast by the head. The head
blocks the direct sound waves and allows only reflected sound from
surrounding surfaces to reach the left ear at the blocked frequencies,
thus reducing the intensity of the sound perceived by the left ear.
This effect is insignificant for low tones, because they bend around
the head easily, but it is considerable for tones above 500 Hz be-
cause the effect increases as the sound-wave frequency rises. Be-
cause the path length to the right ear is shorter than that to the left
ear, with respect to a sound source on the right, sudden changes in
the sound pressure from the source will be sensed earlier by the
right ear. Thus, if a wave begins, changes intensity, changes fre-
quency, changes waveshape, or stops, the right ear detects it before
the left ear.

For tones which are continuous, without changes of character, the
ears detect the phase difference between them resulting from the
time needed for a particular portion of the wave to travel from one
side of the head to the other. The phase cue is most accurate in
localizing low-frequency tones, where the path length between the
ears is a wavelength or less. As the frequency increases, however,
the wavelength decreases, and it is possible that the wave may ap-
pear in phase at both ears with the far ear actually hearing the wave
several complete cycles after the near ear. Thus, phase cues alone
are not much help at high frequencies.

The complexity of a waveform acts as a cue for the localization of
compound tones and noises. The sound shadow created by the head
attenuates the high frequencies, while low frequencies reach the far
ear by bending around the head. As a result, the two ears hear a
difference in the timbre of the waveform. The farther ear hears fewer
high-frequency components.

To summarize: The accuracy of cues for localization varies with
the frequency and complexity of the perceived tones. High-fre-
quency tones are located by intensity, low-frequency tones by phase,
complex tones and noisc by a combination of intensity, time of inci-
dence, and timbre. If there is no difference between what the left
and right ears hear, the source appears to be the same distance from
each ear, and the only place a single source could fulfill this require-
ment is directly in front of the listener. This phenomenon allows the
recording engineer to place sound not only in the left and right
speakers of a stereo system but also between the speakers. By feed-
ing the same signal to both speakers, the ear hears the sound identi-
cally in both ears, and the source appears to be directly in front of
the listener. By changing the proportions fed to the two speakers,
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the engineer can create the illusion that the sound source is any-
where between the two speakers and he can make the source appear
to move. This technique is called panning. The other localization
cues can also be used by the engineer to assign the source to loca-
tions between the two speakers through the use of electronic time
delays, phase shifters, and filters. The ears can distinguish between
a source in front of the listener and a source behind, above, or below
him, through small movements of the head which provide slightly
different perspectives of the sound due to the interference of the
outer ear and the features of the face and body with the sound
waves.

An interesting phenomenon that arises through the localization
cues of the ear in connection with quad sound is that the same signal
played through four speakers surrounding a listener produce the
effect that the sound is coming from directly above the listener’s
head. This again is the result of the ear receiving the same cues from
all directions and deducing that the only single source that could
produce this effect would be one over the listener’s head. If it were
directly below the listener, his body would cause the sound to bend
differently on its way to each ear and the cars would not receive the
same cues.

WAVEFORM VALUES

Since waves are constantly varying in amplitude, how can they
be said to have a single value, such as a level of 110-dB spl? The
maximum value cannot be used because it is reached only for an
instant on each side of the zero line during a cycle. In addition,
waveforms of different shapes with the same peak amplitudes have
different energy content and would not produce the same loudness.
Taking the average over a number of complete cycles for any sym-
metrical wave would result in a value of zero, since the wave would
have equal positive and negative excursions. The positive and nega-
tive maximums of a wave are called the peak values. The difference
between the positive and negative peaks is called the peak-to-peak
value, and the value of the amplitude at any one instant of time is
called the instantaneous value. Fig. 2-16 shows positive peak A,
negative peak B, and instantaneous values C, D, and E.

To get a meaningful average of all these values, the rms or root-
mean-square value was developed. For a sine wave, this value is
arrived at by squaring the amplitude of the wave at each point on
the waveform, which brings the waveform above the zero line (thus
it has a nonzero average) since the square of a negative number is
a positive number, and the square of a positive number is also a
positive number. The average of the squared waveform is taken by
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Fig. 2-16. The different values of waveform amplitude.

dividing the peak amplitude by two, and the rms value is found by
taking the square root of the result. Beginning, for example, with a
peak amplitude of 3 units, the rms value of this wave is the square
root of the quantity (3 squared divided by 2) or 0.707 times 3. Thus
the rms value of a sine wave is 0.707 times its peak amplitude. The
computation of rms values of nonsinusoidal waves is much more
difficult requiring that the rms value of each frequency component
be computed and summed. All rms values have in common the fact
that the rms value of the wave is equal to the value of continuous
(ie., direct current) signal that will produce the same amount of
power as the wave in question (Fig. 2-17). For this reason, rms
values are also referred to as continuous or effective values. Unless
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(A) Direct current,
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(B) Sine wave.

Fig. 2-17. The level of direct current produces the same amount of power as the sine wave.



Sounp AND HEeARING 37

another value is specified when speaking quantitatively about a
wave, this book refers to the rms value.

LOUDNESS LEVELS

Because the ear hears over such a large energy range, a logarith-
mic scale has been adopted to compress the measurements of sound
into more workable figures. The system used is the decibel (dB).
The decibel has no units attached to it, rather it expresses the ratio
of two powers according to the formula dB =10 log P:/P.. The
answer is positive if P, is greater than P» and negative if P; is greater
than P,. If we have two amplifiers such that P, =60 watts and
P, = 40 watts, we can express their power ratio in dB as 10 log
60/40 = 10 log 1.5 = 10 X 0.176 = 1.76 dB. We can say that the 60-
watt amplifier is 1.76 dB more powerful than the 40-watt amplifier.
We could also say that the power output of the 40-watt amp is
1.76 dB below that of the 60-watt amp, or that the power of the 40-
watt amp is —1.76 dB with respect to the 60-watt amp. Since the
ear responds proportionally to the power level in dB, the 60-watt
amp would be 1.76 dB louder than the 40-watt amp if they were
alternately connected to the same speaker. As mentioned previously,
the ear requires equal ratios of power changes to produce equal
loudness increases or decreases. Thus a 1.76-dB power increase from
40 to 60 watts increases the loudness by the same amount as an in-
crease from 60 to 90 watts because this is also an increase of 1.76
dB. Under average conditions, the minimum level change that the
ear can perceive is about 1.0 dB, although under laboratory or
studio conditions of switching sound levels with no appreciable time
delay between them, the sensitivity to change can be as low as
0.25 dB at certain frequencies. Thus, an increase from 40 to 60 watts
of power does not bring about much of a loudness increase.

The ear does not hear power directly, the power first must be
converted into sound waves. The intensity of the sound wave pro-
duced is directly proportional to the power which produced it, and
therefore the ratio of two intensities is equal to the ratios of the two
powers which produced them. The ratio of two powers in dB can be
computed from their intensity values by plugging the intensity ratio
into the dB formula for power, i.e., dB = 10 log I;/I,. The intensity
of sound is usually measured indirectly, through the measurement
of sound-pressure levels (spl). Since the intensity of a sound wave
is proportional to the square of the sound pressure, the power in the
wave is also proportional to the square of the sound pressure. The
ratio of the squares of two sound pressures is therefore equal to
the ratio of the powers that produced them, i.e., I,/I>= (sph)*/
(splz)2 =P,/P;. Power ratios in dB can therefore be expressed by
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substituting the ratio of the squares of the sound-pressure levels
generated into the dB formula for power, thus: dB = 10 log P, /P, =
10 log (sply)?/(splz)2 =10 log (spli/spls)2 =20 log spl,/spl. The
multiplier in front of the formula-changes—to 20 for spl ratios be-
cause squaring a number of doubles the value of its logarithm.
Since the dB system only provides information about the ratio of
two powers, it is useful to have a common point, which the number
of dB refers to, so that absolute levels can be discussed in terms of
dB. For example, if there is a 3-dB difference between two powers,
their ratio is two to one. From this information alone, it is impossible
to determine whether the power levels in question are 2 watts and
1 watt, or 2000 watts and 1000 watts. If, however, a reference level
of 1 watt is chosen and a power level is said to be 3 dB above the
reference, its level must be twice the reference power, or 2 watts.

Threshold of Hearing

In the case of spl, a convenient reference-pressure level is that of
the threshold of hearing, which is the minimum sound pressure that
produces the phenomenon of hearing in most people, and is equal
to 0.0002 microbar. One microbar is equal to one-millionth of nor-
mal atmospheric pressure, so it is apparent that the ear is extremely
sensitive. In fact, if the air was any more sensitive, the thermal mo-
tion of the molecules of the air would be audible. The use of 0.0002
microbar as the reference level, spl,, in the dB formula is indicated
by expressing a value as a certain number of dB spl. The reference
pressure level is called 0-dB spl.

The threshold of hearing is defined as the spl for a specific fre-
quency at which the average person can hear only 50% of the time.

Threshold of Feeling

The spl that will cause discomfort in a listener 50% of the time
is called the threshold of feeling and occurs at a level of about 118-
dB spl between 200 Hz and 10 kHz.

Threshold of Pain

The spl which causes pain in a listener 50% of the time is called
the threshold of pain and corresponds to a spl of 140 dB in the range
between 200 Hz and 10 kHz. Fig. 2-18[3] shows typical spls for dif-
ferent sounds. The levels are weighted to take into account the
reduced sensitivity of human hearing to low frequencies.

The Phon

The unit of loudness level is called the phon. Phons are numeri-
cally equal to dB spl at 1 kHz and at other frequencies are related
to dB spl by the Fletcher-Munson curves. Thus, the loudness level
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Fig. 2-18. Typical spls for common sounds. The reference level of 20 uN/m2 is equivalent
to 0.0002 microbar (or 0.002 dynes/cm?).
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of a sound in phons is the number of dB spl produced by a 1-kHz
sine wave which sounds equally loud. For example, while 40 phons
at one frequency is as loud as 40 phons at any other frequency, 40
phons-at-1-kHz requires 40-dB spl-while 40 phons at 10 kHzrcquires
52-dB spl.

The Sone

Since the perception of the ear to loudness is not directly propor-
tional to the sound-pressure level, a scale has been devised to facili-
tate the discussion of the loudness of one sound compared to that
of another. This unit of loudness is the sone, and one sone is defined
as the loudness of a 1-kHz sine wave at 40-dB spl. A sine wave
is specified because the loudness depends on both the frequency
and complexity of the waveform. A loudness of two sones is twice
as loud as one sone and is equal to a level of 50-dB spl at 1 kHz.
In the recording studio, the use of dB spl re 0.0002 microbar is more
common than phons or sones. These latter are used more by acousti-
cal engineers in designing and examining rooms for specific acoustic
properties.
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CHAPTER 3

Microphones

Three types of microphones are used in recording studios: dy-
namic, ribbon, and condenser.

THE DYNAMIC MICROPHONE

A dynamic or moving-coil mike is a pressure-operated device. It
consists of a fine coil of wire attached to a delicate diaphragm and
suspended in a permanent magnetic field (Fig. 3-1). When sound
pressure waves hit the diaphragm, the diaphragm moves the coil in
proportion to the wave intensity and causes the coil to cut across
the fixed lines of magnetic flux supplied by the permanent magnet.
The amplitude of the current flow induced in the coil is proportional
to the number of lines of flux the coil cuts (that is, how far it moves
from its no-signal position ), and the speed at which the coil cuts the

PERMANENT MAGNET
NORTH POLE

\ MOVING COIL

; ATTACHED TO DIAPHRAGM
[}
SOUND ENTERS : ] Nj O

MICROPHONE AT
THIS END ONLY ~———

|
! —  SIGNAL
! i /w’m”\"’\’m’\{—c ouTPUT

]

DIAPHRAGM —— 1| EI /
I
1

PERMANENT MAGNET
SOUTH POLE

Fig. 3-1. The components of a dynamic microphone.
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lines. The frequency of the signal is determined by how often the
diaphragm reverses its direction of travel.

Basic pressure mikes are inherently omnidirectional. This means
that they are equally sensitive to sound waves coming fronrany di-
rection (Fig. 3-2). Since signals can only reach the front of the dia-
phragm, they all add together in the mike. Dynamic mikes can be
designed to be directional. This means that they will be more sensi-
tive to signals arriving from one direction than from another. The
most common of these directional characteristics is the cardioid
(Fig. 3-3). Its name arises from its heart-shaped pickup pattern.

FRONT
()
\\/ LEFT RIGHT
BACK
Fig. 3-2. A pressure-operated mike is sen- Fig. 3-3. A cardioid pickup pattern.

sitive to sound waves originating from
any direction.

Signals arriving from the rear of the mike are acoustically phase
shifted in the body of the mike and applied to the back of the dia-
phragm so that a signal arriving from the rear of the mike will be
applied equally to both the front and back of the diaphragm and
generate no output (Fig. 3-4A). Signals arriving from the front
reach the diaphragm without any phase shifting. In Fig. 3-4B, a
signal from the front which enters the ports is phase shifted twice:
once by the time it takes for the wave to travel the external dis-
tance from the diaphragm to the ports and a second time by the
phase-shifted network inside the case. When this wave reaches the
back of the diaphragm, it is in phase with the wave at the front and
reinforces it. Between the front and rear source locations, the signal
entering the ports partially cancels and partially reinforces the signal
at the front of the diaphragm, producing the cardioid pickup pattern.

The attenuation of an equal signal which is at the same distance
from a cardioid mike but 180° off-axis with respect to an on-axis sig-
nal is called the front-to-back discrimination. The axis of a mike is
the imaginary line drawn perpendicular to the plane of the dia-
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Fig. 3-4. Directional operation of the cardioid microphone.

phragm (Fig. 3-5). Other directional designs, called hypercardioid
and supercardioid, sacrifice some front-to-back discrimination in
favor of a narrower pickup pattern (Fig. 3-6A). Fig. 3-6B shows the
frequency response on-axis, 180° off-axis, and 150° off-axis. Regular
cardioids have maximum off-axis rejection at 180°, while super-
cardioids such as the Electro-Voice RE16 (Fig. 3-7) have maximum
rejection at 150°.

0
ON-AXIS — v = — — —= - — 180
OFF-AX1S

e e

0
OFF-AX 1S

Fig. 3-5. A microphone axis is the line perpendicular to the diaphragm on the side
exposed to the sound waves.

o
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Fig. 3-6. The Electro-Voice RE-16 supercardioid pickup pattern.

THE RIBBON MICROPHONE

The ribbon mike, also called a pressure gradient or velocity mike,
utilizes a thin metal ribbon suspended between the poles of a mag-
net to sense the sound wave (Fig. 3-8). When the ribbon moves, it
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Courtesy Electro-Voice Inc.

Fig. 3-7. The Electro-Voice RE-16 dynamic supercardioid microphone.

cuts through the lines of flux generated by the permanent magnet,
and this flux induces a voltage in the ribbon. This voltage becomes
the signal output. The mike is called pressure gradient because the
motion of the ribbon is determined by the difference in pressure
between its front and back sides. This difference is proportional to
the velocity of the air molecules which make up the wave, and thus,
the third name, velocity mike.

Since the ribbon is exposed to sound waves at both its front and
rear (Fig. 3-9A), it is equally sensitive to sounds from both direc-
tions with sound from the rear producing a voltage 180° out of
phase with the voltage due to sound from the front. Sound waves
90° off-axis produce equal, but opposite, pressures at the front and
rear of the ribbon (Fig. 3-9B) and cancel. As a result, the ribbon
mike is inherently bidirectional, with a figure-eight shaped pickup
pattern (Fig. 3-10). Sounds arriving from the sides of the ribbon

200Q E 0.1Q

IMPEDANCE-MATCHING
OUTPUT TRANSFORMER

RIBBON

PERMANENT

SIGNAL
ouTPUT

Fig. 3-8. The basic components of a ribbon microphone.
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Fig. 3-9. Sound sources on-axis and 90° off-axis at a ribbon mike.

create equal but opposite pressures on it (no pressure difference)
and cancel each other out.

Other directional patterns may be obtained by closing off the
acoustic path to the rear of the ribbon (Fig. 3-11). If this path is
completely closed, the mike becomes an omnidirectional or non-
directional pressure-operated mike. As the path is gradually opened,
the pattern becomes more and more cardioid, then supercardioid,
and finally when the path is fully opened, figure-eight.

THE CONDENSER MICROPHONE

Condenser microphones use electrostatic principles rather than
the electromagnetic principles used by dynamic and ribbon mikes.

FRONT

Fig. 3-10. The normal pickup pattern of a
LEFT RIGHT ribbon microphone.

BACK
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Fig. 3-11. A method of producing variable pickup patterns from a ribbon microphone
using ports and an acoustical phase-shift network.

The head, or capsule, of the mike consists of two very thin plates,
one movable and one fixed. These two plates form a capacitor (for-
merly called condensers, and hence the name condenser mikes)
(Fig. 3-12). A capacitor is an electrical device which is capable of
storing an electric charge. The amount of charge a capacitor can
store is determined by its value of capacitance and the applied volt-
age, according to the formula:

Q=CV (Eq. 3-1)
where,
Q is the charge, in coulombs,
C is the capacitance, in farads,
V is the voltage, in volts.

The capacitance of the capsule is determined by the composition
and surface area of the plates (which are fixed), the dielectric or
substance between the plates (which is air and fixed), and the dis-
tance between the plates (which varies with sound pressure). The
plates of the mike capsule form a sound-pressure-sensitive capacitor.

In the design used by Neumann, the plates are connected to oppo-
site sides of a dc power supply which provides a polarizing voltage
for the capacitor (Fig. 3-13). Electrons are drawn from the plate
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Fig. 3-12. In a condenser microphone cap- Fig. 3-13. The power supply charges the
sule the sound pressure varies distance d capacitor through a high-value resistor.

between plates.

connected to the positive side of the power supply and forced
through a high-value resistor onto the plate connected to the nega-
tive side of the supply. This continues to occur until the charge on
the capsule (that is, the difference between the number of electrons
on the positive and negative plates) is equal to the capacitance of
the capsule times the polarizing voltage. When this equilibrium is
reached, no further appreciable current flows through the resistor.
If the mike is fed a sound-pressure wave, the capacitance of the head
changes. When the distance between the plates decreases, the ca-
pacitance increases, and when the distance increases, the capacitance
decreases. According to Equation 3-1, Q, C, and V are interrelated,
so a change in C must cause a change in Q and/or V.

The resistor high value, in conjunction with the capacitance of
the plates, produces a circuit time constant longer than a cycle of
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Fig. 3-14. If a sound wave decreases the Fig. 3-15. Diagram of an electret con-
plate spacing by A d, the capacitance in- denser microphone. Its circuit is equiv-
creases by A C and the voltage across alent to that of Fig. 3-13.

the plates falls by A V.
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an audio frequency. The time constant of a circuit is a measure of
the time needed for a capacitor to charge or discharge. Since the
resistor prevents the capacitor charge from varying with the rapid
changes in capacitance caused by the applied sound pressure, the
voltage across the capacitor must change according to AV = Q/AC
(Fig. 3-14). The resistor and capacitor are in series with the power
supply, so the sum of the voltage drops across them must equal the
supply voltage. When the voltage across the capacitor changes, the
voltage across the resistor changes equally but in the opposite direc-
tion. The voltage across the resistor becomes the output signal. Since
it is a low-level, high-impedance signal, it is amplified within the
body of the microphone to prevent the hum and noise pickup and
signal level losses that would occur (due to the resistance of the ca-
bles) if the amplifier was at a distance from the capsule. This ampli-
fier is another reason that condenser mikes need power supplies.

Electret condenser microphones operate on the same principle
as the Neumann microphones except that the polarizing voltage is
permanently stored on the capsule plates so that the power supply
need only supply amplifier power (Fig. 3-15).

CAPACITOR CAPACITOR CAPACITOR CAPACITOR
1 2

(Dl l@

+ o+ o+ o+
+ o+ o+ o+ o+
+ o+ o+ o+ o+

oo oo

SIGNAL = 4V +4V, SIGNAL =4V
ouTPUT ouTPUT

Fig. 3-16. An omnidirectional condenser Fig. 3-17. A cardioid condenser microphone.
microphone diagram.

A different condenser design is used by Sennheiser in their mikes.
Rather than applying a polarizing voltage to the capsule and sens-
ing its varying charge-holding capability, the capacitor is used as
part of the tuning circuit for a high-frequency oscillator. Variations
in sound pressure cause frequency modulation of the oscillator
(variations in oscillator frequency proportional to the intensity of
the sound waves), resulting in a signal similar to that broadcast by
an fm radio station. The high-frequency signal is converted into
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audio the same way that an fm radio signal is. The lack of polariz-
ing voltage makes the mike less sensitive to physical shock and to
changes in humidity or temperature which can cause arcing of the
polarizing voltage between the plates. R

Condenser mikes are inherently pressure operated, and thus,
omnidirectional. Other directional patterns can be achieved through
the use of a perforated fixed plate and a second movable plate in
the capsule. By placing the two movable plates on opposite sides of
the fixed plate, two capacitors are formed. By polarizing the two
movable plates to one polarity and polarizing the fixed plate to the
opposite polarity (Fig. 3-16), an omnidirectional pickup pattern is
achieved. As the intensity of the voltage on one of the movable plates
is decreased while holding the polarization intensity of the other
plate unchanged (Fig. 3-17), the pickup pattern becomes more and
more cardioid. When the movable plates are at opposite polarities
and the fixed plate is at ground potential (Fig. 3-18), a figure-eight
pattern is achieved.
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: g : Fig. 3-18. A figure-eight condenser micro-
. 0 _ phone. Operation is the same as in Fig.
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duce voltages across the resistor that are
180° out of phase with each other.
<
—i|= |
[o] 1
SIGNAL = 4y, _ 4y
ouTPUT 174%

Another method of obtaining a variable directional characteristic
is to use two completely separate microphone elements in the same
body, one unit with an omnidirectional characteristic and the other
with a figure-eight characteristic. A cardioid pattern is achieved by
connecting the two elements in parallel. The voltage due to sound
arriving at the rear of the bidirectional element is out of phase with
that produced by the omnidirectional element, reducing sensitivity
to sounds from the rear. Output from a source 90° off-axis is due to
the omnidirectional element only, while the output of the two ele-
ments are equal and in phase for a source on-axis and produce twice
the output (Fig. 3-19). This method may be used with either elec-
trostatic or electromagnetic mikes. In addition, the elements should
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be as physically close as possible to prevent phase differences in the
pickup of on-axis signals, but if necessary, two discrete microphones
can be used and combined in a mixing console. As the ratio of omni-
directional to bidirectional pickup is increased, the directional pat-
tern varies from figure-eight through various degrees of super-
cardioid, to cardioid, to omnidirectional. Thus, any desired direc-
tional pattern can be achieved using two mikes if a mike with the
proper pattern is not available.

Fig. 3-19. A bidirectional pattern added to an omnidirectional pattern produces a
cardioid pattern.

Because condenser mikes have built-in amplifiers, many of them
also have built-in attenuation pads immediately after the capsule
output. This prevents overloading the preamp contained in the
mike when exposed to very high sound-pressure levels. If the cap-
sule output level were high enough to overload this amp, the output
signal fed to the mike preamp in the control room would be dis-
torted, and no amount of control room preamp padding would
solve the problem. The pad within the mike itself avoids this prob-
lem and should be used if the signal to be picked up is very loud.

Directional mikes have the property that their bass response in-
creases as the signal source gets closer to the mike. This proximity
effect is noticeable when the source is closer than about two feet
from the mike, and the effect increases as the mike is approached
closer. It is caused by the increase in pressure gradients at short
mike-to-source distances. At two feet the sound intensity is four
times that at four feet from the source, while at one foot the intensity
of the sound is sixteen times that at four feet. This increase in pres-
sure gradient occurs throughout the audio spectrum, but there is a
greater phase change between the front and rear of the mike at the
higher frequencies due to their shorter wavelengths. This causes some
of the pressure gradient to be cancelled for high frequencies, pro-
ducing a bass boost. The boost is somewhat greater in bidirectional
mikes than in cardioids. To compensate for this effect, a bass rolloft
switch is often provided to reduce the bass response back to flat.
In microphones designed for close-up work, the frequency response
may be rolled off at the low end, and the proximity effect is used
to restore the bass response.
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Dynamic mikes tend to be more rugged than condenser or ribbon
mikes and also less expensive. Ribbon mikes can be damaged by
physical shocks which can break the thin ribbon. The dynamic and
ribbon types do not need power supplies to operate and are not as
sensitive to changes in humidity or temperature as condenser mikes.
Condenser mikes, on the other harnd, have better transient response
(faster response to rapid changes in sound pressure), flatter fre-
quency response (especially in the high end), and much higher
output levels due to their built-in amplifiers. Although ribbon mikes
are still in use today, they were more popular during the early days
of radio. Only a few new mikes are now designed using ribbons.

There are several other types of microphones, such as the carbon
mikes used in telephones and the crystal mikes supplied with in-
expensive tape recorders, but these are too noisy and their fre-
quency characteristics are too poor for use in professional recording.

MICROPHONE IMPEDANCE

Microphones are available with different output impedances. The
output impedance is a rating used to match the signal-providing
capability of one device with the signal-drawing (input impedance)
requirements of another device. Impedance is measured in ohms,
and its symbol is Z. Commonly used mike output impedances are
50 ohms, 150 to 250 ohms (low) and 20 to 50K (high). Each im-
pedance range has its advantage. In the past, high-impedance mikes
were less expensive to use because the input impedance of tube-
type amplifiers was high and they required expensive input trans-
formers to be used with low-impedance mikes. All dynamic mikes,
however, are low-impedance devices, and those with high-impedance
outputs achieve them through the use of a built-in impedance step-up
transformer. A disadvantage of high-impedance mikes is the suscep-
tibility of high-impedance mike lines to the pickup of electrostatic
noise, such as that caused by fluorescent lights and motors. This
makes the use of shielded cable necessary. In addition, the use of
a conductor surrounded by a shield creates a capacitor which is in
effect connected across the output of the microphone. As the length
of the cable increases, the capacitance increases until at about 20
to 25 feet the cable capacitance begins to short out much of the
high-frequency information picked up by the mike. Thus, good re-
sults with high-impedance mikes are limited to use with cable
lengths of 25 feet or less.

Very low-impedance (50 ohms) mikes have the advantage that
their mike lines are fairly insensitive to electrostatic pickup. They are
sensitive, however, to induced hum pickup from electromagnetic
fields, such as those generated by ac power lines. This pickup can
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be eliminated by using twisted-pair cable. The currents magneti-
cally induced in this cable will flow in opposite directions and can-
cel each other out in the input transformer of the mike preamp. The
50-ohm lines do not need shielding, for this is effective only against
electrostatic, not electromagnetic pickup. Cable lengths are limited
to about 100 feet due to signal power losses resulting from cable
resistance. These losses, however, do not degrade frequency re-
sponse, merely signal-to-noise ratio. They can be reduced by using
larger conductors which have less resistance.

The 150- to 250-ohm mike lines are less susceptible to electro-
magnetic pickup than 50-ohm lines but more susceptible than high
impedance. They are also more susceptible to electrostatic pickup
than 50-ohm lines but less susceptible to this type of pickup than
high-impedance lines. As a result, shielded, twisted-pair cable is
used, and lowest noise is obtained with the use of balanced input cir-
cuits. This means that two wires carry the signal voltage and that a
shield is wrapped around them and connected to ground. Neither of
the two signal lines is grounded. High-impedance lines use un-
balanced cireuits in which one signal lead flows through the center
of the cable and is surrounded by a shield which is grounded and
used as the second signal lead. Balanced circuits are more expensive
than unbalanced ones, due to the cost of balanced transformers
which are necessary in the input circuit of the amplifiers they are
used with. The 150- to 250-ohm mike lines have low signal losses
and can be used with cable lengths up to several thousand feet. The
mike lines in most recording studios are 200-ohm balanced lines with
the shicld grounded at the preamp end only. This is done to prevent
ground loops which can produce hum in the signal if shields are
grounded at more than one point.

The Neumann FET-80 series microphones such as the U47-FET,
U87, and KM84, as well as certain transistorized condenser micro-
phones madc by Sony and AKG, can bc powered by a phantom
power supply which provides condenser mike power to all mike
inputs simultaneously. The phantom powering system does not in-
terfere with the operation of dynamic mikes. The positive side of the
power is fed to both sides of each mike line through identical value
resistors so that there is no voltage differential between the two
signal-carrying leads (Fig. 3-20). The negative side of the supply is
connected to the shield. Condenser microphones designed to make
use of this voltage no longer need internal batteries, external battery
packs, or individual ac-operated power supplies. The resistors used
in connecting the phantom supply to the mike inputs provide isola-
tion between the two conductors of each mike line and between
mikes. Shorting either of the signal leads to ground on one input
does not affect the phantom power delivered to the other inputs.



54 MICROPHONES

MIKE PREAMP INPUT
TRANSFORMERS

— — — — s

PREAMP PREAMP

1]
T

—J

I

-

' PH:?\]\;OM l CABLE o
POWER >/ SHIELDS =
SUPPLY l

L | CONDENSER

MIKE OUTPUT

- TRANSF ORMER \
) MOVING COIL OF A
CAPSULE AMP OYNAMIC MIKE OR
OUTPUT TRANSFORMER

- b, OF A RIBBON MIKE
-l l+

a8V
TO POLARIZE CAPSULE
AND POWER THE AMPLIF [ER

Fig. 3-20. The phantom powering system permits simultaneous operation of phantom-
powered d microph and dynamic or ribbon microphones.

However, if two or more inputs are shorted, the phantom voltage
may fall too low to be usable. This can happen if mike cables become
defective and one or both signal leads short to the shield. The size
of the resistors used with the phantom supply depends on the volt-
age and current requirements of the microphones to be powered.
The Neumann U87 contains a meter which indicates when the
power supplied to it by either internal batteries or a phantom sup-
ply is adequate for proper operation.

SPECIFICATIONS

The frequency range of a mike is meaningless because it is the
shape of the frequency-response curve that determines how it sounds.
Therefore, it is important to see not only how many dB plus or minus
the response is, but also to see an on-axis curve of where the
pluses and minuses occur (Fig. 3-21).

The next significant piece of data is the directional characteristic
of the mike. This is also meaningless without a frequency versus
number of degrees off-axis curve. All directional mikes have differ-
ent frequency response off-axis than they do on-axis, but the better
ones maintain the on-axis characteristics over a wider pickup angle.
The directional information is given on a circular polar pattern (Fig.
3-22), with differently coded lines corresponding to different fre-
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quencies. The ideal mike would have the same frequency response
at all angles. The diagrams are often divided into two sections and
only one-half of the polar plot is shown for each frequency so that
more frequencies can be shown without cluttering up the diagram.
It may be assumed that the curves are symmetrical around the zero-
degree axis.
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Fig. 3-21. The Shure SM53 dynamic cardioid microphone on-axis
frequency-response curve.

The next most significant specification is the output impedance.
If the mike is not connected to the proper load, the frequency re-
sponse and directional characteristics shown in the curves will be
degraded.

Next in importance are the mike sensitivity and self-noise level.
These figures determine the best signal-to-noise ratio possible with
the mike. The higher the output level, the less amplification is
needed from the preamp. Using a variable-gain preamp, gain can
be set to exactly that needed so as to not unnecessarily amplify
thermal noise. Another factor which must be considered is that if
a high-output mike is used without a variable-gain preamp, mike
pads must be available in order to prevent the preamp from being
overloaded on loud passages. So, a high-output mike is not always
better than one with lower output. The sensitivity is determined by
measuring the mike output into its rated impedance load with a
certain sound-pressure level at the diaphragm of the mike. In com-
paring the sensitivity of two mikes, they must both receive the same
sound-pressurc level at the same frequency. The most common
sound-pressure level used is 10 dynes/cm? (10 microbars) at 1 kHz,
and the rating is given in dB re 1 milliwatt (dBm). The self-noise
level is the noise level generated by the mike when no sound reaches
it. In a dynamic or ribbon mike this is the thermal noise caused by
clectrons moving in the coil or ribbon, while in condenser mikes it
is mainly due to noise in the built-in amp. For any given mike, this
noise cannot be eliminated, and it places a restraint on how good the
signal-to-noise ratio can be.
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Fig. 3-22. Polar response curves for the SM53 microphone.
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Probably the least important specification for recording use is the
level at which the mike begins to create harmonic distortion. This
is relatively unimportant because all modern mikes can withstand
very intense sound pressure without creating appreciable harmonic
distortion. The rating is usually given in dB of sound-pressure level
for 0.5% total harmonic distortion.

Typical output levels for dynamic and ribbon mikes are on the
order of —55 dBm (re 10 microbars) and —40 dBm for condenser
mikes. These levels are too low to send directly to the recording
console or tape machine, so specially designed mike preamps are
used to raise these levels. These preamps must have a very low
equivalent input noise (ei.n.) figure. The lower this figure, the less
noise will be added to the signal before it is amplified, and since
both signal and noise will be amplified, the lower the noise will be
in the final signal. The signal-to-noise ratio is the difference in dB
between the level of signal and the level of the noise. For example,
Electrodyne 1.LA602s used as mike preamps have an equivalent input
noise of —127 dBm and can be set for a fixed gain of 45 dB. If an
input signal of —55 dBm is fed into the preamp, the signal-to-noise
ratio at the input of the amp is —55-dBm signal to —127-dBm noise,
or a signal-to-noise ratio of 72 dB. At the output of the preamp there
is a signal level of —10 dBm and a noise level of —82 dBm, so that
the signal-to-noise ratio is the same. Thus, it is the level of signal
with respect to the noise at the preamp input which sets the signal-
to-noise ratio. If a 10-dB pad is used before the preamp input to
decrease the mike signal to —65 dBm, the maximum signal-to-noise
ratio would be only 62 dB. Therefore, pads should only be used
when they arc needed to prevent mike preamp overload distortion.

The signal-to-noise ratio at the preamp output can be degraded
through poor console-operating procedures. As the signal flows
through the console, it passes through several stages of attenuation,
each of which is followed by amplification. These stages are dis-
tributed ratlier than lumped together in one fader and one amplifier
to prevent noise buildup in the console. As long as the signal level
stays high enough so that the equivalent input noise of the next
amplifier is far enough below the level of the noise component al-
ready present in the signal so that its contribution to the amplifier
output is insignificant, attenuation and reamplification does not
degrade the signal-to-noise ratio. The maximum amount of attenu-
ation in dB that can be inserted between the output of amplifier 1
and the input of amplifier 2 and cause less than 0.1-dB reduction in
the signal-to-noise ratio can be computed by the following formula:

dB = Gainl — 20 dB — (e.i.l'l.2 - e.i.n.l).

As attenuation is increased beyond this amount, both the signal and
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the noise level fed to amplifier 2 decrease, but the equivalent input
noise of amplifier 2 does not. Therefore, e.i.n.. becomes a more and
more significant portion of the amplifier input signal. For example,
beginning with a 72-dB signal-to-noise ratio of —10-dBmsignal and
—82-dBm noise at the output of a 45-dB gain mike preamp, attenu-
ating by 25 dB produces a —35-dBm signal and a —107-dBm noise
level. If the equivalent input noise of the next amplifier is equal to
that of the mike preamp (—127 dBm), this is a permissible amount
of attenuation, and the e.i.n. of the next stage does not contribute sig-
nificantly to the noise level. If the gain of the next stage is set to
25 dB, the signal and noise levels are brought back up to —10 dBm
and —82 dBm, respectively. The signal-to-noise ratio is unchanged
throughout the various level changes, remaining at 72 dB (Fig.
3-23). Starting with a mike output level of —55 dBm and an equiva-
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Fig. 3-23. Good console-operating procedures do not degrade the signal-to-noise ratio.

lent input noise in the mike preamp of —127 dBm, there is a signal-
to-noise ratio of 72 dB. The mike preamp raises the level of both the
signal and the noise by 45 dB, a fader attenuates them by 25 dB, and
a booster amp raises them by 25 dB. The 72-dB ratio is maintained
throughout. Noise added by the input stage of the booster amp is
lower than the noise level at the preamp output and can be dis-
regarded. If, on the other hand, 50 dB of attenuation was used after
the mike preamp, the signal would be reduced in level to —60 dBm,
while the noise level would fall to only —130.9 dBm (the minimum
noise level possible in a circuit with frequency response from 20 Hz
to 20 kHz) rather than to —132 dBm. This noise level is added to
the —127-dBm e.i.n. of the next stage, producing a total noise level
at its input of approximately —125.5 dBm. To obtain the original
signal level of —~10 dBm, the next amplifier must have 50 dB of gain.
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This raises the noise level up to —75.5 dBm, resulting in a signal-to-
noise ratio of only 65.5 dB (Fig. 3-24). Attenuating the input signal
within 20 dB of the amount of the mike preamp gain lowers the
signal-to-noise ratio. The fader attenuates the input signal by 50 dB
to —60 dBm and tries to reduce the noise generated by the mike
preamp to —132 dBm. The theoretical minimum noise level due to
random electron motion in the audio frequency range is approxi-
mately —130.9 dBm, so the noise can only drop this far, increasing
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Fig. 3-24. Attenuating the input signal within 20 dB of the amount of the mike preamp
gain lowers the signal-to-noise ratio.

the noise level by 1.1 dB over what it should be. The —127-dBm
e.in. of the booster amp is added to the —130.9-dBm noise at the
fader output, producing a —125.5-dBm noise level at the input of
the booster amp, an additional 5.4 dB of noise. The ratio at the input
of the booster amp is —60-dBm signal to —125.5-dBm noise, or 65.5
dB, a total noise increase of 6.5 dB. There has been 6.5 dB of signal-
to-noise ratio lost because the signal was attenuated too much. By
being aware of the gain and e.i.n. figures of the amplifiers in the
console, the engineer can avoid overattenuating.

At times in a pop session it may be desirable to obtain a more
distant sound than that picked up by close miking, so distant miking
of an instrument is used to pick up some of the room sound. Place-
ment of the distant mike at a random height often results in a hollow
sound due to phase cancellation of the direct sound with the sound
reflected from the floor (Fig. 3-25). The sound reflected from the
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floor travels farther than that which reaches the mike directly. Fre-
quencies for which this extra path length is one-half of a wave-
length or an odd inteﬁer multiple of one-half a wavelength, arrive
180° out of phase with the direct sound, producing dips in the fre-
quency response of the signal at the mike output. Since the reflected
sound is at a lower level than the direct sound due to its travelling
farther and losing energy when it hit the floor, the cancellation is
not complete.

i DIRECT SOUND

SOURCE |-;—————> ————————————————— - —————— y@——

S 1 "~o v
~_ o 27
\\\ 30\3%’/
~ S '
PATH LENGTH S q‘\gc,ﬂ:/ 4
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“a prad FLOOR
\\-{// \

Fig. 3-25. A distant mike picks up both the direct sound from the source, and the
reflected sound from nearby surfaces such as the floor.

Dips of 15 dB can be produced, however. Moving the mike closer
to the floor reduces the path-length difference (Fig. 3-26) and raises
the frequency of cancellation. In the example given by Anderson and
Schulein [2], a 2.4-feet path length difference produces cancellations
at odd multiples of 233 Hz (i.e., 699 Hz, 1165 Hz, 1631 Hz, 2097 Hz,
etc.). Decreasing the path-length difference to 1.2 feet raises the
cancellation frequencies to odd multiples of 466 Hz. If the mike was
partially sunk into the floor, there would be no reflection, and, as a
result, no cancellation. In practice, a mike height of 14 to % of an
inch keeps the lowest cancellation frequency above 10 kHz.

Placing the mike close to the reflecting surface also increases its
output by 6 dB. Experiments in the reference have shown that can-
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Fig. 3-26. Moving the distant mike toward the reflecting surface decreases the difference
in path length and raises the lowest frequncy of cancellation.
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cellations are a problem whenever mike-to-source distance is greater
than one or two times the distance of the source to the reflecting
surface. Surfaces such as a carpeted floor or the absorbent walls of
a recording studio reduce the intensity of the reflected sound,
thereby reducing the effect of the cancellations.[2]

PHASING

Stereo effects can be produced by using two microphones to pick
up the same sound source, with one mike either located slightly
farther away than the other or with each mike picking up the differ-
ent timbres produced at different places on the instrument, such as
over the bridge and over the hole of an acoustic guitar. Care must be
taken in the use of two or more mikes on the same sound source to
be sure that they are in phase with each other. If they are not, fre-
quency cancellations will occur which reduce the volume and change
the sound character. In the case of out-of-phase mikes placed left
and right in a mix, a mono listener (over a car radio for example)
will hear very little of the instrument, while a stereo listener will
hear the desired balance. A simple check for phase is to assign the
output from both (or all) of the mikes to one speaker and listen for
drastic changes in the sound.

If one or more mikes is 180° out of phase with the others, the
problem is usually in the miswiring of a mike cable (assuming the
studio equipment was properly checked for phase integrity when
wired up) and can be solved by either replacing the cable with a
good one, using a phase reversal transformer, reversing the phase
in the console (sometimes available through a switch on the input
module) or if the mike is bidirectional, rotating the mike so that
the rear of it picks up the signal. Other phase problems can be
caused by using too many mikes near each other, where each picks
up some of the sound picked up by the others. The different path
lengths from source to mikes result in different phase relationships
between the microphone outputs for the same sound. If these are
combined at any point, cancellations occur producing severe dips in
the frequency response of the signal. A rule of thumb to avoid phase
cancellation in stereo miking is to make sure that the distance be-
tween either mike and the source is at least three times greater than
the distance from mike to mike. Phase cancellation can also occur
due to leakage of a sound source into the mike intended for another
source if the mike outputs are combined. If the leakage amounts to
less than 9 dB, the cancellation will be negligible. To check for this,
have sound source 1 stop playing while sound source 2 continues.
The level read on the VU meter connected to mike 1 should drop
by at least 9 dB. If the distance between the two mikes is made at
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1
@
= Fig. 3-27. Bidirectional mikes set at 90°

@ angles to each other.

least three times the distance between each mike and its intended
source, at least 9 dB of separation will always be achieved.

While cardioid and supercardioid mikes are most commonly used
for multitrack recording to achieve separation between instruments,
there are times when this goal can be better achieved by a bidirec-
tional mike. While front-to-back discrimination in a cardioid mike
may be better than 20 dB at lower frequencies, this may dcteriorate
to less than 15 dB above 3 or 4 kHz. In a bidirectional mike, how-
ever, sounds 90° off-axis are effectively cancelled for all frequencies,
maintaining a better than 20-dB figure throughout the audio range.
Thus a group of four vocalists can stand in a circle around two bi-
directional mikes set at a 90° angle to each other, so that they can -
see and hear each other well, and the engineer will have control over
the level of the two singing into each mike independent of the level
of the two singing into the other mike (Fig. 3-27). As another ex-
ample, the engineer might want to have separate control over the
level of two cymbals which are on either side of a tom-tom in a
drum set. By placing a bidirectional mike so that its front and rear
face the two cymbals and its dead side aims at the tom-tom, he can
effectively isolate the cymbals.

MIKE 1 MIKE 2
ourpUT QuTPUT

Fig. 3-28. Connecting two microphones in
series. Pin 1 is ground, pin 2 is the high
signal output, and pin 3 is the low
signal output.

COMBINED SIGNAL OUTPUT
TOMIKE PREAMP
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DIRECTIONAL CHARACTERISTICS
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Fig. 3-29. The Sennheiser MD421 microphone.

In a large recording session, the engineer may need to use more
microphones than the number of inputs provided on his console.
This problem can be solved by connecting several microphones in
series and treating them as one mike (Fig. 3-28). The input fader
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Fig. 3-30. The Sony ECM-22 electret condenser microphone.

will control the level of the mikes equally, so that the balance be-
tween them must be set by physically moving them in relation to
the instruments. Series connection works best when miking a num-
ber of the same instruments, such as violins, using the same model
microphone so that the tone from each instrument is the same and

»
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Fig. 3-32. The Sony C-500 condenser microphone.

the inability to EQ the mikes separately is not a problem. The mikes
must be in phase with one another to be used in series, or severe
frequency cancellation will occur if their pickup patterns overlap.
Mikes should not be connected in parallel because the low im-
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Fig. 3-33. The Neumann U87 condenser microphone.
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Fig. 3-35. The Electro-Voice RE-20 dynamic cardioid microphone.

pedance of one of them would overload the output of the other,
causing distortion, loss of level, and poor frequency response.

MICROPHONE CHOICE AND PLACEMENT

Charts 3-1 and 3-2 are presented as initial guidelines to mike
choice and placement, but, as this is a matter of individual taste, ex-
perimentation and experience will suggest additional approaches.
Figs. 3-29 through 3-36 show several of the microphones used in
the recording studio and their response curves.
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Chart 3-1. Common Miking Techniques
DRUM SET
1. Two mikes hung over the drums, one on the left side and one on the

[+ 0 ]

[P N ]

right side to obtain a stereo effect.

. Use a separate mike for each drum with the tom-tom mike high enough

to pick up the cymbals and the snare mike high enough to pick up
the hi hat.

. Same as item 2 using a separate mike for the hi hat.

BASS DRUM

. Remove the front head of the drum and place the mike inside the

drum, off center. There are more overtones to the sides of the drum
than in the center.

- Place the mike off center at the rear (foot pedal) side being careful

that any squeaks from the pedal are not picked up.
SNARE DRUM

. Aim one mike at the top head.
. Mike the top and bottom heads with separate mikes. The bottom mike

gives the snare sound extra snap.

ACOUSTIC GUITAR

. Place the mike behind the bridge.
. Place the mike over the neck where it joins the body of the guitar.
. Aim the mike into the hole of the guitar.

GRAND PIANO

. Place the mike near the hammers at the center of the keyboard.
. Place the mike at the center of the piano where the high and middle

register strings are attached.

. Place the mike at the rear of the piano where the bass strings are

attached.

. Hold the piano lid open using the long stick and place the mike at a

distance from the piano aiming at the bottom of the lid.

- Remove the lid from the piano and suspend the mike directly over the

piano center.
UPRIGHT PIANO

. Place a mike behind the sound board.
. Place a mike over the open top of the piano.
. Place a mike inside the piano.

HORNS

. Place the mike close to the bell watching out for wind noise.
. Place the mike two to three feet from the bell for a fuller sound.

VIOLIN AND VIOLA

. Place the mike several feet above the instrument.
. Place the mike close to the instrument aiming at the F-holes for a

scratchier “fiddle” sound.
CELLO AND BASS FIDDLE

. Place the mike over the bridge for a brighter sound.
. Aim the mike into the F-hole for a fuller sound.
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Chart 3-1. Common Miking Techniques—cont

ELECTRONIC AMPLIFIER

. Aim the mike at the center of the speaker cone for a bright sound.

. Mike the speaker off center for a fuller sound.

. Place the mike on the floor at a distance from the amplifier for a fuller
sound.

W =

LESLIE SPEAKER

. Aim a mike into the top louvres only.

. Aim separate mikes into the top and bottom louvres.

. Place the mike about six feet away at the height of the Leslie. The
rotating speaker reduces phase cancellation due to reflection from the
floor. Better sound is obtained by placing the mike on a side of the
Leslie that has louvres rather than the back.

VOCALIST

1. Placing a mike one inch or less from the vocalist’s mouth produces a
“present” breathy sound.

2. Placing the mike between one and six inches from the vocalist reduces
breath noise and crackling from the vocalist's mouth.

VOCAL CHORUS

1. Place a mike six to eight feet from the chorus.
2. Divide the chorus into several small groups and mike each group sepa-
rately at a distance of one or two feet.

OBOE, CLARINET, AND FLUTE

Place a mike over the finger holes.
TYMPANI
Place a mike eight to twelve feet from the instrument.
PERCUSSION INSTRUMENTS
Place a mike two to six feet away.
ORCHESTRAL BELLS, XYLOPHONE, VIBES

Place a mike four to six feet above the keyboard.

Wb =
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Chart 3-2. Common Mikes Used for Instruments

PIANO: U87, KM84, ECM22, RE15, SM53.
BAN]O, GUITAR, DOBRO: U87, KM84, ECM22, C451, SM53, C37.
BASS DRUM: US87, D24, 546, 666, 77-DX.

SNARE DRUM: C451, MD421, KM84, SM53, REIS.

OTHER DRUMS: MD421, SM53, US87, RE15, U67.

CYMBALS: U87, KM84, C451.

HORNS: U87, 77-DX, C37, SM53, U67, U47.

STRINGS: U87, C451, KM84, RE-20, D202.

LESLIES AND AMPLIFIERS: U87, RE15, SM53, 546, MD421, D202.
PERCUSSION: U87, RE15, SM53.

VOCALS: U87, U67, U47, SM53, RE-20, RE-16, D202.

BELLS AND CHIMES: U87, KM84, ECM22, C451.

The above microphones are made by the following manufacturers:

AKG: C451, D202, D24.

Electro-Voice: 666, RE-15, RE-16, RE-20.
Neumann: U47, U67, U87, KMS84.

RCA: 77-DX.

Sennheiser: MD421.

Shure: SM53, 546.

Sony: C37, ECM22.




CHAPTER 4

Magnetic Tape Recording

All of the work in the recording studio makes use of the magnetic
tape recorder. The ideal recorder would be a memory bank of per-
fect accuracy with an unlimited capacity for storing separate groups
of information in a constant time relationship. The ideal recorder
must be able to store the sounds heard in the monitor speakers so
that they can be played back at a later date, exactly re-creating the
sounds heard from the mikes. Magnetic tape is at present the ac-
cepted and the most practical means to approach this ideal. It has
advantages over direct recording onto discs in that multitrack for-
mats, editing, and overdubbing are possible.

The theory of tape recording is based on relating physical lengths
of magnetic tapc to periods of time (Fig. 4-1). By playing back
each section of a length of tape at the same speed at which it was
recorded, the original rhythm and duration of each sound and the
spaces between sounds are preserved. The best way of ensuring that
the time spectrum remains unchanged whenever the tape is played
is to record and play it back at a constant speed.

PROFESSIONAL AUDIO RECORDERS

All professional audio recorders must perform the same functions
and differ only in layout, specifications, and the labeling of their
controls. The Ampex AG440 8-track transport is shown in Fig. 4-2.
The transports for the 1-, 2-, and 4-track AG440s are identical to
this with the exceptions that the reversing idler at the center of the
transport is not present, different reel locks are used, and the tape
guides are reversible to accommodate either ¥4- or 3%-inch tape.
The features are labeled as follows: (A) Supply reel: (B) Take-up
reel. (C) Reel lock. (D) Capstan. (E) Capstan idler. (F) Safety
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Fig. 4-1. Magnetic tape recording equates lengths of tape to periods of time.

switch. (G) Headblock. (H) Inertia idler. (I) Reversing idler (8-
track version only ). (J) Tape guide. Moving the tape at a constant
speed is the main function of the transport which is actuated by
pushing the play button. The stop button stops the motion of the
tape by applying the brakes to the left and right turntables and by
disengaging the constant-speed drive, so that the tape remains at
the spot where it was stopped. The fast forward and rewind buttons
engage the tape lifters to lift the tape off the heads and move the
tape rapidly in either direction to find particular selections. The
record button enables signals to be recorded on the tape once the
constant-speed drive mechanism is engaged.

D

!

o1e.818 |18~ @°@000 Ol

Courtesy Ampex Corp.

Fig. 4-2. The transport of an Ampex AG440 B-track recorder using one-inch wide tape.
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The edit button (AG440 only) has three modes of operation:
stop-edit, play-edit, and fast-edit. When the edit button is pushed
while the transport is in the stop mode with the safety switch on,
the left and right turntable brakes are partially released, and the
safety switch is bypassed so that the tape may be moved easily from
reel to reel by hand without the safety switch reapplying the brakes
if it is allowed to fall. If the edit button is pressed while the trans-
port is in the play mode, the takeup turntable motor is disengaged,
and the safety switch is again bypassed. This enables the tape to be
played off the transport into a wastebasket to remove unwanted
material from a reel, while enabling the operator to hear what is
being disposed of. Pressing the edit button in either of the fast for-
ward or rewind modes drops the tape lifters for as long as the button
is pressed, in order to allow the operator to hear the tape at fast
speed to find the beginning and/or the end of selections.

The safety switch initiates the stop mode if allowed to fall due to
tape running out or breaking, except when defeated by the edit
function. It also acts as a tape tension arm to take up the slack when
tape motion is initiated.

The capstan and the capstan idler (often called the puck or pinch
roller) work together to move the tape. The capstan is rotated by a
motor which turns at a constant speed. When the play button is
pushed, the capstan idler presses the tape against the capstan, and
capstan rotation pulls the tape past the heads. The take-up turntable
motor is slightly energized so that it will turn and take up the tape
that is pulled to its side of the capstan. If this was not done, the
tape would get tangled around the capstan or fall on the floor. At
the same time, the supply turntable exerts a force called holdback
tension, which acts against the pull provided by the capstan. This
provides tension on the tape as it passes the heads to assure good
tape-to-head contact. The inertia idler to the left of the headblock
is attached to a heavy flywheel and helps eliminate variations in the
tape speed due to friction caused by the tape scraping against the
supply-reel flanges or being wound unevenly on the supply reel.

The transport system used by Ampex (also by Scully, Crown,
Studer, and others) is called an open-loop system and requires
holdback tension to maintain tape-to-head contact. Another system
used by some manufacturers, such as 3M, is called a closed-loop or
differential capstan drive system. Figs. 4-3A and B show the loca-
tions of the drive parts. (A) Tape guide. (B) Incoming capstan
idler. (C) Outgoing capstan idler. (D) Capstan. (E) Erase head.
(F) Record head. (G) Reversing idler. (H) Playback head. (1) Tape
lifter. (J) Head shield. (K) Tape sensor lamp. In this system, the
tape is pulled out of the head block faster than it is allowed to enter.
The entrance and exit of the tape from the head block is controlled
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2l

(B) Side view,

Courtesy Mincom Division, 3M Co.

Fig. 4-3. The closed-loop tape drive system used by 3M in their Mincom Division tape
machines (dress covers removed).

either by two separate capstans with different diameters or by one
grooved capstan with two pressure rollers which mate with oppo-
site grooves in the capstan (Fig. 4-4) so as to provide the same
effect as two capstans with different diameters. The phenomenon of
removing tape from the head block faster than it is allowed to enter
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FRONT VIEW

A—>

INCOMING CAPSTAN IDLER

——REVERSING IDLER

TOP VIEW

Courtesy Mincom Division, 3M Co.

Fig. 4-4. Diagram of the capstan and capstan idlers used in 3M’s “lIsoloop’ tape drive.
The grooves make the incoming tape see a smaller capstan diameter than the out-
going tape.

creates the necessary tension of tape against the heads and is possi-
ble due to the ability of the tape to stretch by as much as 5% before
permancnt deformation takes place. The amount of stretch caused
by closed-loop designs is well within this tolerance.

Advantages of the closed-loop design are:

1. Tape tension remains constant throughout the reel, whereas in
the open-loop system without additional tape tension sensors,
holdback tension (and as a result overall tape speed) changes
from one end of the reel to the other as the diameter of the tape
pack on the supply reel changes. This prohibits the splicing
together of a piece of music recorded partially at the head of a
reel and partially at the tail, for a pitch change would be no-
ticeable at the splice. Newer machines, such as the Studer A80
and the Ampex MM1100, have tape tension-sensing arms which
adjust the takeup and holdback tensions so that tape tension
remains constant throughout the reel.

2. The dual-capstan/pinch roller design isolates the tape passing
over the heads from the reels better than an inertia idler can.

3. The unsupported tape length in the closed-loop system is
shorter, reducing scrape flutter.
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Scrape flutter is the vibration of a piece of tape in the direction of
tape length due to its passing across the head. It is very much like
the cffect of bowing a violin string except that the bow (head) is
stationary and the string (tape) moves. The shorter the unsupported
tape length, the higher the flutter frequency until it is above audi-
bility. To reduce the scrape flutter effect, Ampex includes scrape
flutter idlers (Fig. 4-5) on both sides of the record head to shorten
the unsupported tape length to an acceptable value.

Courtesy Ampex Corp.

Fig. 4-5. An Ampex MM1000 8-channel recorder illustrating the tape path. One scrape

flutter idler can be seen immediately to the right of the erase head, and the other im-

mediately to the right of the record head. The narrow rods to the right of the scrape
flutter idlers are the tape lifters.

Almost all professional recorders have three tape heads: the
erase head, the record head, and the playback head. The erase head
wipes out any signals that were previously recorded on the section
of tape passing it so that a new signal can be recorded. This allows
recording on the same piece of tape many times. The erase head is
only energized in the record mode. The record head converts the
electrical energy of the signal fed to the recorder input into mag-
netic energy which can be stored on magnetic tape. The playback
or reproduce (repro) head converts the magnetic energy stored on
the tape back into electrical energy which can be amplified and
used to drive speakers.



MaceneTic TAre ReEcomrbpING 79

If magnetic tape was a linear medium, the function of recorder
electronics would be simple. Unfortunately, there is a discrepancy
between the amount of magnetism applied to a piece of tape and
the amount of magnetism retained by the tape after the magnetizing
force is removed. The magnetism retained is called remanence and
the greater the remanence of one tape with respect to another, the
higher its output will be for the same applied magnetic recording
force.

MAGNETIC TAPE

Magnetic tape is composed of a base material such as Mylar (i.e.,
polyester) or acetate, covered with a magnetic oxide. The base is
present merely as a means of holding the magnetic oxide and plays
no direct role in the recording process. The molecules of the mag-
netic oxide form regions called domains. These domains are the
smallest known permanent magnets. On an unmagnetized tape (Fig.
4-6A), the domains are oriented in random directions so that the

DOMAINS
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Fig. 4-6. Fields of domains on unmagnetized and magnetized tape.

north and south poles cancel each other out, leaving an average
magnetic force of zero at any point on the tape. The individual
magnetic fields are always present, however. When the tape is re-
corded, the individual domains are lined up in such a manner that
their magnetism combines to produce a nonzero average magnetic
force at the surface of the tape (Fig. 4-6B).

THE RECORD HEAD

Fig. 4-7 is a diagram of a record head. Current flowing through
the coils of wire wrapped around the pole pieces creates a magnetic
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force which flows through the pole pieces to the gap. Magnetic
force, like electricity, flows easier through some mediums than
others. In cleetricity the amount of opposition to the flow of elec-
tric current is called resistance. The magnetic counterpart to current
is flux, and the amount of opposition to the flow of flux is called
reluctance. Since the magnetic oxide of the tape offers a lower re-
luctance path to the flux than the nonmagnetic material in the gap
between the pole pieces, the flux flows from one pole piece through
the tape to the other pole piece. The electrical signals fed to the
record head are alternating currents and are therefore constantly

— DIRECTION OF TAPE MOTION
ZEETIRN,— MAGNETIC FLUX

POLE 7 3
PIECE - —— TRAILING EDGE OF GAP

‘_ POLE PIECE

\J
(23
>
o
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I - ‘L \ REAR GAP {NOT USED)

CURRENT AND FLUX
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L —|

Fig. 4-7. A record head.

changing in amplitude. As a result, the flux produced by the head
is constantly changing. Since the recording gap has a certain length
(measured in the direction of tape travel), a small section of tape
can be magnetized to several different polarities and intensities as it
passes the gap. The tape retains the last magnetic polarity and in-
tensity orientation it receives before it leaves the gap. For this rea-
son, the actual recording is said to be done at the trailing edge of
the record head, with respect to the motion of the tape.

THE PLAYBACK HEAD

The playback head (Fig. 4-8) is constructed similarly to the record
head. When the magnetic flux on the tape passes through the gap, it
induces a changing magnetic flux in the pole pieces. This flux cuts
through the coils and induces a current in them, which can then be
amplified. The flux flowing through the pole pieces of the playback
head is a function of the average state of magnetization of the tape
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Fig. 4-8. A playback head.

spanning the head gap at any given time. The electrical output of
the head is proportional not only to the average magnitude of the
flux, but also to its rate of change. If the tape was magnetized in only
one direction with the same average magnetism at each point, there
would be flux in the pole pieces but no output from the head wind-
ings. The rate of change of the magnetism on the tape increases as a
direct function of the frequency of the recorded signal, so the play-
back head output is dependent on the recorded frequency even
though the tape is magnetized to the same degree for each frequency.
The output voltage of the head is proportional to

Ad
At
where, (Eq. 4-1)
A¢ is a change in the average value of gap flux.
At is the time interval required for A¢.

Since the playback head output is directly proportional to the
frequency recorded, the output of the head doubles for each dou-
bling of the frequency on the tape (Fig. 4-9). In terms of dB, this
means that the output of the head rises 6 dB (2 times the voltage
where dB =20 log V,/V:) for each octave (2 X frequency of the
recorded signal).

In addition to this change in output with frequency, the size of
the playback head gap is a factor in determining the frequency re-
sponse of the head. The head responds to the average value of mag-
netization in the gap, but as the frequency increases, more and more
of a complete cycle falls inside the gap at any point in time. Since a
sine wave has both positive and negative values, the true average
magnetic flux in the gap decreases when more than half a cycle is
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Fig. 4-9. The output of a playback head rises with frequency until the wavelength of the
recorded signal approaches the gap length.

spanned. If the gap is spanned by exactly one cycle of a signal (i.e.,
a north magnetic field and a south magnetic field of equal intensity),
the opposing fields cancel, and the average magnetization in the gap
is zero, resulting in zero output from the head at that frequency
(Fig. 4-10).

The upper frequency limit of the playback head is determined
both by the length of the gap and by the speed of the tape. As the
wavelength of a signal becomes less than twice the gap length, the
output of the head decreases until there is no output at all when the
wavelength equals the gap length. The wavelength of a signal on
tape is equal to the speed of the tape divided by the frequency of
the signal. For example, at 15 ips, one cycle of a 15-kHz tone takes
up 0.001 inch of tape, while at 7% ips it takes up 0.0005 inches.
Thus, the faster the tape speed, the higher the upper frequency limit

AMPLITUDE OF RECORDED
SIGNAL FLUX

Fig. 4-10. The recorded wavelength is
equal to the gap length, so the head
produces no output.

GAP LENGTH
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of any playback head because the recorded wavelengths get longer
at higher speeds. Similarly, the smaller the gap, the higher the fre-
quencics that can be reproduced. Unfortunately, reducing the gap
length to cxtend high-frequency response has the drawback that the
average magnetism within the gap eventually decreases to the point
where the output from the head is too low for a good signal-to-noise
ratio. A compromise must be made between gap length, tape speed,
and frequency response. Most present recorders use gaps between
0.00025 inch and 0.000038 inch long.

EQUALIZATION

To achicve flat frequency response with magnetic tape, equaliza-
tion (EQ) is used both in the recording and plavback electronics.
Equalization is a term used to denote the changing of the relative
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Fig. 4-11. The basic EQ used for magnetic recording.

amplitudes of different frequencies. The tone controls on a hi-fi sys-
tem are an example of one type of EQ. Tape playback equalization
boosts the low frequencies to compensate for the 6 dB per octave
decrease of output as the reproduced frequency decreases (Fig. 4-
11), while the record equalization boosts the high frequencies to
compensate for the loss of some high-frequency cenergy by self-
erasure.

Self-Erasure

Self-erasure occurs after the trailing edge of the record head and
is the result of the formation of a secondary gap between the tape
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Fig. 4-12. High frequencies are partially erased by the flux induced in the self-erasure
gap by high frequencies and by the bias current.

and the head as the tape leaves contact with the head. The flux gen-
erated in this gap by high-frequency signals and the bias current
erases some of the recorded high frequencies the same way that an
erase head erases a signal (Fig. 4-12). The bandwidth of the re-
cording system is limited by the self-erasure of short wavelengths at
the high end and by the signal-to-noise ratio at the low-frequency
end. As the playback head output becomes very low, more amplifi-
cation is necessary to bring it up to the same level as the higher fre-
quencies, and, with enough amplification, the noise level of this
playback amplifier becomes objectionable.

Bandwidth

The effective bandwidth for magnetic tape recording is about 10
octaves. The bandwidth refers to the frequency spectrum between
the upper and lower cutoff frequencies. These are the frequencies on
either side of the spectrum which are 3 dB lower than the center of
the frequency spectrum; that is, they have 1% the power of the
other frequencies (Fig. 4-13).

Bias Current

As mentioned before, the magnetization curve of magnetic oxide
is not linear except between points A and B, and C and D as shown
in Fig. 4-14A, thus a method of reducing the distortion is needed.
The method used involves mixing a certain amount of high-fre-
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Fig. 4-13. A frequency-response curve with a 20-Hz lower cutoff frequency and a 20-
kHz upper cutoff frequency.
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Fig. 4-14. lllustrating effect of biasing on recording linearity.

quency current with the signal to be recorded. This current is
called the bias current and must be several times the highest fre-
quency to be recorded to prevent beats from being generated be-
tween it and harmonics of the input signal. In the Ampex recorders,
the bias frequency is 150 kHz; in other brand machines the fre-
quency is different.

The bias current is mixed linearly with the audio signal so that
there is no modulation of either frequency by the other. The bias
signal moves the audio signal away from the nonlinear zero cross-
over point of the magnetization curve onto the two more linear por-
tions of the curve (Fig. 4-14B). The bias signal itself becomes dis-
torted by the magnetic properties of the tape, but since its wave-
length is much shorter than the length of the playback head gap, it
produces no output from the head.
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The amount of bias current used is very crucial and varies with in-
dividual record heads and different types of tape. The bias setting
affects the-—sensitivity- of tape-both at high and low frequencies_as
well as affecting the overall frequency response, distortion, output
level, and signal-to-noise ratio.

Erasure

The erase head is fed the bias current at a higher level than the
record head so that the tape is saturated alternately in both the posi-
tive and negative directions. Saturation is the point where the tape is
completely magnetized in one direction, so that additional increases
in magnetizing force do not cause additional increases in the mag-
netism retained by the tape. This alternate saturation destroys any
magnetic pattern that might previously have been on the tape. As
the tape moves away from the erase head, the intensity of the mag-
netic field decreases so that the degree to which the tapc is mag-
netized in each direction also decreases until the domains are left
in a random orientation, and the average magnetism is zero.

RECORDING CHANNELS

Each channel of the recorder is identical to the others on that
machine, and there are only a few minor changes between the elec-
tronics on the AG440 and the MM1000. The VU meter reads the
approximate rms amplitude of either the signal being played back
from the tape, the signal being applied to the channel input, or the
bias current applied to that record head, depending on which posi-
tion (repro, input, or bias, respectively) the OUTPUT SELECTOR switch
is in (Fig. 4-15). In the repro position (Fig. 4-16), the signal played
back from the tape is fed to the output of the machine and can be
monitored. In either the input or bias position, the signal fed to the
input of the machine is passed through the amplifiers and then fed
to the output of the machine for monitoring. The reason for this
arrangement is to allow the engineer to monitor what is being fed
to the machine, both with the VU meter and by listening to the pro-
gram, without having to record the program. This enables him to set
the record level properly so that the signal is neither distorted by
driving the tape into the saturation region, nor hidden by tape noise
due to being recorded at too low a level.

By switching back and forth between repro and input while re-
cording, the signal just recorded on the tape and played back by
the playback head can be compared with the signal being applied to
the record amplifier to make sure that the quality has not deteriorated
due to any malfunction of the machine or the tape. Switching this
control does not affect the recording. On newer MM1000s, the output
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Courtesy Ampex Corp.

Fig. 4-15. One channel of electronics for an MM1000 or an AG440 with the plug-in
bias, record, and reproduce amplifiers removed.
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Fig. 4-16. A simplified block diagram of a single channel of AG440 electronics.
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selector switch has been relabeled NnorMAL, seTuP, and BIAs, with
relays added to control output from each channel individually de-
pending on whether that channel is recording or playing back. Table
4-1 illustrates the different modes of these switches and relays.

Table 4-1. MM1000 Monitor Switching

Master Play/Sync Switch on Play

Channel Output Signal in
Channel Selector Output Selector Stop Mode Play Mode Record Mode
Record Normal Input PB head Input
Record Set up Input Input PB head
Nonrecord Either PB head PB head PB head
Sync Either Sync head Sync head Sync head

Master Play/Sync Switch on Sync

Channel Output Signal in

Channel Selector Output Selector Stop Mode Play Mode Record Mode
Record Normal Input Sync head Input
Record Set up Input Input PB head
Nonrecord Either Sync head Sync head Sync head
Sync Either Sync head Sync head Sync head

The rRECORD LEVEL control adjusts the intensity of the signal actu-
ally recorded on the tape, while the REPRODUCE LEVEL control adjusts
the volume of the playback signal. The saFE/READY switch prevents
that channel from entering the record mode in either the safe or the
sel sync position. In the ready position, the channel will go into the
record mode (bias applied to the record head and erase head) when
the master record button is pushed, assuming that the transport is
already in the play mode. The necessity of pushing both the play
and the record button to turn on the bias is a safety feature included
to prevent accidental erasure of tracks. On the AG440, the master
record button will initiate the record mode on all ready channels at
any time after the play button has been pressed, while on the
MM1000, the play and record buttons must be pressed simulta-
neously to initiate record even though the transport may already be
in the play mode. The amber READY LiGHT is a warning light to indi-
cate that that channel is in the READY TO RECORD position. In the sel
sync position, the record head is connected to the reproduce ampli-
fiers and, since it is similar in design to the repro head, can be used
to play back the tape.
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SELECTIVE SYNCHRONIZATION

The use of the sel sync (Ampex trade name for the sync or over-
dub position, short for selective synchronization) arises from a need
to hear previously recorded tracks while simultaneously being able
to record another signal in sync with them on the same piece of tape.
This process is called overdubbing. If sel sync is not used and this
is attempted, the previously recorded signal is heard played back
by the repro head, while the new signal is recorded on the record
head. The object of overdubbing is to be able to play these signals
back together so that they sound like they were performed simul-
taneously. If sel sync is not used and the signals are now played
back, the original track would be heard first with the overdubbed
track lagging it by a time equal to the distance (d) between the re-
cord and playback heads, divided by the tape speed (Fig. 4-17).

RECORD HEAD PLAYBACK HEAD
Rack1l | [R] 7]
wack2 | [R] | a3
_ TAPE
TRACK 1 x MOTION
= TRACK?2 : '
AP~ : :
1

)
‘- d

1 1
Fig. 4-17. If an overdub is attempted without the use of sel sync, the signal on track
two will lag the original signal by a time equal to the distance (d), divided by the
tape speed.

To prevent the overdubs from lagging the original tracks, the orig-
inal channels are put into the sel sync mode so that they are played
back through their record heads. When the new signal is recorded,
it is recorded directly above or below the basic tracks, and when the
entire tape is played back through the playback head, the overdub
is in sync with the basic tracks.

On most recorders the frequency response of the signal played
back in the sel sync mode is not as good as that played back
through the repro head, especially in the low and high frequencies,
because each head is optimized for its function. The signal is good
enough, however, to be used to cue the overdubs. On the MM1000,
an additional circuit has been added to improve the sel sync fre-
quency response so that the difference in frequency response be-
tween the record and the reproduce heads is less noticeable. Other
recorders, such as the Studer A80, have separate playback equali-
zation for the sync position, and the Ampex MM1100 has record
and playback heads of similar design so that sync response closely
matches playback response using the same EQ.
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On the back panel of the electronics is a SEL SYNC GAIN CONTROL
which enables sel sync playback to be set to the same level at 700 Hz
as normal playback so that no level changes need be made when
switching from one to the other. Below this control is a SEL SYNC Rias
TRAP adjustment. This control is set for each channel so that the bias
signal being recorded on a track, which leaks into an adjacent head
used for sync playback, is removed before reaching the playback
channel output by a tuned LC circuit (Fig. 4-18). The bias leakage
would be inaudible, but it can overload amplifiers following the re-
corder and would cause a false indication on the VU meter of the
channel in sync if not removed. These two back-panel controls sel-
dom need adjustment once they are set unless the heads are re-
placed.

RECORD SEL SYNC
HEAD BIAS TRAP
BIAS FLUX
LU\ 5 il PLAAYni::CK VU METER
I~ H
[+ AT

Fig. 4-18. The sel sync bias trap.

CALIBRATION

Since the sensitivity, output level, bias requirements, and fre-
quency response of different brands of tape vary considerably, the
record level, playback level, bias current, record EQ, and playback
EQ, are all variable. The procedure used to set these controls is
called electronic alignment or calibration. In most studios this is
done the first thing in the morning for each machine. The alignment,
however, is good only for one particular type of tape and one par-
ticular set of heads. If either the type of tape or the head block is
changed, the machine must be realigned. As a check on the total
performance of the recorder, however, it is good practice to check
the alignment of the electronics on each machine to be used just
before each session. In this way broken wires, defective components,
and other obstacles to good recording are discovered before they
ruin a good take. The alignment procedure seems complicated, but
once learned it usually takes less than ten minutes to complete.

Alignment is done with reference to an NAB (National Associa-
tion of Broadcasters) standard playback alignment tape. This tape
is available from Ampex, Standard Tape Laboratories, and others,
in Y4-inch, Y-inch, 1-inch, and 2-inch tape widths and is recorded
full track. That is, the signal is recorded on the full width of the tape
so that the signal is in phase at all of the gaps on an ideal multitrack
playback head.
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Fig. 4-19. Some track configurations available for magnetic tape recording.

HEAD AND TRACK CONFIGURATIONS

Several head and track configurations are available for each tape
width. For -inch tape, the most common ones are full track
(mono), two-channel, two tracks (often called half track or half-
track stereo), and two-channel, four tracks (often called quarter
track or quarter-track stereo) (Fig. 4-19).

Full- and half-track heads are used for professional work because
the greater recorded track widths produced by them enable the
tape to retain more magnetism and produce a higher output, re-
sulting in better signal-to-noise ratios. The wide recorded tracks
are also less sensitive to dropouts than narrow tracks.

Quarter-track heads are used in consumer reel-to-reel tape re-
corders because they double the available stereo recording time, as
compared to half-track stereo heads, saving the consumer the cost of
a second reel of tape. Two tracks are recorded in one direction (Fig.
4-20A ), the tape is flipped upside down, and recording is continued
on the other two tracks with the tape moving in the opposite direc-
tion (Fig. 4-20B). If this were done with half-track stereo or full-
track heads, the program recorded in the first pass of the tape would
be erased during the second pass.

Since proper playback of the recorded information depends on
using heads of the same configuration to record and play back the
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Fig. 4-20. The quarter-track stereo configuration.

tape, studios use quarter-track heads to produce copies of tapes for
clients to listen to on consumer-type tape machines. The original
full- or half-track tapes are used to produce the discs or tapes that
are sold in the record stores.

Guard bands of unrecorded tape are left between the tracks to
prevent cross talk. The width of the bands is only slightly less than
the recorded track width, as can be seen from Fig. 4-19. Track
widths are also available for recording three and four channels on
Yo-inch tape, eight and twelve channels on 1l-inch tape, and sixteen
channels on 2-inch tape. Twenty-four track heads also use 2-inch
tape by reducing the track and guard band widths of the sixteen-
channel configuration to the figures used for recording twelve chan-
nels on l-inch tape.

TAPE SPEEDS

Several different tape speeds are used in the studio. Most work is
done at 15 ips because this speed allows all audio frequencies to be
recorded at full level without saturating the tape and produces a
good signal-to-noise ratio. In addition, this speed spreads out the
recorded signals far enough apart for easy editing. Consumer hi-fi
tape machines move tape at 7% ips in order to save tape. As a re-
sult, most Y4-inch studio recorders operate at both 15 and 7% ips
so that copies can be made for clients at the proper speed. The 7%
ips produces too much of a compromise in signal quality for use in
recording multitrack master tapes, so 30 ips is sometimes available
as a second speed. Recording at 30 ips produces a signal-to-noise
ratio increase of about 3 dB as compared to 15 ips, as well as in-
creasing the resolution of the recording by doubling the length of
tape corresponding to a particular time interval. This results in bet-
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Fig. 4-21. Comparison of high-output, low-noise tape with regular low-noise tape.

ter transient response. The 15-ips recording is more prevalent than
the 30 ips because all professional studios have 15 ips capability,
while not all of them have the 30-ips speed, limiting the inter-
changeability of 30-ips tapes. In addition, many people feel that the
improvement in sound quality does not justify the doubled tape
costs, especially when some studios offer noise reduction devices at
no extra charge which are capable of improving the signal-to-noise
ratio of 15-ips tapes by 10 to 30 dB.

Playback alignment tapes are available in several different speeds
and track configurations. Each speed has a different set of test tones
recorded at specific levels and at specific frequencies. The 15-ips
Ampex tape begins with a 700-Hz tone recorded at standard operat-
ing level. All other tones are recorded in relation to this level so that
when played back through a 15-ips NAB equalizer, all tones read
the standard operating level. The NAB EQ compensates for the
6 dB per octave decrease in playback head output as frequency falls.
The playback level control on each channel is set to produce the
reference level at 700 Hz, which is 0 VU for use with regular tape
and —3-dB VU for use with high-output, low-noise tapes such as
Scotch 206/207 and Maxell UD50/UD35. The playback level con-
trol is set 3-dB lower when recording on these tapes because they
can retain 3-dB more signal (Fig. 4-21A) before saturation occurs
than regular tapes can. Setting the repro level for —3-dB VU with
the alignment tape requires that the record level be boosted 3 dB
during the record adjustments to obtain a 0-VU output level. The
more playback gain is used, the more tape noise is produced. Be-
cause the same output and distortion level are obtainable from these
tapes with less playback gain, a better signal-to-noise ratio results
(Fig. 4-21B).

After the 700-Hz tone are tones of 15, 12, 10, 7.5, 5, 2.5, 1 kHz, and
500, 250, 100, 50, and 30 Hz. The high-speed, high-frequency play-
back EQ is set to give the flattest high-frequency response (Fig.
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4-22). This usually occurs when the high-frequency reproduce EQ
is set so that the 10-kHz tone reads the reference level.

The low-frequency playback EQ cannot be set using the standard
full-track alignment tape due to an effect called fringing. Fringing
occurs when a tape of one configuration is played back with a
gap narrower than that which recorded the signal on the tape (Fig.
4-23). The longer wavelength signals (those below about 500 Hz)
which are above and below the gap are picked up by the head and
added to those within the gap, producing an apparent rise in output
at low frequencies. To avoid the fringing effect, the setting of the
low-frequency playback EQ is postponed until after the record
alignments are done.

Courtesy Ampex Corp.

Fig. 4-22. Close up of electronic adjustments for the
Ampex MM1100.

The 7%-ips Ampex playback alignment tape is similar to the
15-ips tape except that it lacks the 30-Hz tone and that all tones are
recorded at —10-dB VU except for the last tone, which is a 700-Hz
tone recorded at operating level. The lower level is necessary at
7Y% ips to prevent saturation of the tape at high frequencies. Natu-
rally, the low-speed, high-frequency playback EQ control is used
at 714 ips.

The alignment tape is allowed to run out in the play mode so that
it is wound under constant tension to prevent it from stretching in



MacNeTiIC TaPE REcCORDING 95

LONG WAVELENGTH FLUX FROM
ABOVE AND BELOW THE GAP
/

Fig. 4-23. A half-track mono head reporducing a tape recorded full track.

storage. To save time, it is stored tails out, i.e., the end of the tape
is on the outside of the reel, and it is not rewound to heads out until
just before it is used again. The tape may be wound back and forth
in fast forward and rewind to find the frequencies desired, but it
must be played at its proper speed from start to finish before storing.

Although a standard tape exists for setting reproduce levels and
EQ for all NAB EQ tapes, the difference in sensitivities to high and
low frequencies and the different bias requirements of different types
of tape (even those made by the same manufacturer) require that
record adjustments be made using the same type of tape to be used
for the recording session.

The first step in the record alignment is the adjustment of the
erase adjust control on the bias amp card. This control is used to
tune the erase head circuit so that the bias current is a pure sine
wave. If this control were not adjusted properly, the bias would be
a distorted sine wave and would cause second-harmonic distortion
of the recorded signal (frequencies which are twice that of the in-
put signal would appear on the tape even though they are not present
in the input signal ). In addition, this bias distortion would cause the
record head to become magnetized, erasing high frequencies and
adding noise to the tape.

The erase peak adjustment is very stable and does not have to be
made more than once a month unless the head block on the machine
is changed. The erase adjustment can be made either with or without
tape on the machine with the safety switch defeated by holding it
up with a hub adapter or some other device. All channels are set in
the record mode and all output selector switches in the bias position.
The erase peak controls are then set for the highest readings on the
individual VU meters. The reading will reach a peak, remain there
as the control continues to be turned, and then fall back from the
peak. The control should be set so that it is halfway between the
point where the meter stopped rising and started falling. This is the
proper setting for minimum bias distortion.

The next setting to be made is that of the amount of bias mixed in
with the record signal through the B1as apjusT conTrROL. The type
of tape to be used is threaded on the machine and a signal is fed in
at operating level (0 VU on the console) at 1 kHz or 500 Hz, de-
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pending on whether you are setting for 15 ips or 7% ips, respectively.
The output selector is put in the reproduce position and the machine
is set in the record mode. Since the amount of bias used affects the
signal-to-noise ratio, distortion content, signal output, and frequency
response of the recording, all these factors should be optimized
when adjusting bias. As bias is increased to a certain point, all of
these factors improve. As bias increases past this point, low-fre-
quency sensitivity, signal-to-noise ratio, and distortion content figures
continue to improve, but high-frequency - sensitivity begins to fall,
thus reducing output at high frequencies. As bias continues to in-
crease, signal-to-noise ratio and distortion figures improve further,
but both low- and high-frequency sensitivity decrease so that the
overall output is lower. Continuing in this same direction, the signal-
to-noise ratio eventually begins to deteriorate because of the great
amount of amplification needed to recover the ever-smaller signal
recorded on the tape. The best compromise occurs near the level of
bias which gives peak output of the signals in the 500- to 1000-Hz
range. A little high-frequency sensitivity is sacrificed in favor of
better signal-to-noise ratio and distortion figures, for this loss of
sensitivity can be overcome with the record pre-emphasis (EQ).

The bias level is set by turning the control clockwise (increasing
the bias) until the output of the tape rises to a peak. Bias is then
increased further until the output level falls 1 dB. This is called over-
biasing the tape by 1 dB and with Scotch 206/207 produces the
lowest tape modulation noise. Overbiasing also decreases the sensi-
tivity of the tape to dropouts which will be discussed later in this
chapter. With some types of tapes, however, trying to restore the
lost high-frequency sensitivity by boosting the record pre-emphasis
causes a hump in the frequency-response curve around 6 to 8 kHz.
For these tapes, the bias can be set for a lower amount of overbias
but never less than the amount which produced the peak in the
500- to 1000-Hz range.

The B1as caL control enables a reference level to be set for the
bias in order to check it easily. After bias is set to the proper level,
as described above, the output selector switch is set to bias, and the
bias cal control is adjusted so that the meter reads 0 VU. Once
adjusted, whenever the meter reads 0 VU in the bias position of the
output selector switch, the bias is set properly. Since the proper bias
control setting varies with the electrical characteristics of the heads,
this setting is only good for one head block. This control is very
stable and need only be checked once a month.

After setting the bias, the record level and pre-emphasis controls
must be set so that all tapes recorded will play back according to
the NAB standards. This assures interchangeability between studios.
The gain and EQ of the playback head were previously set for flat

e ST



MacNeTIC TAPE RECORDING 97

frequency response when reproducing the NAB standard tape, so if
the record circuits of the machine are now adjusted so that the sig-
nals recorded have flat frequency response when played back, the
tape will produce flat frequency response on all NAB standard
machines.

First, a 700-Hz tone is recorded on tape (the same type of tape for
which we just set the bias) with the output selector switch in the
repro position, so that what has been recorded on the tape and
played back through NAB reproduce EQ can be monitored. The
record level control is adjusted so that the recorded signal plays
back at a level of 0 VU. Next, the output selector switch is set to the
input position, and the record calibrate (REC caL) control is set so
that the meter again reads 0 VU. This equalizes the gain in the
input and repro positions of the output selector so that the signal fed
the machine and the playback of the signal being recorded on the
tape can be compared at equal volumes to check its quality, and so
that the engineer can see the level at which the signal will be re-
corded without having to actually record the signal.

The next adjustment is the record pre-emphasis control. This is
set by feeding in a high-frequency tone, recording it on tape, and
reading its playback level on the VU meter (output selector in the
repro position). The control for the appropriate tape speed is set
for the flattest high-frequency response. On most recorders this oc-
curs when 10 kHz reads the same level as the 700-Hz tone. At 15 ips
this level is 0 VU, but at 7% ips the high-frequency record adjust-
ments must be made at a record level 10 dB below 0 VU. This is
due to the large amount of EQ necessary to record high frequencies
properly at low speeds. If the level were not reduced, the EQ would
boost the high-frequency signals to the point that the tape would
saturate. Once the tape reaches saturation, additional increases of
magnetizing force cause no increase in the signal recorded on the
tape. Thus, a 10-kHz tone cannot be recorded at operating level at
7% ips. This does not affect music reproduction very much because
the high frequencies are usually a very small proportion of instru-
ment output.

After the record EQ is set, the low-frequency playback EQ can
be set. This level could not be set with the full-track alignment tape
because of the fringing effects discussed before. If we record a low-
frequency tone now, however, it can be played back with the same
head configuration that was used to record it, eliminating the fring-
ing effect. A 50-Hz tone is recorded at operating level, and the low-
frequency playback EQ for the appropriate tape speed is set so that
the tone reads 0 VU on the meter with the output selector switch
set on repro. This will now complete the record alignment pro-
cedure.
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A step-by-step procedure for different speeds and different tapes
is given as Chart 4-1, while the NAB curves for record and playback
EQ at different speeds are given in Fig. 4-24; this also shows the.
CCIR record and playback curves. These curves are the European
tape equalization standard which is used instead of the NAB stan-
dard in many parts of the world.

Additional adjustments not available on Ampex audio recorders,
but provided by 3M and Scully are noise balance and linearization.
The NOISE BALANCE control passes a dc current through the record
head to compensate for magnetism not removed during routine. de-
magnetization. Any residual magnetism can cause noise and second-
harmonic distortion. Since the magnetism is of fixed polarity, the
polarity and amount of dc passing through the head can be adjusted
to produce a magnetic field which exactly cancels the magnetism
retained by the head.

This control is set by recording a 1-kHz tone, monitoring the
playback head output with a wave analyzer set to measure the sec-
ond harmonic, and adjusting the noise balance control for a mini-
mum reading on the analyzer. If a wave analyzer is not available,
the recorder can be set in the record mode with no input signal and

Chart 4-1. Playback and Record Alignment Procedures

PLAYBACK ALIGNMENT

Thread the playback alignment tape on the machine to be aligned. If the
tape was stored tails out, rewind to the head.
A. 15-ips playback alignment for low-noise, high-output tape, using a
standard full-track 15-ips alignment tape.
1. Set repro level for —3-dB VU at 700 Hz.
2. Set high-frequency 15-ips playback EQ for —3-dB VU at 10 kHz.
3. Do not adjust low-frequency playback EQ until after record adjust-
ments.
B. 15-ips playback alignment for regular tape using a standard full-track
15-ips alignment tape.
1. Follow steps Al through A3, but adjust for 0-VU readings.
C. 7%-ips playback alignment for low-noise, high-output tape, using a
standard full-track 7%-ips alignment tape.
1. Set repro level control so that the 700-Hz tone recorded 10 dB
below operating level reads 0 VU.
2. Set 7%-ips high-frequency playback EQ so that the 10-kHz tone
reads 0 VU.
3. Do not adjust low-frequency EQ until after record adjustments.
4. Set repro level control so that the 700-Hz tone recorded at operating
level reads —3-dB VU.
D. 7%e-ips playback alignment for regular tape, using a standard full-
track 7V2-ips alignment tape.
1. Follow steps C1 through C3.
2. Set repro level control so that the 700-Hz tone recorded at operating
level reads 0 VU.
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RECORD ALIGNMENT

Thread the tape to be recorded on the machine.
A. For all tapes at 15 ips.

1. Set output selector to the bias position, and set the machine into
the record mode on all tracks.

2. Adjust the erase peak control for maximum meter reading.

3. Feed a 1000-I1z tone into the machine inputs.

4. Set the output selector to repro, and beginning with a low bias set-
ting, increase the amount of bias until the meter reading rises to a
maximum. Continue increasing the bias level until the meter read-
ing drops by 1 dB.

5. Feed a 700-Hz tone into all machine inputs at 0-VU level from the
console, and set the record level control so that the meter on the
recorder reads 0 VU.

6. Set the output selector to the input position and adjust the record
cal control for a 0-VU meter reading.

7. Set the output selector to repro and feed a 10-kHz tone into all ma-
chine inputs at 0-VU level from the console, and set the 135-ips
record EQ so that the meter reads 0 VU (at the peak of the meter
swing if the needle is unsteady).

8. Feed a 50-Hz tone into the machine inputs at 0-VU level. Adjust
the 15-ips low-frequency playback EQ for a 0-VU meter reading.

B. For all tapes at 7V, ips.

1. Follow steps Al and A2 above.

2. Set the output selector to repro and feed a 500-Hz tone to all the
machine inputs. Set all tracks into the record mode and increase
bias level to obtain maximum meter reading. Increase bias so that
meter reading drops slightly below the peak reading.

3. Feed a 700-Hz tone at 0 VU to all machine inputs and set the
record level control for a 0-VU reading on the meter.

4. Set the output selector to input and set the record cal control for
a 0-VU reading on the meter.

5. Reduce the setting of the record level control so that the meter
reads —10-dB VU.

6. Set the output selector to repro and adjust the repro level control
for a 0-VU reading on the meter.

7. Feed a 10-kHz tone into the machine inputs at 0 VU and adjust
the 7%-ips record EQ to obtain a meter reading of 0 VU.

8. Feed a 50-Hz tone into the machine inputs at 0 VU and adjust the
7V -ips low-frequency playback EQ for a 0-VU meter reading.

9. Feed a 700-Hz tone into the machine inputs at 0 VU, set the out-
put selector switch to input and adjust the record level control for
a reading of 0 VU on the meter.

10. Reduce the repro level control to approximately the position set
with the operating level tone on the playback alignment tape, then
switch the output selector to the repro position and adjust the repro
level control for a 0-VU meter reading. (Follow step 10 in the
order stated to prevent pinning and possibly damaging the VU
meters on the tape machine.)
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(C) Typical pre-equalization characteristics for Va-inch tape recorders running 7.5- and
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Fig. 4-24. Pre- and post-equalization for the NAB and CCIR characteristics.



MacneTic Tape Recorping 101

adjusted for minimum snapping and crackling noise when listening
to the playback head output.

Linearization

A linearizer is a circuit which compensates for the nonlinearity
of magnetic tape. Tape tends to produce a certain type of distortion
(mostly third harmonic) when overdriven before reaching saturation.
The linearizer reduces this distortion by adding a small amount of
third-harmonic distortion to high-level signals that are out of phase
with the distortion generated by the tape. This cancels out the
distortion that would otherwise occur on signal peaks.

Adjustment of this control entails recording a 1-kHz tone on the
particular type of tape to be used and increasing the record level
until 3% third-harmonic distortion is produced on the tape with the
linearizer switched off. The linearizer is then turned on and ad-
justed for minimum third harmonic. Distortion should be reduced
to below 1%. This adjustment must be rechecked whenever a dif-
ferent type of tape is used.

Print-Through

After the recording is made, the engineer must take steps to pre-
vent the signals stored on the tape from being altered inadvertently.
One type of deterioration which can occur is called print-through.
Print-through is the unwanted transfer of a signal from one layer of
tape to another by magnetic induction. Its effect is more pronounced
when excessively high levcls are recorded and is increased when the
tape is stored in or exposed to a magnetic field. The transfer from
layer to layer decreases by about 2 dB for each 1-dB decrease in the
record level but increases with the time of storage and increased
storage temperature. The amount of print-through depends on the
physical separation of the section carrying the printing signal from
the tape to be printed on, so tapes with thinner backings and with
high-output oxide coatings tend to print-through more.

Magnetization components are recorded both in the direction of
tape length, and perpendicular to its surface. According to E. D.
Daniel [2], these two components print onto the adjacent layers of
tape where they crcate external fields which are in phase at the
surface of the outer layer and out of phase at the surface of the
inner layer. In playback, the fields add for the outer layer and par-
tially cancel for the inner layer (the fields are of unequal strengths),
producing less audible print-through for the inner layer than for the
outer (Fig. 4-25).

If the tape is stored heads out, the print-through will be heard be-
fore the main signal occurs. If the tape is stored tails out, the louder
print will come after the signal occurs and will be masked some-
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what by the desired signal. Print-through is not always permanent.
By storing tapes tails out and rewinding just beforc playback, the
printed signal intensity is reduced, and there is usually not-enough
time for a new signal to be printed before the tape is played back.
Storing tape outside the temperature range of 60 to 80 °F or out-
side the range of 40 to 60% relative humidity can shorten the life
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Fig. 4-25. The difference between print-through to the inner and outer layers of tape.

of both virgin and recorded tapes due to stretching and contracting
of the base material.

Degaussing

Tape recorders must be clean both physically and magnetically
to give optimum performance. If parts of the machine over which
the tape passes are magnetized, erasure of the high frequencies can
occur. If the record head is magnetized, the signal on the tape will
have second-harmonic distortion.

Magnetism can be removed through the use of a degausser or
demagnetizer. The degausser acts in the same way that the erase
head of a recorder works, except that it operates at the power-line
frequency of 50 or 60 Hz instcad of above 100 kHz. This lower fre-
quency is effective only if the degausser is moved past the mag-
netized object very slowly. The degausser works by subjecting the
magnetized object to a magnetic field of sufficient strength to over-
come that already present in the object. Once that occurs, the alter-
nating field causes the domains of the object to be alternately mag-
netized one way and then the other. If the magnetic field is then
slowly decreased, the domains are left in a random pattern such that
the overall magnetism is zero. This is accomplished by moving the
degausser away from the object at a speed no greater than one or
two inches per second. The degausser must not be energized or de-
energized within 3 feet of the tape recorder, or flux surges may
create magnctic charges larger than that which the degausser can
remove. Each object in the tape path must be slowly approached,
saturated magnetically, and slowly moved away from one-by-one for
proper demagnetization.



MacNETIC TAPE RECORDING 103

A magnetometer or gaussmeter is a device which measures the
magnetic charge on an object. It is useful for indicating when an
object is charged and needs degaussing, but because it is sensitive to
the average of the magnetic charges over a rather large area, the
object being measured may be charged even though it causes no
reading on the meter. For example, the two pole picces of a play-
back head could be magnetically charged, one north and one south.
Since the sensitive part of the magnetometer covers both pole pieces
at once, the fields cancel, and it gives no reading. The tape passing
over the playback head, however, would receive the charges indi-
vidually and possibly be partially erased. For this reason, degauss-
ing is done every morning.

Cleanliness

The tape recorder also accumulates dirt due to oxide shed. This is
oxide which falls off the magnetic tape and can accumulate on the
heads, guides, and pinch roller. If it is allowed to build up on the
heads, it can cause dropouts, which are momentary drops in the
amplitude of a signal. This is due to the separation loss which oc-
curs when the tape moves away from the intimate or close contact
with the tape heads provided by the holdback tension of the supply
reel. This loss can be computed as follows: separation loss (in dB)
equals 55 times the separation distance, divided by the wavelength
of the signal being recorded or reproduced. A separation distance
equal to the thickness of a piece of cellophane from a cigarette pack
(0.001 inch) can cause a dropout of 55 dB at 15 kHz (the wavelength
of a 15-kHz signal recorded at 15 ips is 0.001 inch). Thus, any dirt
which pushes the tape away from the head can cause severe
problems.

Similarly, if dirt is allowed to accumulate on guides or on the
pressure roller where it might be transferred to the tape and push
the tape away from the head, dropouts can occur. The machines
should always be inspected for cleanliness before recording or
playing back tapes. Any dirt, oxide shed, or pieces of tape result-
ing from editing or tape breakage should be removed before begin-
ning a session. Sensitivity to dropouts occurring during recording
is decreased by overbiasing the tape, for as the dropout occurs and
the oxide coating moves away from the head, the bias put on the
tape decreases, causing the output of the tape to increase.

Head Alignment

Another very important factor affecting the quality of a record-
ing is the physical head alignment. The record and playback heads
in the head block have five adjustments: height, zenith, wrap, rack,
and azimuth.
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The height determines where across the width of the tape the
signal will be recorded. If the track is recorded and reproduced on
heads with different height settings, not all of the recorded signal
will be reproduced, resulting in a poorer signal-to-noise ratio, and
if the tape is multitrack, cross talk will occur between the tracks.

Zenith refers to the tilt of the head toward and away from the
tape. The zenith must be adjusted so that the tape contacts the top
and bottom of the head with the same force, otherwise the tape will
tend to skew.

Skewing is the riding up or down of a piece of tape on a head or
guide, so that its edges are no longer parallel to the top plate of the
transport. This causes variations in the effective height, azimuth, and
tape speed.

Wrap refers to the angle at which the tape bends around the head
and the location of the gap in the angle. The wrap determines the
intimacy of the tape-to-head contact and thus controls the sensi-
tivity of the head to dropouts.

Rack refers to how far forward the head is and determines the
pressure of the tape against the head. The farther forward the head
is, the greater the pressure.

Azimuth refers to the tilt of the head in the plane parallel to tape
motion. The head gaps should be perpendicular to the tape, so that
all of the gaps are in phase with each other and so that the signal is
in phase at all points within cach gap.

—_ GREASE
PENCIL NOT
WORN OFF
HERE

(A) Correct. (B) Bottom of head too (C) Top of head too
far forward. far forward.

Fig. 4-26. Grease pencil wear patterns for checking zenith adjustment.

Height can be adjusted either optically or by using a test tape of
the proper track configuration and adjusting the head height for
maximum output at 1 or 3 kHz. Zenith is tested by covering the pole
pieces with white grease pencil and playing a piece of tape to ob-
serve the pattern formed as the grease pencil wears off (Fig. 4-26).
Naturally this tape cannot be used for recording afterwards since
the grease pencil rubs off onto the oxide. The edges of the wear pat-
tern should be parallel. If they are not, the zenith must be adjusted
using the screws on the head block.

Wrap angle is checked at the same time as zenith by making sure
that the wear pattern is centered around the gap. Need for rack
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adjustment is indicated if the grease pencil wear pattern is wider
on the record head than the playback head, or vice versa.

Azimuth can be tested by deliberately skewing the tape across the
heads (by pushing up and down on the edges of the tape right in
front of the head), while reproducing the 15-kHz band of a stan-
dard alignment tape. If the output increases, the azimuth needs to
be adjusted. It can be adjusted by either of two methods, both of
which use a full-track standard alignment tape.

The first method is to play the 15-kHz section of the tape and ad-
just the azimuth for the highest output on all channels. This will have
to be a compromise because some channels will rise as others fall on
either side of the correct setting. The peak at the correct setting is
fairly sharp with smaller broader peaks to either side of it. In order
to be sure of finding the proper peak, the head gap should be per-
pendicular to the tape path before the adjustment is attempted.

The second method uses the phase of the 12- or 15-kHz signal to
find the correct setting. After finding the peak, as in the first method,
the output of the top channel of the head is fed into the vertical in-
put of an oscilloscope, and the bottom channel output is fed into
the horizontal input of the scope. The pattern resulting on the face
of the scope represents the relative phase of the two channels. A
straight line sloping up 45° to the right indicates that the two chan-
nels are in phase, a circle indicates that they are 90° out of phase,
and a straight line sloping upwards 45° to the left indicates that the
two channels are 180° out of phase. The azimuth should be adjusted
so that the two channels are in phase.

On a multitrack head, it is not possible to get all of the gaps in
phase at the same time. This is due to the gap scatter which occurs in
manufacturing, so the phase adjustment is made for the outer tracks.
The inner tracks will then usually be less than 60° out of phase with
one another. The record-head azimuth can be set in the same way as
the playback-head azimuth by playing the test tape back in the
sync mode. Erase head azimuth is not very critical because its gap
is very wide. It is correct as long as it is approximately at right
angles to the tape path.

Although virtually all 2-, 4-, 8-, and many 16-track heads have
adjustable alignment, the Ampex 16-track heads do not. Ampex feels
that 16-track head alignment cannot be properly done by most stu-
dios and that the heads can be locked in place tight enough after
alignment at the factory to withstand any shocks they might en-
counter. Head alignment need not be done too frequently. Its
necessity is indicated by the deterioration of performance of the tape
machine as indicated by the inability to align the electronics to
their normal response characteristics. It should be checked periodi-
cally by the studio technicians.
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Operationally, the MM1000 is very similar to the AG440, but the
MMI1000 has several extra features. For ease of operation, the safe/
ready/sel sync switches are duplicated on the MM1000 front panel
(Fig. 4-27). In addition, a master play/sync switch enables the op-
erator to place all channels in sync with one control. The front-panel
mode controls are in series with the individual channel safe/ready
switches so that the switches on the electronics units must be left
in the ready mode at all times. If they are put into the safe mode,
the machine cannot be put into the record mode from the front-

ped PR

Couries; Ampex Corp.
Fig. 4-27. The front panel of an Ampex MM1000 24-track recorder.

panel controls. If they are put in the sync position, the channels will
remain in the sync mode regardless of the front-panel mode switch
settings. The MM1000 also provides switching so that in the master
sync mode tracks to be recorded on will play back in the sync mode
until the record button is pressed, at which point they go into the
record mode.

On the AG440 each track playing back in the sync mode has to
be switched to the ready mode before it can be put into the record
mode. When not recording, all tracks on the MM1000 play back in
sync with one another without the operator doing any switching,
but on the AG440 the operator must switch all tracks to either safe/
ready or sel sync in order for all tracks to play back in sync with
each other. The MM1000 has a counter which can be used to locate
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Courtesy Ampex Corp.
Fig. 4-28. Ampex AG440 2. and 4-track recorders.

Courtesy Ampex Corp. Courtesy Gotham Audio Corp.

Fig. 4-29. An Ampex MM1000 16- Fig. 4-30. The Studer AB0 16-
track recorder. track recorder.
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Courtesy Dictaphone Corp.
Fig. 4-31. The Scully Model 100 16-track recorder.

TR
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Courtesy Mincom Division, 3M Co. Courtesy Ampex Corp.

Fig. 4-32. The 3M M56 8-track re- Fig. 4-33. The Ampex MM1100 16-track recorder.
corder with remote control unit.
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Courtesy Dictaphone Corp. Courtesy Dictaphone Corp.
Fig. 4-34. The Scully Model 280B 2- Fig. 4-35. The Scully Model 284 8-
track recorder. track recorder.
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Courtesy Mincom Division, 3M Co. Courtesy Mincom Division, 3M Co.
Fig. 4-36. The 3M M79/24, 24-track re- Fig. 4-37. The 3M M79/4 4-track recorder.
corder. This machine is also available in 8-
and Y6-track versions.
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selections on a reel or, since it is calibrated in minutes and seconds
(at 15 ips), it can be used to time sclections at high speed.

The tape-tension switch for the MMI1000 is located inside the
machine and is accessible by opening the end panel of the machine,
while the tension switches on the AG440 are located on the front
panel of the machine. The MM1000’s switch simultaneously adjusts
the take-up and holdback tensions for use with either 1- or 2-inch
tape, while the switches on the AG440 adjust take up and holdback
individually and are set on the basis of the reel hub size used: high
tension for the large NAB hubs used on 10%-inch reels and low
tension for the small EIA hubs used on 5- and 7-inch reels.

Special circuits are included in professional recorders to prevent
clicks and pops from being recorded on the tape when the record
mode is initiated or stopped. This makes it possible to overdub onto
tracks which are partially acceptable by punching in to the record
mode on the original track at the point that the performance be-
comes unacceptable and punching out of record when the unaccept-
able section has been repaired, retaining the rest of the original per-
formance. This saves time in overdubbing in that only the faulty
part of the performance need be repeated. Time is also saved in
mixing since the entire part is recorded on one track rather than on
several which must be combined. Since the pops are suppressed by
turning the bias on and off slowly, a certain amount of time must
exist between the end of the material to be retained and the begin-
ning of the material to be punched in so that the bias can come up
to full strength before the new material is performed. If there is not
enough space, part of the new material may not be recorded. Simi-
larly, space must exist between the end of the punched-in section and

Courtesy Mincom Division, 3M Co.

Fig. 4-38. The 3M Selectake unit provides a numercial readout
of tape position when used with a 3M recorder.
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the rest of the original performance to prevent part of the original
from being erased.

Since the musician must hear his original performance up to the
point he is to begin overdubbing, the channel in question must pro-
vide him with sync-head playback in his headphones. When he be-
gins recording, however, he must hear what he is currently playing,
with no time delay. This means that either the recorder output se-
lector must be switched to the input mode, or that the console must
be switched from the tape playback to the program mode. To elimi-
nate possible confusion on the part of the engineer arising from
simultaneously punching into record and switching the monitoring
from tape to program, most 16- and 24-track recorders have an over-
dub mode in which tracks punched into record automatically switch
to feed their input signal to the channel output for monitoring, while
nonrecording tracks feed tape playback to their outputs. The con-
sole can be left in the tape playback mode, and all monitoring can
be done through the tape machine.

Figs. 4-28 through 4-38 are some of the tape machines currently
in use in recording studios.
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CHAPTER 5

Signal-Processing Equipment

EQUALIZERS

One of the most important signal-processing devices used in the
multitrack studio is the frequency equalizer. This device gives the
engineer control over the harmonic balance or timbre of instruments
heard by the listener and can be used to compensate somewhat for
deficiencies in microphone frequency response or for deficiencies in
the sound of an instrument. The frequency equalizer has several
uses: to make the sounds from several mikes or several tape tracks
blend better than they would otherwise, to match the sound of an
over-dubbed instrument to the same instrument recorded with a
different mike or in a different place, to make an instrument sound
completely different from the way it normally does for a particular
effect, and to increase the separation between instruments by
rolling off the leakage frequencies.

Equalization (EQ) refers to altering the frequency response of an
amplifier so that certain frequencies are more or less pronounced
than others. It is specified as plus or minus a certain number of dB
at a certain frequency. Although only one frequency is specified at
a time, the frequency set on equalizers used in the studio actually
refers to a curve, so signals at 4 kHz and 6 kHz are also boosted
somewhat by adding EQ of +4 dB at 5 kHz (Fig. 5-1). The amount
of boost or cut at frequencies other than the one named is deter-
mined by whether the curve is peaking or shelving, by the Q or
bandwidth of the curve, and by the amount of boost or cut at the
named frequency. ‘

The equalization available in many older design equalizers such
as those by Lang and Pultec is performed by passive filters, followed

112
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Fig. 5-1. A 5-kHz peak boost curve. a8

K 6K
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by an amplifier used to eliminate the insertion loss of the filters.
Insertion loss refers to the signal level difference in dB between
having the filters in the circuit and having them out of the circuit
and is due to power losses that occur as a result of the manner in
which the equalizer works. With all boost and cut controls set to
zero, the filters attenuate all frequencies the same amount, and the
amplifier brings the filter outputs back up to the level of the input
signal. Cutting the signal at a certain frequency increases the attenu-
ation above the preset level at the cut frequency, while boosting a
signal decreases the attenuation at that frequency.

dB

INPUT
g = SIGNAL
k BASS BOOST LEVEL
" 16 8 AT 50 Hz
FILTER
Fig. 5-2. O;feraﬁonal' curve of a -18 1 CS”EJ'P;UUT\T
passive equalizer.
BASS CUT
nd 16 d8 at 50 Rz
C, .
50 Hz 20kHz

FREQUENCY IN HERTZ

Operation of the filter is illustrated in Fig. 5-2. The input signal is
attenuated by 18 dB by the filter when it is set for flat response.
Boosting 50 Hz by 16 dB decreases filter attenuation at 50 Hz to 2
dB. Cutting 50 Hz by 16 dB increases filter attenuation to 34 dB at
50 Hz. Fig. 5-3 is a block diagram showing typical signal levels in a
passive equalizer set for flat response. The block diagram of Fig. 5-4
shows levels in the equalizer in Fig. 5-3 with the filter set for 16-dB
boost at 50 Hz.

Y [ FILTER
INPUT ——————— (SET TOFLAT) ouTPUT

l -18 dB

Fig. 5-3. Block diagram showing typical signal levels in a passive equalizer set for
flat response.
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—

50-Hz 0dBm FILTER -2d8m +16 dBm
INPUL *——1 T [ +18 dB OUTPUT
EE— |

Fig. 5-4. Block diagram showing levels in the equalizer in Fig. 5-3 with the filter set for
16-dB boost at 50 Hz.

The filter uses only three types of components (aside from
switches): resistors, capacitors, and inductors (Fig. 5-5). Resistors
present equal opposition to the flow of signals of all frequencies.
This opposition is called resistance (R) (Fig. 5-6). Capacitors pre-
sent a frequency-dependent type of resistance to signal flow called

—— —— —n—

(A) Resistor. (B) Capacitor. (C) Inductor.

Fig. 5-5. Schematic drawings of electronic components.

capacitive reactance (X.). Capacitive reactance increases as the
frequency of the signal decreases and is computed by the formula:

1

where,

f is the frequency in hertz,
C is the capacitance in farads.

Thus a capacitor passes high frequencies better than low frequencies
(Eq. 5-1) and will not pass direct current (a signal of zero fre-
quency) as shown in Fig. 5-7. Inductors (coils of wire) also present
a frequency-dependent type of resistance called inductive reactance
(Xv) to the signal. This reactance increases as the frequency of the
signal increases and is computed by the formula

Xy = 2afL (Eq. 5-2)
where,

f is the frequency in hertz,
L is the inductance in henrys.

OPPOSITION }
TO CURRENT |
FLoW (R Fig. 5-6. The frequency response of a
resistor is flat.
. _ —
0 Hz 20 kHz

FREQUENCY



SIGNAL-PROCESSING EQUIPMENT 115

OPPOSITION
OPPOS ITION | T0 CURRENT
TO CURRENT | FLOW (X}
FLOW X} t
- — T
0Hz 20kHz 0 He 20kHe
FREQUENCY FREQUENCY

Fig. 5-7. Capacitive reactance (Xc) is in-  Fig. 5-8. Inductive reactance (X,) is propor-
versely proportional to frequency. tional to frequency.

Therefore, an inductor passes low frequencies better than high fre-
quencies (Fig. 5-8). In fact, it passes direct current with no opposi-
tion at all except for the small resistance of the wire of which it is
made (all conductors have some resistance). Inductors and capaci-
tors do not dissipate power through their reactance, rather they
store power. Resistors dissipate power by converting it into heat.

Low-Frequency Shelf Boost

Low-frequency shelf boost is achieved by feeding the signal to
the junction of fixed resistor R1 and the series connection of vari-
able resistor R2, inductor L, and fixed resistor R3 (Fig. 5-9A). The
low frequencies find less opposition in the path through R2, L, and
R3 which leads directly to the output of the filter, and thus they take

R2 L |
GAIN
Rl R { FREQUENCY —
INPUT ¢ AAA- QUTPUT 0ds = ————
L0sS AT
\— R2 MUCH HIGHER
THAN R1
(A) Filter. (B) Loss curves.

Fig. 5-9. A low-frequency shelf boost filter and loss curves.

this route. The higher frequencies find less opposition to their flow
through R1. They take this path and are dissipated a certain amount.
The lows are dissipated in proportion to the setting of variable re-
sistor R2 which is the front-panel boost control. The different boost
frequencies are selected by switching different value inductors into
the circuit. Thus, it is not the amount of boost of the low frequencies
that is varied, rather the amount of their attenuation. Fig. 5-9B shows
loss curves for the network.
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High-Frequency Shelf Boost

A high-frequency shelf boost can be achieved similarly to the low-
frequency boost. To do this a capacitor is substituted for the inductor
so that the high frequencies find the path through R2, C, and R3
easier than flowing through R1 (Fig. 5-10A). Changing the capaci-
tor changes the frequency of equalization. Fig. 5-10B shows the loss
curves for the network.

\
CaN l FREQUENCY ——
0 dB; —
R2=0
R2 c LOSS
@l R3 % va
INPUT ¢ AN~ OUTPUT R2 MUCH HIGHER
THAN R1
(A) Filter. (B) Loss curves.

Fig. 5-10. A high-frequency shelf boost filter and loss curves.

High-Frequency Shelf Cut

In the high-frequency shelf cut filter, the signal is fed to the junc-
tion of Rl and the series connection of R2, C, and R3 which is
grounded at the other end (Fig. 5-11A). High-frequency signals

R1

INPUT ; AN QUTPUT GAIN
FREQUENCY ——»
k2 0B ——— -
R2 MUCH HIGHER
¢ lOlSS THAN Rl\\
RK%
L GROUND
= /
R2=0
(A) Filter. (B) Loss curves.

Fig. 5-11. A high-frequency shelf cut filter and loss curves.

find it easier to be dissipated through R2, C, and R3 to ground than
to pass through R1. The setting of the variable resistor determines
the proportion of highs that are thus removed from the signal. The
low frequencies follow the path through R1. Fig. 5-11B shows loss
curves for the network.
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(A) Filter. (B) Loss curves.

Fig. 5-12. A low-frequency shelf cut filter and loss curves.

Low-frequency shelf cut is achieved simply by substituting an
inductor for the capacitor (Fig. 5-12A). Fig. 4-12B shows loss
curves for the network.
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Fig. 5-13. A ki o
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PEAKING FILTERS

The preceding filters all produce shelving EQ. That is, the attenu-
ation increases (or decreases) with frequency at a particular rate
to a point where it levels off and remains constant even though the
frequency continues to change in the same direction. The high- and
middle-frequency boost filters in the Lang and Pultec program and
midrange equalizers, however, provide a peaking curve. That is,
the attenuation decreases as frequency rises to the boost frequency,

o
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L OPPOSITION TO !
CURRENT FLOW |
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l
A{W l
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c 1
b +— - FREQUENCY——=
[
(A) LC circuit . (B) Frequency-response curve.

Fig. 5-14. A paralle! LC circuit and frequency-response curve.
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(A) LC circuit. (B) Frequency-response curve.

Fig. 5-15. A series LC circuit and frequency-response curve.

reaches a minimum at that frequency, and increases as signal fre-
quency continues to increase (Fig. 5-13). This type of curve is
created by a combination of a capacitor and an inductor. If these
two reactors are connected in parallel, they provide a large opposi-
tion to signal flow at one band of frequencies and less opposition at
all other frequencies (Fig. 5-14A). Fig. 5-14B shows the frequency-
response curve for the circuit. If they are connected in series, they
provide little opposition to one band of frequencies and much oppo-
sition at all other frequencies (Fig. 5-15A). Fig. 5-15B shows the
frequency-response curve for the circuit. The frequency at which
the parallel circuit provides most opposition and the series circuit
provides least opposition is called the center or resonant frequency
and occurs at the frequency where the capacitive reactance equals
the inductive reactance. Thus, a peaking boost can be obtained by
feeding the signal to the junction of a fixed resistor in parallel with
a series combination of a variable resistor and a series LC (inductor-
capacitor) circuit (Fig. 5-16A). The variable resistor controls how
much of the signal near the resonant frequency is allowed to flow
through the LC circuit and avoid the attenuation of the fixed resistor.
Signals far removed from the resonant frequency find less opposi-
tion through the fixed resistor and they take that route, losing power

T
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c L I FREQUENCY —»
LOSS
R2 l
Rl |
INPUT ouTPUT — d{
' R2 MUCH HIGHER
THAN Rl
(A) Filter. (B) Frequency-response curves.

Fig. 5-16. A peak boost filter and frequency-response curves.
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Fig. 5-17. A dip cut filter and frequency-response curves.

as they do. At the far side of the fixed resistor, the signals following
the two different paths are combined, and the resonant frequency
has a higher level since it has been attenuated less. Fig. 5-16B shows
the frequency-response curves.

The LC circuit can also produce a dip in frequency response (Fig.
5-17A). To achieve this, the far end of the circuit is connected to
ground so that the resonant frequency is bypassed to ground to an
extent determined by the variable resistor. Other frequencies find
it easier to take the route through the fixed resistors only. Fig. 5-17B
shows the frequency-response curves.

The shape of an LC filter response is determined by the Q of the
circuit, which depends on the amount of resistance in the inductor
winding. The lower the resistance for the same value of inductance,
the higher the Q of the LC circuit and the sharper the peak or dip
that can be produced. The bandwidth of the circuit is thc number
of hertz between the frequencies above and below the center fre-

Fig. 5-18. The bandwidth (bw) of a peaking
filter is the number of hertz between the
points that are 3-dB down from the

center frequency. -FREQUENCY —

quency which are 3 dB different in amplitude from the level of the
center frequency (Fig. 5-18). The Q of a circuit is computed by
dividing the center frequency in Hz by the bandwidth in Hz. By
rearranging this formula, it can be seen that the bandwidth can be
changed by varying the circuit Q while holding the center frequency
constant. This can be easily done by adding resistance to the LC
circuit. The bandwidth controls of the Lang and Pultec equalizers
do just that. As the control is rotated from the sharp to the broad
position, the amount of resistance is increased, decreasing the Q and
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increasing the bandwidth. In the sharp position, only frequencies
close to resonance are affected by the filter, but as the bandwidth is
increased, frequencies farther from resonance are also affected.

dB

—+
350 Hz 700 Hz

|
|
I
|
i
|
I
|
i
|
¢
t

FREQUENCY
Fig. 5-19. A 700-Hz, high-pass filter with a slope of 6 dB per octave.

HIGH- AND LOW-PASS FILTERS

Other types of equalizers are the high-pass and low-pass filters. As
their names imply, certain frequencies are passed at full level, while
others are attenuated. Frequencies which are attenuated less than
3 dB are said to be inside the passband, while those attenuated by
more than 3 dB are in the stop band. The frequency at which the
signal is attenuated exactly 3 dB is called the turnover or cutoff
frequency and is used to name the filter. Ideally, attenuation would
become infinite immediately outside the passband, but in practice
this is not attainable. In the simplest case, attenuation increases at a
rate of 6 dB per octave. This rate is called the slope of the filter.
Other slopes in common use are 12 and 18 dB per octave. For exam-
ple, Fig. 5-19 shows a 700-Hz high-pass filter response curve with
a slope of 6 dB per octave, while Fig. 5-20 shows a 700-Hz low-pass
filter response curve with a slope of 12 dB per octave.

High- and low-pass filters differ from shelving EQ in that their
attenuation does not level off outside the passband, rather it con-

@B
Fig. 5-20. A 700-Hz, low-pass filter with a
slope of 12 dB per octave.

T00Hz  1.4kHz
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tinues to increase. A high-pass filter in combination with a low-pass
filter can be used to create a bandpass filter with the bandwidth of
the passband controlled by their turnover frequencies and the Q
controlled by their slopes. A bandpass filter of this type has a flatter
response curve (Fig. 5-21) in the passband than an LC bandpass
filter.

—————PASSBAND —
t |
!

FREQUENCY
Fig. 5-21. A bandpass filter created by combining high- and low-pass filters with dif-
ferent cutoff frequencies. )

Graphic equalizers utilize LC circuits similar to those described
earlier. The main difference between them and other equalizers is
that the same knob controls boost and cut, and the relative positions
of the knobs on the unit provide a visual display of the frequency
response curve of the unit. Graphics provide control over many fre-
quencies simultaneously, while other equalizers divide the frequency
spectrum into three or four bands and provide control over one
selectable frequency in each band.

The equalizer circuits described above are called passive equal-
izers because the circuitry which changes the frequency balance
does no amplification. The amplifiers merely increase the level of
the filter output to compensate for filter insertion loss. All of the
response curves generated by passive equalizers can also be achieved
through the use of active filters, which eliminate the need for in-
ductors, thereby greatly reducing the size of the equalizer units.
Most new consoles have extensive equalization available in the
input module so that it can be inserted into the circuit and varied
without the engineer having to leave his seat or, even more impor-
tant, without having to change his position with respect to the
monitor speakers. These active circuits perform better than passive
ones because inductors can cause hum as well as harmonic and inter-
modulation distortion.

In addition to its use in modifying sound in tape recorders (NAB
pre and post-EQ) and discs (RIAA pre- and post-EQ ), equalizers
can be used to remove hum and other undesired discrete-frequency
noises. A notch filter is used for this purpose. This filter can be tuned
to attenuate a particular frequency and has a very narrow band-
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width so that it has little effect on the rest of the program (Fig. 5-
22). Notch filters are used more in film-location sound than in studio
recording because the problems encountered in location work which
make use of notch filters necessary are usually not present in a well-
designed studio. A tunable notch filter, however, can be useful in
removing resonant rings from certain instruments.

dB
Fig. 5-22. Frequency response of a

notch filter.
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Equalization must be done by ear, but it is helpful to have an idea
of what frequencies will give the desired effect. Useful EQ fre-
quencies for some common instruments are provided in Table 5-1,
and the frequency ranges of instruments are illustrated in Fig. 5-23.

Table 5-1. Useful EQ Frequencies for Common Instruments

Instrument

Frequency Ranges of Interest

Bass guitar

Bass drum

Snare

Hi hat and cymbals
Tom toms

Floor toms

Electric guitar

Acoustic guitar

Organ

Piano

Horns

Voice

Strings
Harmonica

Conga

Attack or pluck is increased at 700 or 1000 Hz, bottom
added at 60 or 80 Hz, string noise at 2.5 kHz.

Slap at 2.5 kHz, bottom at 60 or 80 Hz.

Fatness at 240 Hz, crispness at 5 kHz.

Shimmer at 7.5 kHz to 10 kHz. Clank or gong sound at 200 Hz.
Attack at 5 kHz, fullness at 240 Hz.

Attack at 5 kHz, fullness at 80 or 120 Hz.

Full at 240 Hz, bite at 2.5 kHz.

Body at 240 Hz, clarity at 2.5 kHz, 3.75 kHz, and 5 kHz, with
the sound thinning out as frequency rises. Bass strings at
80 or 120 Hz.

Bass 80 to 120 Hz, presence 2.5 kHz, body 240 Hz.

Bass 80 to 120 Hz, presence 2.5 kHz to 5 kHz, thinning as
frequency is raised. Honky-tonk sound at 2.5 kHz as band-
width is sharpened. Resonance and echo at 25 to 50 Hz.

Fullness at 120 to 240 Hz, shrill at 7.5 or 5 kHz.

Presence at 5 kHz, sibilance at 7.5 kHz to 10 kHz, boominess
at 200 to 240 Hz, fullness at 120 Hz.

Scratchiness at 7.5 to 10 kHz, fullness at 240 Hz.
Fat at 240 Hz, electric at 2.5 kHz, acoustic at 5 kHz.
Resonant ring at 200 to 240 Hz. Presence and slap at 5 kHz.
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In summary, the frequency spectrum can be divided up into six
important sections, following de Gar Kulka’s description [5]:

1. The very low bass between 16 and 60 Hz which encompasses

sounds which are often felt more than heard, such as thunder
in the distance. These frequencies give the music a sense of
power even if they occur infrequently. Too much emphasis on
this range makes the music sound muddy.
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Fig. 5-23. Frequency ranges of instruments.

The bass between 60 and 250 Hz contains the fundamental
notes of the rhythm section, so EQing this range can change
the musical balance, making it fat or thin. Too much boost
in this range can make the music sound boomy.

. The midrange between 250 and 2000 Hz contains the low-order

harmonics of most musical instruments and can introduce a
telephone-like quality to music if boosted too much. Boosting
the 500- to 1000-Hz octave makes the instruments sound horn-
like, while boosting the 1- to 2-kHz octave makes them sound
tinny. Excess output in this range can cause listening fatigue.
The upper midrange between 2 and 4 kHz can mask the im-
portant speech recognition sounds if boosted, introducing a
lisping quality into a voice and making sounds formed with
the lips such as “m,” “b,” and “v” indistinguishable. Too much
boost in this range, especially at 3 kHz, can also cause listen-
ing fatigne. Dipping the 3-kHz range on instrumental back-
grounds and slightly peaking 3.kHz on vocals can make the
vocals audible without having to decrease the instrumental level
in mixes where the voice would otherwise seem buried.
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5. The presence range between 4 and 6 kHz is responsible for the
clarity and definition of voices and instruments. Boosting this
range ¢an make the music seem closer to the listener. Adding
6 dB of boost at 5 kHz makes a mix sound as if the overall
level has been increased by 3 dB. As a result of this effect,
many record companies and mastering engineers make a prac-
tice of adding a few dB of boost at 5 kHz to make their product
sound louder. Reducing the 5-kHz content of a mix makes the
sound more distant and transparent.

6. The 6- to 16-kHz range controls the brilliance and clarity of
sounds. Too much emphasis in this range, however, can produce
sibilance on vocals.

The best way to learn to use an equalizer is to set the amount of
boost to a maximum and change the boost frequency until the desired
range of the instrument to be EQed is found. The amount of boost
can then be decreased until the desired cffect is obtained. Attenu-
ation of a frequency range can be achicved in a similar manner.
Drawing a curve of the effect introduced by the equalizer when
the desired sound is attained can often aid in future equalizing and
in visualizing what the controls actually do.

If boosting one range of an instrument creates the need to boost
the other ranges, and they are then boosted, the effect achieved is
simply that the overall level has been raised. This is more easily
done with the input fader. If the increased fader level does not make
the sound satisfactory, it may be that one range of frequencies is
too dominant and requires attenuation. Just because the ear can
hear from 20 Hz to 20 kHz does not mean that these frequencies
should exist on every record. There are many times that the presence
of these frequencies may detract rather than add to the desired effect.

As far as recording with EQ goes, there are differing opinions. If
an engineer other than the one that records a multitrack tape is to
mix it, he may have a very different idea of how the instruments
should sound and may have to work very hard to counteract the EQ
recorded by the original engineer. If everything is recorded flat,
however, the producer and artists have to strain while they are try-
ing to pass judgment on a performance to imagine how the instru-
ments will sound later. It is also important to know how the instru-
ments will sound with EQ during overdubbing so that the producer
and artists can decide when a song has been “sweetened” enough.
When several mikes are to be combined onto one channel of the
tape, they can be EQed individually only before recording, so re-
cording flat as a strict rule will prevent optimizing the sounds picked
up by each mike. In addition, while recording with EQ does not
change the perceived noise level, playing back with EQ does. EQ
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added on playback is also added to the residual tape noise of the
track. So boosting highs, for example during playback, would make
the tape hiss of that channel more audible than if the highs were
boosted before recording. If the same engineer is to record and
mixdown the tape, recording with EQ is usually not a problem. In
any event, unless a special effect is desired, EQ should be used
moderately, and microphone selection should be used to obtain good
sound on an instrument. If an instrument is recorded wrong in the
initial recording session, it can rarely be corrected later during
mixing.

METERS, COMPRESSORS, LIMITERS, AND EXPANDERS

Since amplifiers and magnetic tape are limited in the range of
signals they can pass without distortion, audio engineers need a
means of determining whether the signals they are working with will
be stored or transmitted without distortion.

PEAK vu
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Fig. 5-24. A peak meter reads higher at Fig. 5-25. A VU meter reads the rms
point A than at point B, even though the level and ignores the peaks that do not
loudness is the same. contribute to loudness.

The most convenient method of indicating this is through the use
of a visual device such as a meter. If preventing distortion on the
tape were the only concern, peak-indicating meters could be used to
display the maximum amplitude fluctuations of a waveform. The
human perception of loudness, however, does not have much rela-
tionship to the peak level of signals. The meter may read higher at
a certain point in the program, but the program may not sound any
louder (Fig. 5-24). If the meter is to be used to set or maintain a
certain volume level, a peak indication is of no use.

Since the perception of the ear to loudness is proportional to the
rms value of a signal, a meter was designed that could read this
level so that volume and meter indication would coincide (Fig. 5-
25). The scale chosen for the meter was calibrated in volume units,
and hence the name VU meter (Fig. 5-26). Zero VU is considered
the standard operating level. Although VU meters do the job of in-
dicating volume level, they ignore the short term peaks which can
overload tape. These peaks can be from 8 to 14 dB higher than the
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Fig. 5-26. A VU meter. The upper scale

is calibrated in volume units for use in

recording. The lower scale is percentage
modulation for use in broadcasting.

rms values indicated. This means that the electronics must be de-
signed so that unacceptable distortion does not occur until at least
14 dB above 0 VU (Fig. 5-27).

The difference between the maximum level which can be handled
without excess distortion and the average operating level of the
system is called headroom. Some studio-quality amplifiers are
capable of outputs as high as 26 dB above 0 VU and thus have 26 dB
of headroom. Magnetic tape, however, has limited headroom, for its
dynamic range is such that providing the headroom necessary to
prevent distortion of the peaks would make tape noise too audible
during the rest of the program. The 3% distortion level for magnetic
tape recorded on a tape machine that does not use a linearizer is only
6 dB above 0 VU, while the console amplifiers have distortion of less
than 0.4% at this level. Typical VU meter specifications are given in
Chart 5-1.

AMPLIFIER
g =~ ouTPUT Fig. 5-27. If the console is to have 14 dB

CAPABILITY
14-dB HEADROOM of headroom above 0 VU (+4 dBm), the

amplifiers must be capable of output levels
4 of at least +18 dBm.

dBm

Chart 5-2. VU Meter Specifications

Sensitivity: Reads 0 VU when connected across a -+ 4-dBm signal (1.228
volts in a 600-ohm circuit).

Frequency Response: 0.2 dB from 35 Hz to 10 kHz.
+0.5 dB from 25 Hz to 16 kHz.

Overload Capability: Can withstand ten times 0-VU level (424 dBm) for 0.5 sec-
ond, and five times 0 VU (approximately 418 dBm) continu-
ously.

Volume units indicated on the meter are equal to dB for sine waves, but for other
waves or for complex signals, the VU meter actually reads between the rms and
peak values of the signal. For these waves volume units are larger than dB.
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Proper record level for most program material is 0 VU although
higher levels would be possible if it was certain that there would
be no peaks in the program that would cause distortion. Since the
VU meter would not read those peaks even if they existed, enough
headroom must be provided for them to occur, unless the dynamic
range of the system is changed. Thus, certain instruments with
high peak-to-rms level ratios, such as the piano, should be recorded
at less than 0 VU. If they are recorded at 0 VU, the 14-dB higher
peaks would be 8 dB above the 3% distortion level of the tape. A
—5- to —8-VU level would produce a less distorted recording.

Several meters are now available using light emitting diodes
(LEDs) to provide level indication through the illumination of
lights corresponding to different levels, rather than through the use
of a meter pointer. These units follow peaks better than any meter
can, giving virtually instantaneous display of the signal level. These
units have the same defect as other peak meters, however, in that
they do not indicate the loudness of the program. The ideal level
monitor would be a combination of peak-responding lights with a
VU meter so that both volume and dangerous peaks would be
indicated.

160
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Fig. 5-28. The ambient noise level of most homes would obscure the lower 40 dB of a

120-d8 dynamic range program. If the volume of the program is raised so that the

softest portion is above the ambient noise, the loudest portion would be 20 dB above
the threshold of pain.

The dynamic range of music is on the order of 120 dB, while the
dynamic range of magnetic tape is only on the order of 60 dB, ex-
cluding the use of noise reduction systems which can add another
20 to 50 dB but still come short of the 120 dB of music. The dynamic
range of discs is about 70 dB. Even if a recording and reproducing
system with a 120-dB dynamic range were available, unless it was
used in a noise-free environment, either the quiet passages would
be lost in the ambient noise of the listening area (35- to 45-dB spl
for the average home), or the loud passages would be too loud to
bear. Similarly, if a 120-dB dynamic range recording was reproduced




128 SieNAL-ProcessinG EQUiPMENT

through a medium with a narrow dynamic range such as a-m radio
(20 to 30 dB) or fm radio (40 to 50 dB), a lot of information would
be lost in background noise (Fig. 5-28). To prevent these problems,
the dynamic range is reduced to a level that is appropriate both for
the medium through which it is to be reproduced and for comfort-
able listening in the average home. This reduction is accomplished
by a combination of the engineer riding the faders and the use of a
device called a compressor.

SIGNAL
Wik p--——of———— - —— +——— THRESHOLD OF COMPRESS ION

«—— INPUT SIGNAL TO COMPRESSOR

TIME —*
(A) Input level.

SIGNAL REDUCED BY THIS AMOUNT

SIGNAL | |
<——— COMPRESSOR QUTPUT SIGNAL

LEVEL

TIME —=

(B) Output level

Fig. 5-29. The compressor reduces the level of the portion of the signal that exceeds
the threshold.

A compressor is, in effect, an automatic fader. When the input sig-
nal exceeds a predetermined level (Fig. 5-29A), called the thresh-
old, compressor gain is reduced and the signal is attenuated (Fig.
5-29B). The number of dB increase of input signal needed to cause
a 1-dB increase in the output signal of the compressor is called the
compression ratio or the slope of the compression curve. Thus, for
a ratio of 4:1, an 8-dB increase of input produces a 2-dB increase in
output. Since the signals generated by music vary in loudness and
therefore may be above the threshold one instant and below it the
next, the speed with which the gain is to be reduced after the signal
exceeds the threshold and is to be restored after the input signal
falls below the threshold must be determined. These speeds are
determined by the attack and release times, respectively.

As stated earlier, the perception of the ear to the loudness of a
signal is proportional to rms value, so large, short duration peaks do
not noticeably increase the loudness of a signal. What is desired is
to allow the signal volume to rise and fall but to lesser extents than
the volume would if it were not controlled. If the peaks of the
waveform were permitted to trigger gain reduction, the volume
would actually decrease, rathér than increase, by a smaller amount.
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This would change the dynamics of the program noticeably and in
an unacceptable way. To avoid the triggering of compression by
these peaks, the attack time is set so that the waveform must exceed
the threshold level for a time long enough to constitute an increase
in the average level, and gain reduction will not decrease the overall
volume. The attack time is defined as the time it takes for the gain
to decrease by a certain amount, usually to 63% of its final value.

If the release time were set too short for the program material,
i.e., if full gain were restored each time the signal fell below the
threshold; thumps, pumping, and breathing would be heard due to
the rapid rise of background noise as the gain is increased. Also, if
a rapid succession of peaks were fed into the device, the program
gain would be restored after each one, and the level of the program
would be heard to rise after each peak. Since the level-sensing mech-
anism is sensitive to both positive and negative waveform excur-
sions, extremely short release times could cause gain reduction twice
each cycle, introducing harmonic distortion into the signal.

To eliminate these effects, longer release times are used so that
repeated waveform excursions past the threshold cause gain reduc-
tion only once. The gain remains reduced through all of these ex-
cursions and returns to normal gradually. This makes the increase
in background noise level less obvious, as well as making any gain
changes that may be required shortly thereafter less drastic. If the
release time is too long, however, a loud section of the program may
cause gain reduction that persists through a soft section, making the
soft section inaudible. The release time is defined as the time needed
for the gain to return to a certain percentage of its no-gain reduction
value (usually 63%).

Compressors usually have a built-in VU meter to allow monitoring
of the amount of gain reduction taking place. The meter usually sits
at 0 VU when the input signal is below the threshold and falls to the
left to indicate the number of dB of gain reduction when the input
signals exceeds the threshold (Figs. 5-30A and B). Some compres-
sors use meters that read gain reduction directly, resting at the left
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(A) The input signal to the compressor is  (B) The input signal exceeds the threshold
below the threshold, and compressor gain  causing 3 dB of gain reduction. The meter
is normal. indicates that the gain is 3 dB lower

than normal.

Fig. 5-30. The gain-reduction meter on a compressor.
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(A) No gain reduction. (B) Gain reduction of 3 dB.

Fig. 5-31. The gain-reduction meters on some compressors are designed to read gain
reduction directly.

side of the scale until the signal exceeds the threshold and then
moving upscale to show gain reduction in dB (Figs. 5-31A and B).
Still other units use indicator lights which are faster than meters to
indicate the instantaneous gain reduction (Fig. 5-32). On some
compressors, the meter is switchable to read either gain reduction
or output level.

If the compression ratio is made large enough, the compressor be-
comes a limiter (Fig. 5-33). A limiter is used to prevent signal peaks
from exceeding a certain level in order to prevent overloading ampli-
fiers, tapes, or discs. An extreme case of a limiter is a clipper which

Fig. 5-32. The Gain Brain limiter uses
light emitting diodes to indicate
gain reduction.

Courtesy Allison Research, Inc.
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chops off the top of any waveform exceeding the threshold level. A
clipper could be said to have an infinite compression ratio. Most
limiters have ratios of 10:1 or 20:1, although they are available with
ratios up to 100:1. Since such a large increase in the input signal is
needed to produce an increase in the output of a limiter, the likeli-
hood of overloading the equipment following the limiter is greatly
reduced, and the threshold of limiting can usually be set about
8 dB higher than the threshold of compression.

THRESHOLD OF _LINEAR AMPLIFICATION (1:1)
LIMITING 21

4:1

20:1
THRESHOLD OF
COMPRESSION
N

OUTPUT
LEVEL
IN dB

INPUT LEVEL IN dB

Fig. 5-33. The output of a compressor is linear below the threshold point and follows
the slope of the selected compression or limiting curve above the appropriate threshold.

Limiting is most often used in recording to prevent the short-term
peaks (which add little information to the program in proportion
to the distortion they would cause if they saturated the tape, or the
noise they would allow to enter the system if the signal were re-
corded at a level low enough so that the peaks would not distort)
from reaching their full amplitude. Extremely short attack and re-
lease times are used so that the ear cannot hear the gain being re-
duced and brought back up. Limiting is used to remove only occa-
sional peaks, for gain reduction on many successive peaks would be
noticeable. If the program contains many peaks, the threshold should
be raised and the gain reduccd manually so that only occasional
extreme peaks are limited.

Expansion is the process of decreasing the gain of a signal as its
level falls and/or increasing the gain as the level rises. Thus, when
the signal level is low (below the expansion threshold), gain is low
and program loudness is reduced. When the signal level increases
above the threshold, the gain is increased. Expanders increase the
dynamic range of a program by making loud signals louder and soft
signals softer. They can also be used as noise-reduction devices by
adjusting them so that the noise to be removed is below the threshold
level, while the desired signal is above the threshold as shown in
Fig. 5-34.

The selection of proper attack and release times and degrees of
compression, expansion, or limiting depends on the program ma-
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terial. In multitrack recording, dynamic range modifications usually
deal with only single instruments or groups of instruments. In radio,
-television, and disc cutting, entire songs are compressed and the
problem of using the proper parameters is more critical.

Limiting is usually only used for recording speech or instruments
with transients (momentary high-level peaks) so that the signal can
be recorded at a high level without overloading the tape. Compres-
sion is used for several reasons:

1. It minimizes the change in volume which occurs when an in-
strumentalist or vocalist momentarily changes his distance from
the mike.

2. It can make the volume of the different ranges on an instrument
the same. For example, some bass guitar strings are usually
louder than the others on the same guitar, and the use of com-
pression produces a smoother bass line by matching the vol-
umes of the different notes. As another example, some instru-
ments such as horns are louder in some registers than in others
due to the amount of effort required to produce the notes. Com-
pression would equalize the volume levels of the different
registers.

3. Compression enables a signal to be made significantly louder
in a mix, while increasing the overall signal-level reading on
the meter only slightly, by increasing the ratio of average to
peak levels.

4. Compression can be used to reduce sibilance in a voice by in-
serting a filter in the compressor circuit which causes it to
trigger compression when an excess of high-frequency signal
is present. A compressor used in this manner is often called a
de-esser.

Producers often strive to cut their records as hot as possible, i.e.,
they want the recorded levels to be as far above the normal operating
level as possible without blatant distortion. They talk about com-
‘petitive levels, for they feel that louder records will stand out and
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Fig. 5-34. When signal is above expansion threshold, gain is unity and both signal and
noise appear at the output. When signal is below threshold, the gain decreases and
reduces the level signal and the noise levels in the output.
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sound better than soft ones when a stack is being played on a rec-
ord changer. In fact, a record that is one or two dB louder than an-
other will sound better due to the Fletcher-Munson effect which will
make the louder record appear to have more bass and more highs.
To achieve these hot levels without distortion, compressors and lim-
iters are often used in disc cutting to remove peaks and raise the
average level of the program so that the disc will be louder than it
otherwise would be.

Compressing a mono mix is done in the same manner as compress-
ing a single instrument, except that the adjustment of the threshold,
attack, release, and ratio controls is more critical to prevent pump-
ing due to instruments that are prominent in the mix. Compressing a
stereo mix gives rise to an additional problem. If two individual
compressors are used, a peak in one channel will reduce the gain on
that channel causing anything that was centered between the two
speakers to jump toward the channel not undergoing compression.
To avoid this center shifting, most compressors have provision for
connecting them in stereo with a second compressor of the same
make and model. This connection mixes the outputs of the signal-
level sensing circuits of the two units, so that a signal which causes
gain reduction in one channel will cause equal gain reduction in the
other channel, preventing the center information from moving.

Expanders can be used to shut off mike channels when the instru-
ment to be picked up by a particular mike is not playing, in order to
prevent leakage from headphones or other instruments from being
recorded on the tape. In mixing, expanders can be used as noise-
reduction devices to turn off tracks when nothing is recorded on
them, thus removing the tape noise that would otherwise be added
to the mix from them. When the expander detects a signal above the
expansion threshold, it turns the track back on. Used in conjunction
with a compressor, an expander can eliminate the rush of hiss that
would otherwise be produced when the signal stops and compressor
gain increases.

Several examples of compressors and limiters in common use are
the Universal Audio 1176LN, the Teletronix LA-2A and L.A-3A, the
Pye compressor, and the Spectra Sonics 610.

The Universal Audio 1176LLN (Fig. 5-35) has compression ratios
of 4:1 and 8:1 as well as two limiting ratios of 12:1 and 20:1. It has
adjustable attack and release times and adjustable output level after
the gain reduction section. The amount of gain reduction is selected
by setting the meter selector switch to Gr and advancing the input
level control until the desired gain reduction is either heard or indi-
cated on the meter. The output level control is then adjusted so that
the desired level is presented to the input section of the console. The
output level can be monitored by depressing either the +4 or +8




134 SicNAL-PRoOCESSING EQUIPMENT

meter selector switch. The 44 switch calibrates the VU meter so that
0 VU equals +4 dBm, while with the +8 switch, 0 VU equals +8
dBm. It is good practice for the output level of all compressors tobe
set so that their output does not exceed 0 VU on the highest meter
calibration scale to prevent overloading their output amplifiers.

“& L4 * L 1 Iy *

Courtesy United Recording Electronic Industries

Fig. 5-35. The Universal Audio 1176LN.

Since very fast release times (from 50 milliseconds to 1.1 sec-
onds) are available with the 1176LN, precautions must be taken
when compressing or limiting low-frequency signals. If the release
time is set too short, the compressor action can follow the individual
cycles of the signal waveform, causing harmonic distortion. As a
guideline when compressing bass guitar or other instruments with a
high proportion of very low frequencies, the release time control
should not be set clockwise to more than about 11 o’clock. On other
material, short release times will not cause harmonic distortion, but
they may cause the compressor action to become noticeable due to
obvious level changes of the program material and of the back-
ground noise.

The attack time is variable from 20 microseconds to 800 micro-
seconds. Short attack times tend to reduce the percussive qualities
of a signal, while a long attack time can increase signal punch by,
in effect, emphasizing the first portion of the signal (by lowering
the gain only on the second portion).

The Teletronix LLA-2A (Fig. 5-36A) has only three front-panel
controls: the meter selector switch, which selects either gain reduc-
tion in dB or signal output with 0 VU corresponding to either +4
or +10 dBm; the peak reduction (gain reduction) control, which
determines how much gain reduction will take place; and the over-
all gain or output level control, which adjusts the output level of
the compressed signal. A back-panel switch selects either a com-
pression mode with a 3:1 ratio or a limit mode which provides 10
dB of compression at a 3:1 ratio, followed by 20:1 limiting. This
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(B) The Teletronix LA-3A.
Courtesy United Recording Electronics Industries

Fig. 5-36. Leveling amplifiers.

enables the engineer to limit peaks while compressing a signal only
slightly. However, if too much peak reduction is set (more than 10
dB indicated on the meter), limiting may occur all the time, result-
ing in the program having almost no dynamic range and sounding
very dull.

The attack time of this unit is very fast (10 microseconds), and
the release time is dependent on the program material so that re-
peating peaks cause reduction once rather than several times. The
gain returns to 509 of normal in 0.06 second and recovers the other
50% in between 0.5 and 5 seconds, depending on the program
content.

The Teletronix LA-3A is a transistorized version of the LA-2A
and has replaced the LA-2A which is no longer manufactured. The
unit has the same operating controls as the LA-2A except that the
meter switch has only one output position (+4 dBm equals 0 VU).
The LA-3A (Fig. 5-36B) has a rear-panel gain switch which adjusts
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the gain to either 30 or 50 dB. A compress/limit switch on the rear
panel allows the unit to be used as either a compressor only or as a
50:1 limiter. Attack time is between 250 microseconds and 0.5 milli-
seconds and is determined by the program material. The release
time varies from 500 milliseconds to 5.0 seconds depending on the
duration of the peak causing the gain reduction. Both the LA-2A
and the LA-3A have rear-panel controls which can increase the gain
reduction at high frequencies relative to that below 1 kHz, as well
as adjustments to equalize the gain reduction of two units inter-
connected for stereo. Two LA-3As can be mounted side by side in
a standard 19-inch rack due to the reduced size of the unit.

Courtesy Philips Broadcast Equipment Corp.

Fig. 5-37. The Pye compression amplifier features a noise gate with threshold adjustable
from —20 to — 50 dB relative to the compression threshold.

The Pye compressor (Fig. 5-37) has compression ratios of 2:1,
3:1, 5:1, and a limiting ratio of more than 20:1. The attack time is
fixed at less than 0.5 millisecond for compression and 1 millisecond
for limiting, while the release times are variable in steps from 100
milliseconds to 3.2 seconds. The amount of gain reduction is set by
varying the threshold of compression. By placing the threshold
below the input signal level, gain reduction is achieved and the
amount is indicated directly on the meter. The Pye meter reads dif-
ferently from those on the LA-2A and the 1176LN, in that it rests at
the left-hand side and moves to the right to indicate gain reduction,
while the others rest at 0 VU and move left to indicate gain reduc-
tion. The Pye unit has no output level control, and the meter cannot
be switched to read the signal output.

The Spectra Sonics Model 610 (Fig. 5-38A) has compression/
limiting ratios (slopes) continuously variable from 1.1:1 to 100:1.
Its attack time varies automatically between 100 nanoseconds and
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(A) Model 610.
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Fig. 5-38. The Spectra Sonics 610 Complimiter and compression curves.

2 microseconds for limiting and between 100 nanoseconds and 1.2
milliseconds for compression, depending on the program. The re-
lease time for the limiter section is very fast, being 90 nanoseconds
for 90% recovery, while the time for 90% recovery in the com-
pression section is continuously variable from 50 milliseconds to
10 seconds. The threshold level is the same for all settings of the
slope control, eliminating the need to reset the input level control if
the compression/limiting ratio is varied. A white lamp flashes to
indicate when the peaks of the input signal pass the threshold of
limiting, while a VU meter normally resting at 0 falls to the left to
indicate the gain reduction accompanying compression. If peak
limiting with no compression is desired, the input level control is
advanced until the white threshold attack lamp flashes but no gain
reduction is indicated by the meter. An output level control and a
meter switch to calibrate the meter to +4 or +8 dBm are provided
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(A) Kepex expander.
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(B) Using the Kepex to remove echoes, buzzes, and rattles from a signal.
Courtesy Allison Research, Inc.

Fig. 5-39. The Allison Research Kepex and curves.
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as well as a red overload lamp which indicates to the engineer that
signal levels within the unit are approaching the clipping level and
should be reduced by adjustment of either the input or the output
level controls, or both.

One example of an expander is the Kepex (Fig. 5-39A). It acts
somewhat like a compressor in reverse. With no input signal, gain
reduction is at the maximum preset amount (variable from 0 to
60 dB). When the input signal level exceeds the threshold, gain is
increased to unity. The Kepex has a fixed attack time of less than
20 microseconds and a variable release time from 50 milliseconds to
6 seconds. The threshold level and amount of expansion are both
variable, and the expansion ratio varies from 1:2 to 1:4, depending
on the setting of the expansion control. Kepex can tighten up signals
by removing echos and rings from them by reducing the gain after
the major portion of the signal is over (Fig. 5-39B). It has the addi-

Courtesy Gotham Audio Corp.

Fig. 5-40. The EMT 156 PDM.

tional capability to key or initiate the expansion of one signal on the
basis of a second signal for special effects. Peak values of gain reduc-
tion are indicated by lights behind the front-panel scale. Threshold-
type expanders are also called noise gates or simply gates because
they can be set to permit a signal to pass and then shut down the
channel when no signal is present to keep out noise.

Another gain-control device is the EMT 156 shown in Fig. 5-40.
This is a combination compressor/limiter with separate thresholds
and release times for each function. The release times can be con-
trolled either manually or automatically. In the automatic mode, the
release times are dependent on the program material. The com-
pressor release times are determined by the peak-to-average ratio
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of waveform value. High ratios such as those produced by speech
require short release times, while lower ratios require longer
times. Limiter release time is determined by the amplitude and
duration of the peaks as well as by the number of peaks and is ad-
justed to prevent the level of the program from noticeably decreas-
ing after each peak due to excessively long release times.

The EMT 156 has no threshold in the compression mode. The
compression rotation point is adjustable from —6 to —1.5 dB with
respect to an internal reference level of 0 VU. The rotation point for
the compressor is the input level which produces unity gain. If the
input signal exceeds the rotation point, the compressor gain falls
below unity, while if the input signal falls below the rotation point,
the compressor gain rises above unity. The compressor gain control
sets the limit on how high the gain can rise when the input signal
falls below the rotation point, and it is continuously variable from 0
to +18 dB. The slope of the curve can be varied from 1.5:1 to 4:1
with an attack time preset to 2.5 milliseconds, but internally vari-
able between 1 and 4 milliseconds. The limiter threshold is variable
from —2 to +7.5 dB, and the limiter does not permit the output of
the unit to exceed the threshold at any time. This is achieved by
beginning the limiting 2 dB below the threshold. While the EMT
156 is not an expander like the Kepex, it has an expansion function
which can reduce the compression gain to prevent the increase of
background noise levels when only very low-level signals are present.
The expander rotation point is variable from —55 to —35 dB, and
its slope is switch selectable to either 1:1.5 or 1:2.5. As the input sig-
nal rises above the expander rotation point, the gain gradually in-
creases up to the value set by the compressor gain control. Below the
rotation point, the gain falls below unity. Individual compressor,
limiter, and expander on/off switches are provided to enable the use
of any combination of the three functions, and a switch is also in-
cluded to bypass the unit entirely.

The EMT 156 is a two-channel unit interlocked for stereo. The
control settings affect both channels equally, and the gain is con-
trolled by the channel with the highest peak amplitude. The unit
provides a meter which can be set to read the instantaneous gain in
use by the compressor or limiter. The meter can also be switched
to indicate the number of attacks per second in the limiter section.
The engineer can thus determine how frequently limiting is occur-
ring and can adjust the gain and threshold controls to achieve the
desired amount of limiting.

Gain reduction can be achieved in several ways. The LA-2A and
LA-3A use an electroluminescent attenuator which is a phosphores-
cent panel that glows in proportion to the input signal fed to it. This
glow illuminates two photocells (one a cadmium sulfide cell and the
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R1
Fig. 5-41. A gain-reduction circuit using
an FET or an LDR (light-dependant resistor), OUTPUT
such as R2.
R2

other a cadmium selenide cell) which are part of a volume control
circuit. The value of the attenuator changes with the illumination
received by the phtotocells, and thus turns the volume of the signal
up or down. The Kepex and the 1176LN use a field-effect transistor
(FET) as a voltage-variable resistor. The FET changes resistance in
proportion to a voltage (obtained from the input signal) applied to
it, and this resistance change is used to control the signal in the same
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Fig. 5-42. Operation of the PDM system.
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manner as the photocells (Fig. 5-41). The Pye and EMT com-
pressors use a different method of gain control called pulse-duration
modulation (pdm) which feeds the signal through an electronic
switch that is opened and closed at a rate of 200 kHz (Fig. 5-42).
By varying the time the switch is left open or closed during each
cycle, energy is removed from the signal without affecting the pro-
gram, and the result is an output signal of lower level than the in-
put signal.

SPECIAL EFFECTS

In addition to EQ, compression, and expansion (especially the
expansion of one signal triggered by another signal, as is possible
with Kepex), there are many other devices or processes which can
be used to make the original signal sound like something other than
what it really is, adding interest to a song. The signal processed in
such a manner is called an effect. The five most common effects arc
created through the use of: reverberation, time delay, variable-spced
tape recorders, phasing, and backward signals.

REVERBERATION DEVICES

There are three main types of reverberation devices: (1) echo
plates, such as thosc made by EMT; (2) spring reverb units; and
(3) acoustic echo chambers.

Echo Plates

The EMT 140 TS echo plate is a rectangular steel sheet ¥, inch
thick and about 3 feet high by 6 feet wide, under tension and sus-
pended in an enclosed frame approximately 8 feet by 4 feet by
1 foot (Fig. 5-43A). Reverberation is created by inducing wave
motion in the plate. These waves reach the edges of the plate where
they are reflected back across the plate to the other edges. This
process continues until the heat created through the bending of the
plate dissipates the wave energy. The waves are induced in the plate
by a moving-coil driver which converts the electrical input signals
into mechanical motion. The reflected waves are picked up by con-
tact microphones which sense the varying pressure of the steel plate
against them as the waves pass the points at which the microphones
are mounted (Fig. 5-43B shows reverb time versus frequency for
various decay-time settings) and the waves are converted back into
electrical signals (Fig, 5-44).

The EMT is available in both a mono and a stereo version. The
mono version uses a single driver and a single pickup mike, while
the stereo version uses a single driver and two pickup mikes. Thus,
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(A) The EMT 140 TS echo plate.
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Fig. 5-43. Echo plates.

in the stereo version all signals to be reverberated are either com-
bined before being sent to the EMT and fed into one of the two
inputs of the EMT (Fig. 5-45A), or the signals are divided between
the two inputs of the EMT and are combined in the EMT ampli-
fier (Fig. 5-45B). In both cases, the driver receives a mono signal,
and it is the presence of two pickup mikes that produces the stereo
effect. The stereo output is achieved by spacing the pickup mikes
at different distances from the driver and on opposite sides of it.
As a result of this spacing, not only does the wave traveling direct
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Fig. 5-44. The waves induced in the plate by the driver are reflected at the edges and
converted into electrical signals by the pickups.

from driver to pickup take longer to reach one pickup than the
other, but the reflected waves picked up by each driver at any time
will have arrived there via different path lengths and will therefore
be more or less out of phase with each other.

If we feed a dry signal equally to both speakers of a stereo system
and add a reverberated signal which is 0° out of phase with the dry
signal to the right speaker and a reverb signal which is 90° out of
phase with the dry one to the left speaker, the reverb appears to

#

#

ACN

MONO SIGNAL
TO EMT INPUT 1 OR 2

(A) Combined outside the EMT.

é/ INPUT 1

g INPUT 2

EMT ELECTRONICS

TO DRIVER

(B) Combined in the EMT.

Fig. 5-45. Two methods of obtaining a mono signal to feed the EMT plate driver.
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come from the right (Fig. 5-46A). If the left speaker reverb were
0° out of phase with the dry signal and the right channel reverb were
90° out of phase, the reverb would appear to come from the left
(Fig. 5-46B). If the left and right reverb signals were in phase with
each other but 90° out of phase with the dry signal, the reverb
would appear to come from between the two speakers (Fig. 5-46C).
If the left reverb were +90° out of phase with the dry signal and the
right reverb were —90° out of phase with the dry signal, the echo
appears to come from both the left and right side and not from the
middle (Fig. 5-46D). In use, the phase relationships between the
two pickup mikes and the dry signal are constantly changing when
program material is sent to the EMT, since more than one wave
reflection reaches a pickup at any time .Therefore, the reverb signal
appears to come from all locations in and between the left and right

speakers (or outputs of the EMT).
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(C) Both left and the right reverb channels (D) Reverb channels are 180° out of
90° out of phase with the dry signal. phase with each other.

Fig. 5-46. The random phase relationship of the signals at the EMT plate outputs make
the reverb appear to come from all directions.

The decay time of the EMT 140 TS is variable from 1 to approxi-
mately 4 seconds. It is changed by moving a plate covered with
acoustic absorbing material closer to the steel plate to shorten decay
time and farther from the plate to lengthen it. The motion of the
damper plate is controlled either by a handwheel on the unit or
remotely by a motor mounted on the unit which is operated by two
push buttons on the console. The decay time is indicated by a meter
just above the push buttons. One push button lengthens the decay
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time while the other shortens it. The meter is calibrated from 0 to
10, with each unit equal to % of a second (Fig. 5-47). The absorp-
tive plate decreases the decay time by damping the vibration of the
air molecules set in motion by the steel plate, which in turn damps
the vibration of the plate.

Since operation of the handwheel or motor introduces some noise
into the reverb output, the decay time should not be varied during
the program. In addition, any movement of the steel plate produces
an output signal from the unit, so it must be kept in a room where it
is not likely to be bumped into or vibrated by sound waves. Usually
several units are placed in the same room because they do not inter-
act with each other. The units are fairly fragile and should not be
transported or moved after they have been set up, or the plate may
be damaged.

The input or output of the EMT plate can be EQed for special
reverberation effects. A 700-Hz, high-pass filter connected at the
output of each EMT channel is often used to increase the bright-
ness of the echo and to reduce the low-frequency reverberation time
which otherwise would increase more rapidly than the high-fre-
quency time as overall decay time is increased. Although increased
reverb time at low frequencies is typical of large halls, the per-
sistence of too much low-frequency sound can make pop music
sound boomy or overly full and unclear, as well as causing the VU
meter to read considerably higher than the apparent loudness of a
program. Reducing the low-frequency output of the plate enables
the engineer to increase the overall volume without overloading the
tape.

Recently, the EMT 240 reverb unit has been introduced, using a
12-inch-square piece of gold foil instead of the steel plate (Fig.
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Fig. 5-47. The EMT 140R remote decay
time controller.
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Fig. 5-48. The EMT 240 reverb foil with protective
covers removed.

5-48). This unit has many advantages over the Model 140 TS: it is
only 14 the size, approximately 2 feet by 2 feet by one foot; it is less
sensitive to physical shock and requires no retensioning or recalibra-
tion after being moved, making it practical for location recording
(although it does weigh 132 pounds); it is less sensitive to ambient
noise, requiring an environmental noise level of less than 80-dB spl
as compared to the Model 140 TS requirement of less than 50-dB
spl; its first reflection is delayed three times longer than that of the
Model 140 TS, giving a more realistic character to the reverberation;
and the reflections are twice as densely spaced so that frequency
coloration of the reverb is reduced. The decay time is variable from
1 to 4 seconds by adjusting the proximity of an absorptive plate to
the foil and can be remotely controlled as with the Model 140 TS.

Spring Reverb Units

A second type of reverberation device is the spring reverb unit.
One design utilizes springs which are connected to rotating mag-
netic rods on each end. The rods on one end are subjected to a
magnetic field created by a coil through which the signal to be
reverberated is flowing. The magnetic field causes the rods to rotate
and create a wave in the form of a twisting motion in the springs.
The propagation velocity of the wave in the springs is much lower
than the speed of sound in air and varies with the thickness of the
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spring wire, the number of turns to the inch, and the length of the
spring. The spring length in these units is usually about one foot
per set.

In practice, several sets of springs are used, and each set consists
of at least two springs connected in series. The series springs are
chosen to have different wire sizes and different numbers of turns
to the inch. When the wave reaches the far side of the springs, it
causes another set of magnetic rods to rotate and induce a current
flow in a coil which converts the rotating mechanical motion into
electrical current which is then amplified and becomes the reverb
signal (Fig. 5-49). The signal does not just pass through the springs
once, however. At each junction (rod to spring, spring to spring,
and spring to rod), part of the signal is reflected back through the
spring it just flowed through, so that it takes longer for certain parts
of the input signal energy to reach the output of the springs. The
springs dissipate energy in the form of heat, so that the waves which
have followed longer paths are lower in level than the other waves
by the time they reach the output. Since the springs are different,
they create different delay times, so the net effect is that of many
reflections coming shortly after the input signal, closely spaced but
decreasing in both the time between reflections and in level as time
passes (Fig. 5-50).

The decay time of this type of spring unit can be decreased by
bringing some acoustic absorbing material such as fiberglass near
the springs to absorb the energy of the air molecules around the
springs and damp out their rotating motion. Several examples of
this type of reverb unit are the RCL Electronic, the Fisher Space

Fig. 5-49. A spring reverb unit.
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Fig. 5-50. The signal path in a spring reverb unit. A reflection occurs at each boundary:
spring to spring and spring to rod.
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Expander, and the Hammond spring reverb unit used in most elec-
tric guitar amplifiers.

A second type of spring reverb uses springs hanging vertically
and connected to a moving coil driver. The springs are hung so that
the bottom of one of them sits in a tube filled with oil, which damps
its oscillations. Another of the springs is connected to a transducer
that converts the mechanical motion of the spring into electrical
energy. Instead of twisting the springs, this unit alternately stretches
and compresses them (Fig. 5-51). The time delays are created by
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|
Fig. 5-51. A simplified diagram of a spring !
reverb unit using oil to damp \

the vibrations.

PICKUP F’SIGNAL

the propagation velocity of the waves in the springs and by the
multiple reflections that occur both when the waves hit the oil and
when a wave reaches the junction of two springs. The height of the
oil in the tube determines the decay time of the unit. As the height
of the oil rises, damping increases and the decay time decreases. The
decay time in this type of unit usually remains fixed because drain-
ing and refilling the tube with oil is a messy job.

Most spring reverb units suffer from the problem of sounding
tinny, unnatural, and in general very reminiscent of springs. Differ-
ent designs have attempted to eliminate the problems through care-
fully controlled spring lengths and equalization to achieve smooth
frequency response. Regardless of what is done, most of them still
have not changed in type of sound. These units do have the advan-
tage of small size and low cost, making them attractive for small
studios or as a secondary echo chamber to be used only on instru-
ments where their sound quality will not be objectionable.

AKG has overcome the problems of spring-type echo chambers in
their Model BX 20E through the use of specially designed spring
and damping elements (Fig. 5-52). The units consists of two identi-
cal reverberation channels which can be used either independently
as two mono chambers (separation between them is better than
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Courtesy North American Philips Corp.
Fig. 5-52. The AKG BX20E reverberation unit (interior view).

60 dB) or used with their inputs in parallel to create stereo reverb.
The decay time is variable from 2 to 4.5 seconds (frequency-response
curves are shown in Figs. 5-53 and 5-54) and is controlled by elec-
tronic damping which can be adjusted remotely and separately by
two dc voltages (Fig. 5-55). Since the decay time is varied elec-
tronically, it can be changed during a program without causing any
noise. The unit is insensitive to physical shock, enabling it to be
moved for location recording without excessive precautions to pre-

T

(s} =
5 =
6 — ~
—— 4.55°
4 T
i
3

2

=

1

1

1

20 50 100 200 500 1000 2000 5000 10,000 15,000 Hz

Courtesy North American Philips Corp.
Fig. 5-53. Frequency response of decay time for BX20E.



SIGNAL-PROCESSING EQUIPMENT 151

B T
= s
m : S -
30 E— 1 = G C
— 1
STANDARD CURVET
20
1
- -
10
f " —
0 : —
2 50 100 200 500 1000 2000 5000 10,000 15,000 Hz

Courtesy North American Philips Corp.

Fig. 5-54. BX20E frequency response measured with Va-octave noise.

vent damage to the springs. It is well isolated from ambient noise
and, if desired, may be left in the control room; acoustical feedback
will not occur until the sound level of its output through the moni-
tor speakers is greater than 100-dB spl near the unit. The realism of
the BX 20E reverb is enhanced by its delay of the onset of the
reverb by 20 milliseconds for high frequencies, with the delay in-
creasing to 50 milliseconds for low frequencies. The unit is approxi-
mately 1.5 feet by 1.5 feet by 4 feet in size and weighs 110 pounds.
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PILOT
LAMP
Fig. 5-55. The remote decay time-control .
circuit for the BX20E.
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Acoustic Echo Chamber

A third type of reverb device is the acoustic echo chamber. This
consists of a room with highly reflective surfaces, in which a speaker
and a microphone are placed. The speaker is fed the signal to be
reverberated and the mike picks up a combination of direct sound
from the speaker and reflections off the walls, ceiling, and floor. By
using a directional mike and by placing the mike and speaker back
to back pointing in opposite directions, the pickup of direct sound
can be minimized. Movable partitions can be set up in these rooms
to vary the decay time (Fig. 5-56). Acoustic echo chambers have
the most pleasing and natural quality of all artificial reverb units if
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properly designed. Their disadvantages are that they use a lot of
space (typically 18 by 15 by 12 feet ), require as much isolation from
external sounds as a studio, and need high-quality speakers and
mikes. This makes the price of an acoustic chamber very high.
Smaller rooms can be used, but the bass response of the chamber
would suffer. Parallel walls are avoided in the construction of the
chamber to prevent the generation of standing waves. Acoustic
chambers can be built using large oil tanks buried in the ground, but
these tend to have a tinny quality and need equalization to produce
acceptable sound.

:
PARTITION/

Fig. 5-56. An acoustic echo chamber. Decay
time is a function of the partition position.

[ |

Distant miking can also be used in the studio to pick up the re-
flected sound of instruments to be mixed in with their direct sound.
The studio reverb time is usually short, and the room sound picked
up by the distant mikes is very mellow, giving an instrument a very
round sound,

With most reverberation devices, a certain input level will opti-
mize performance with respect to signal-to-noise ratio and distor-
tion. The input to the device should be monitored with a VU meter
which is calibrated to read zero for optimum input level. The over-
all level of the mix of the signals to be reverberated should be set
for 0 VU on the meter and the output of the device mixed in with
the dry signal so that the ratio of direct to reverberant sound can
be controlled. The decay time will determine the liveness of the
room in which the performance appears to be taking place, while
the ratio of direct to reverberant sound determines whether the sig-
nal seems to be coming from the front or the back of the room.

DISCRETE REPEAT

The next category of effect devices consists of those which pro-
duce discrete repeats of the input signal at certain regularly spaced
intervals. There are three ways of achieving this effect: using a tape
recorder, using a digital delay line, and using an acoustic delay line.

With Tape Recorder

In order to produce a discrete repeat, a tape recorder must have
separate record and playback heads. The signal is recorded on the
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Fig. 5-57. Delaying a signal with a tape recorder.

tape and played back after a short delay. The delay is equal to the
distance between the record and playback head divided by the tape
speed. The playback head signal is a single repeat of what is fed to
the tape recorder input (Fig. 5-57 ). Multiple repeats can be obtained
by returning a part of the playback head output to the input of the
recorder so that the first repeat is recorded again, delayed, and
played back again (Fig. 5-538). Variable resistor R controls the
number of repeats. The number of repeats that occur depends on
the amount of the playback signal fed back to the recorder input.
When many repeats are used, the signal gradually deteriorates into
noise because each successive record and playback cycle adds a
little distortion and tape noise. By returning too much playback
signal to the input, a feedback type of oscillation is generated. The
repeats differ from those of reverberation, regardless of how closely
they are spaced, because the time intervals between them are all
the same; while with an acoustic chamber, plate, or spring device,
there are many different intervals between reflections.

The time between repeats can be varied by either changing the
spacing between the record and playback heads or by varying the
tape speed. In practice, varying the tape speed is used because the
heads are not movable on most recorders. Some recorders, however,
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Fig. 5-58. Producing multiple repeats of a signal with a single playback head
tape recorder.
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are built especially for producing this type of tape delay and have
movable or multiple playback heads so that different intervals be-
tween repeats can be obtained (Fig. 5-59).

Digital Delay

The digital type of delay unit produces exactly the same effect as
a tape recorder used for delaying the signal, but it makes the
process considerably easier. The tape recorder requires the use of
magnetic tape either on reels or spliced into a continuous loop. If on
reels, the tape must often be rewound or turned over because it runs
out frequently. This can be especially annoying if very high tape
speeds are used to obtain short intervals between repeats. A continu-
ous loop eliminates the problem of tape run out, but the short length
of tape used in the loop passes over the heads so often that the oxide
coating wears off quickly. This results in the need for frequent loop
changes as well as frequent cleaning of the heads to remove the par-
ticles of oxide which accumulate on them. This problem also be-
comes more pronounced as the tape speed is increased. The digital
unit eliminates these problems by eliminating the use of magnetic
tape. In addition, the digital process has no moving parts to require
lubrication and frees the recorder previously used for tape delay
for other uses.

The digital delay unit encodes the analog audio signal into digital
form and feeds it into a shift register. A high-frequency oscillator

ouTPUT

INPUT —o———— MULTIPLE
} } l l REPEATS
| [ ] ] l’j‘ 7
1
ERASE RECORD ’ PB PB PB PB TAPE

TAPE MOTION
(A) By connecting different combination of playback heads.
INPYT ooy QUTPUT
ERASE RECORD | <-—- PB [—— -—d P -
TAPE

i /

TAPE MOTION
(B) By changing the playback head locations.

Fig. 5-59. Producing multiple repeats and variable delays with a tape recorder.
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Courtesy Gotham Audio Corp.
Fig. 5-60. The Gotham Delta-T Model 101 Audio Delay System.

feeds clock pulses to the shift register, causing the digital signal to
move one step through the register for each pulse. The pulse fre-
quency and the length of the shift register (the number of discrete
positions between its start and its end) determine the delay time. At
the output of the shift register, the signal is converted back into ana-
log form. Multiple outputs with independently variable delay times
are possible using a single shift register by tapping the register at
many different points, and making the points available through a
selector switch. A separate digital-to-analog converter and output
amplifier is needed for each output.

The Delta-T 101 Audio Delay System available from Gotham
Audio provides as many as five discrete repeats with delay times
variable from 5 milliseconds up to 320 milliseconds in 5-millisecond
increments for each repeat (Fig. 5-60). The Eventide Clock Works

Courtesy Eventide Clock Works, Inc.
Fig. 5-61. The Eventide Clock Works DDL 1745 digital delay line.
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Model DDL 1745 Digital Delay Line operates similarly except that
its delay lines are available with two-millisecond step increments,
and it is expandable to a total of 800 milliseconds_of delay with an
unlimited number of outputs (Fig. 5-61).

Acoustical Delay Line

The third method of producing time-delay signals is the acous-
tical delay line. Sound is fed through a long coiled tube or pipe and
picked up at the far end by a microphone. The delay time is con-
trolled by the length of the tube. Although this method is not new,
it has always suffered from severe peaks and dips in frequency
response.

Courtesy United Recording Electronics Industries

Fig. 5-62. Cooper Time Cube electronics unit with the delay lines in the box behind it.

The Cooper Time Cube shown in Fig. 5-62 produced by UREI
has overcome this problem and provides two delay channels with
40-dB isolation between them. The delay available is fixed at
16 milliseconds for one channel and 14 milliseconds for the other,
with a 30-millisecond delay possible by connecting them in series.
The Time Cube consists of a 2 feet by 2 feet by 9 inches wooden
case which contains the delay lines and transducers, and a rack-
mounted electronics unit which contains the driving and pickup
amplifiers, equalization, and power supply. The delay line is rela-
tively insensitive to ambient noise (an 80-dB spl signal at the out-
side of the wooden case produces no more than a —60-dBm output)
and can be connected at a distance from the electronics by standard
mike cables. Each electronics unit is factory equalized and cali-
brated to its delay lines. Fig. 5-63 shows typical frequency curves for
the Cooper Time Cube.

The use of delayed signals is the same regardless of how they are
obtained. The perception of the ear of more than one instrument
playing at a time depends on the lack of exact synchronization
between the instruments. No matter how good the musicians are,
the fact that each instrument is a different distance from the listener
ensures a lack of synchronization at the listener’s ear due to the
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different times necessary for the waves to reach the listener. By re-
peating a single signal with a slight time delay, the apparent num-
ber of instruments playing is increased. This process is called
electronic doubling or automatic double tracking (ADT). Often
doubling and tripling is done by the artists themselves through
multiple overdubs, so that one violin can sound like an ensemble or
so that two vocalists sound like a chorus. Doubling can also be used
to strengthen weak vocals because slight irregularities in one per-
formance are hidden by the other performance. If the delay time is
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Fig. 5-63. Cooper Time Cube frequency-response curves.

long enough that the repeat is heard discretely (more than about
35 milliseconds), the repeat is often called slap echo or slap back
and has the effect of causing the rhythm to bounce or double.

Another important use of delayed signals is in conjunction with
reverb units. The ear judges the size of a room by the time interval
between hearing the direct sound and hearing the first reflection
from the surrounding surfaces. The longer this interval, the larger
the room appears to be. Feeding a signal to a delay unit and then
feeding the delayed signal to a reverb unit gives the engineer con-
trol of the first reflection and controls the apparent size of the room.
This is called delaying the echo send signal.
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VARIABLE TAPE SPEED

Although constant speed is required of tape machines for standard
recording and playback, continuously variable tape speed can pro-
vide several interesting effects. When used for tape delay echo, a
variable-speed machine can produce varying delay times. The pitch
or key of a song can be raised or lowered to accommodate an instru-
ment or voice which cannot perform in the original key of the song
due to limited range or tuning to other than concert pitch but can
also play its part if the key is changed during the overdub session.
After the overdubs are done, the tape can be played back at normal
speed and the overdubbed instruments will appear as though they
were played or sung in the key of the song. Finally, a song which is
too slow or too fast can have its tempo changed.

There are limits on these methods of changing tempo and key,
however. As the tempo is increased, the pitch also changes, and in-
struments can sound unnatural if their pitch is changed too much.
This results from the timbre of the instrument remaining the same
while the pitch of the fundamental changes. When instruments
change pitch in performance, the timbre changes too. A large pitch
change without a timbre change sounds artificial.

METHODS OF VARYING TAPE SPEED

There are three methods of varying tape speed. One uses a
standard tape recorder with a synchronous capstan motor (the
speed of this motor depends on the frequency of the ac power driv-
ing it), a second uses a servo motor which rotates the capstan at a
speed proportional to a dc voltage applied to it, and the third device
uses a combination of rotating heads and a variable-speed capstan
motor.

Synchronous Motor

The first method uses a standard synchronous capstan motor such
as found in the Ampex AG440 and applies 110 volts ac to it at vary-
ing frequencies. The synchronous recorder runs at 15 ips only when
the power-line frequency is 60 Hz. If the frequency is raised to 65
Hz, the tape speed becomes greater than 15 ips, and if the power-
line frequency is lowered to 55 Hz, the tape speed becomes lower
than 15 ips. The power frequency is made variable through the use
of a variable-frequency oscillator (vfo) and a power amplifier, such
as a Maclntosh 275 or Bogen M100, that can put out 110 volts ac
at any audio frequency. The combination of the vfo and the power
amplifier is called a variable-speed oscillator (vso) (Fig. 5-64). The
standard power line (to the motor only, not to the electronics of the
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recorder) is replaced by the vso through the use of a switch or by
the removal of a dummy plug on the tape transport and plugging
the vso in through this socket. The speed of the tape is then varied
by varying the oscillator frequency.

The voltage output of the power amplifier must be monitored with
a meter so that neither too much nor too little voltage is applied to
the motor. The voltage tolerance is from about 100 to 120 volts.
Since the motor is designed to operate at 60 Hz, there is a limit to
how much the applied frequency can be varied. Normal limits are
between approximately 25 and 100 Hz. The motor may tend to stall

r 1 r (I
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Fig. 5-64. Varying the speed of a hystersis synchronous motor.

or overheat if used for long periods of time outside this range. The
range of speeds attainable can be increased by using the high- and
low-speed controls on the recorder in conjunction with the vso.

Servo Motor

The servo motor capstan system uses a dc motor which changes
speed with the applied dc voltage. Normally, a tachometer (tach)
pickup is mounted next to a notched wheel on the capstan assembly
and counts the number of notches that pass it per second. This fre-
quency is compared with the frequency (determined by system de-
sign) which results when the capstan rotates at the correct speed
and causes an increase or decrease in the dc voltage applied to
the motor as necessary to produce the proper frequency output
from the pickup. Variable speed can be achieved by varying the
frequency that the speed-control circuit wants to see at the output
of the tach pickup or by disconnecting the speed-control circuit and
directly varying the dc voltage applied to the motor. The first of
these methods provides more stability but requires more circuitry.
The second method is simpler to achieve, but requires a well-regu-
lated dc power supply to prevent speed fluctuations. A servo motor
capstan can be made to move tape at speeds from 0 to 60 ips or
higher, and therefore it provides much more flexibility than the vso
system.
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The newer Ampex MM1000s are supplied with a servo motor cap-
stan and have built-in plus and minus half-tone speed change push
buttons as well as continuously variable speed. Many other recorders
such as those made by Revox, MCI, 3M, and Studer have this vari-
able-speed capability; they also use servo motor capstans.

Rotating Playback Head

The third method of achieving the effect of variable tape speed
uses a device that may be attached to any standard Y-inch tape
recorder. The unit has the ability to vary tempo without varying
pitch or to vary pitch without varying tempo. These effects are
achieved through the use of a rotating playback head which con-
sists of four parallel playback gaps mounted on a cylinder and
angled 90° apart. The tape is wrapped around this head in such a
manner that one gap is always in contact with the tape, ensuring
continuous reproduction regardless of the head’s rotational position.
Since the pitch of the reproduced signal depends on the speed of the
tape with respect to the playback gap, rotating the head opposite to
the direction of tape travel increases the relative speed without
affecting the playing time of the signal, so the pitch rises while the
tempo remains the same. If the head is rotated in the direction of
tape travel, the tape-to-gap speed decreases and the pitch is lowered.
If the playback head is stationary, the pitch is normal. To effect a
tempo change without a pitch change, the reel-to-reel tape speed
is varied via the capstan motor to achieve the desired tempo, and
then the playback head rotational speed is adjusted to bring the
pitch back to normal.

The actual lengthening of a program comes about by the head
repeating certain sections of the tape, while the shortening of a
program is achieved by the playback head omitting certain sections
of the tape. For a 20% increase in speed, every fifth section of the
tape is omitted, while for a 50% reduction, every second section is
repeated. To prevent the omission or repetition of segments from
causing noticeable distortion, the variations in speed adjustment
must be limited to a maximum length of 30 milliseconds or less per
section. This length is shorter than any musical or spoken sound and,
therefore, can be repeated or omitted without being noticed. Thus,
the distortion-free speed adjustment range is limited to between 90
and 120% of the original speed. The unit is called the Eltro Tempo
Regulator.

Another effect which can be achieved using a tape recorder is
that of playing an instrument backward. This can be achieved by
recording the signal normally (Fig. 5-65) and playing it back with the
tape path around the capstan and capstan idler reversed from normal
(Fig. 5-66 ), or by recording the signal normally and flipping the tape
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Fig. 5-65. Normal tape path. Fig. 5-66. Tape path to play a

tape backward.

upside down for playback. The second method is the one normally
used in multitrack work.

To record a backward guitar track, for example, the master tape
is put on the machine upside down, and the guitar player listens to
the master tape played backward in sel sync while playing his part
normally (i.e., forward). The tape is then returned to the right side
up position, and the master tape plays normally while the guitar re-
produces backward.

The main concern in this procedure is that if the guitar track is to
play backward on track 2 of a 16-track tape, it must be recorded on
track 15 when the tape is upside down because 2 is the second track
from the top of the head, and 15 is the second track from the bottom.
When the tape is upside down, the track order is inverted relative

RECORD HEAD
TAPEUPSIDE DOWN

16 1

15 2

14 3

Fig. 5-67. To achieve a backward instry- : §
ment effect on track 2,flip the tape upside
down and feed the Instrument to channel :
15 of the tape machine. This corresponds :
to track 2 on the upside-down tape. 3 14

— 15
16

—

15 IS SECOND TRACK FROM THE BOTTOM OF
THE RECORD HEAD

to the recorder heads (Fig. 5-67). The tape cannot be recorded back-
ward using the method of reversing the tape-threading path around
the capstan to move the tape from the take-up reel to the supply reel,
because the erase head would erase the signal as soon as it left the
record head. Disconnecting the erase head would only result in a
distorted bias signal which would be too low in level to bias the
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tape properly unless some sort of dummy erase head were connected
in its place.

Backward effects can also be created by splicing in a section of
tape upside down so that it is played backward. Again, the tracks
will be switched around so that on a two-track stereo tape a sound
that played forward through the left channel will play backward
through the right channel.

THE PHASING EFFECT

Phasing is a term used to describe the sound which results from
any device that causes multiple sharp dips or notches in the fre-
quency response of a system in such a manner that the dip fre-
quencies vary (Fig. 5-68).

Fig. 5-68. The phasing effect creates a
comb filter with variable dip frequencies.

AMPLITUDE

FREQUENCY

The effect was originally discovered in an attempt to make use of
the slight difference in running speed of tape recorders to produce a
very short time delay to electronically double voices and/or instru-
ments. The signal to be doubled was played back in sel sync during
a mix, while the rest of the signals were played back from the repro
head. The signal from the sync head was fed to the input of two dif-
ferent tape recorders running at the same speed as the master tape.
The signals were recorded on the two separate machines, and the
signals played back from their playback heads were combined and
then mixed in with the other tracks of the master tape. Since the dis-
tance between the sync head and the playback head of the master
tape recorder was the same as that between the record and play-
back heads of the two other recorders, and because the tape speeds
were the same, the signals traveling through the two extra tape
machines arrived at the console in sync with the signals from the
master recorder playback head (Fig. 5-69).

The doubling effect should have resulted from the delay between
the two signals caused by small variations away from constant speed
in the two recorders. Instead of the straight doubling effect which
was expected, a jet-like phasing effect resulted. This was caused by
phase cancellations of the closely spaced signals to be doubled,
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hence the name phasing. These cancellations were the result of the
phase inaccuracies which occur to some extent between all record
and playback heads and amplifiers. As the instantaneous tape speed
changed, the frequency of cancellation changed, giving the jet
sound its varying pitch.

MASTER TAPE

—

MIXER —— PHASED

, SIGNAL
L

DELAY TAPE]

DELAY TAPE2
(VARIABLE SPEED)

Fig. 5-69. The signal path to create the phasing effect using a master tape machine and
two extra recorders.

Once engineers understood the principle involved in this cancella-
tion, they discovered that the cancellation effect could be enhanced
by reversing the phase of one of the signals fed to the two extra tape
recorders (i.e., putting it 180° out of phase with the other signal)
and that the frequency of cancellation could be changed by varying
the speed of one of the two extra machines either above or below its
normal speed. This was originally done by the engineer resting his
thumb on the flange of the reel to slow down the recorder slightly.
This gave rise to the term flanging, which is another name for the
phasing effect. By using a vso, the speed can be varied both above
and below normal. The phasing effect is very interesting because it
makes a signal sound different from any naturally occurring sound.

The original method of producing it requires either two tape re-
corders in addition to the machine used to play back the tape and
the machine used to record the mix, or one additional recorder and
a blank track on the master tape (which can be used as the second
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extra recorder) (Fig. 5-70). For best results a means of reversing
the phase of the signal is required. This is easily done with a bal-
anced console and patch bay, but unbalanced patch bays require the
use of a transformer connected to achieve 180° phase reversal. The
vso must also be connected for best control of the effect, and the
entire setup may take more than an hour before the effect can be
heard and before the producer can decide whether he wants to use
it or not.

MASTER TAPE RECORDER

RECORD HEAD PB HEAD

r———{swc ] |:]’
1 | 1

— SPARE TRACK ——

~  — 5 1 H ]
REC (E R MIXER PHASED
_ L . J L SIGNAL

. 180°
{ Rrec |+ % { e} 1 PHASE ';
B SHIFT

VARIABLE-SPEED TAPE RECORDER

Fig. 5-70. The signal path to create the phasing effect using a master tape machine with
a spare track and one extra recorder.

The phasing effect is the result of a moving comb filter which has
an almost infinite number of dips in its response. The sweeping of
these dips creates the phasing effect. If the dips are stationary, the
signal merely sounds like it is extremely equalized.

Countryman Associates discovered that the ear perceives the phas-
ing effect even when all but three of these dips are removed; they
designed their Model 967 phase shifter to produce the effect (Fig.
5-71). The signal to be phased is fed into the input of the device,
where it is split into two parts. One of them is fed directly to a
mixer, while the other one is fed first to a variable phase-shift net-
work and then to the mixer where it is recombined with and par-
tially cancels the original signal (Fig. 5-72). A control is provided
to vary the amount of phase shift produced and thus vary the fre-
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COUNTRYMAN ASSOCIATES PHASE SHIFTER TYPE 967
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Fig. 5-71. The Countryman Associates Model 967 phase shifter.

quencies of cancellation. The phase-shifted signal itself does not
sound phased. It is the combination of the shifted signal with the
unchanged signal which produces the effect. The depth of the phas-
ing effect is controlled by the amount of cancellation (i.e., depth of
the notches), which is maximum when the level of the direct and
phase-shifted sounds are equal. This mix is preset within the unit,
but a front-panel switch enables the engineer to obtain the phase-
shifted signal alone at the output of the device so that through the
use of the multiple jacks on the patch bay and extra faders, the bal-
ance of direct to shifted signal can be changed.

The phase-shifted signal can be used to give a stereo effect to a
mono sound by putting the direct sound in one speaker and the sig-
nal shifted by a constant amount (i.e., leave the knob on the unit in
one position) in the other speaker. Since phase shifting is a form of
short time delay, a stereo effect is produced. If, however, the signal
is later combined into mono, the phase-shifted signal will cancel cer-
tain frequencies of the direct signal and the result may not sound
very good. Therefore, when attempting this type of stereo effect, the

_— . INPUT + INPUT (A8)

VARIABLE [ 2
INPUT —>——— I, S —TT) {-T),
PHASE SHIFT | Apoer %
INPUT iINPUT
= . (a0
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Fig. 5-72. Block diagram of the Countryman phase shifter.
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engineer should listen to what happens when the signal is played
back in mono. (Remember, a majority of the fm audience listens in
- _mono-not stereo and all a-m stations are mono; many people decide
whether or not to buy albums on the basis of what they hear on
the radio.)

The Model 967 has two switches on the front panel. One is an on/
off switch for its battery and the other is a three position switch
which controls the output of the device. In the Input position, the
device feeds the input signal to the output jack and becomes a unity
gain amplifier. In the Input (A8) (Delta Theta) position, the phase-
shifted signal only is fed to the output jack. In the Input + In-
put(Af)/2 position, the output is fed a combination of the input
signal and the phase-shifted signal, which is adjusted so that the
output is at the same level as the input signal. This third position
produces the phasing effect when the front-panel knob is turned.

A more elaborate phase shifter is available from Eventide Clock
Works. In addition to the control of the notch frequencies, their
Instant Phaser (Fig. 5-73) allows the depth of the phasing to be
varied by changing the mixture of the direct and phase-shifted sig-
nals. The comb filter can be swept in four ways: manually by a knob,
automatically by a variable-frequency oscillator, as a function of
the amplitude of the input signal, or remotely by a foot pedal. Two
units can also be interlocked to provide stereo phasing.
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Courtesy Eventide Clock Works, Inc.
Fig. 5-73. The Eventide Clock Works Instant Phaser.

The phase shifter makes the phasing effect extremely simple to
connect (only two patch cords are needed) and easy to operate. The
input of the device can be connected to an unused echo send buss
and the output sent to an echo return fader so that more than one
signal can be phased, or the phase shifter may be connected directly
between a mike preamp output or recorder playback output and
an input fader if phasing is only desired on one signal. There are
several other units such as the UREI Little Dipper (Fig. 5-74) which
can produce an effect similar to phasing. These units make use of a
sharp single-dip filter with a continuously variable center frequency,
which can be swept back and forth through the audio spectrum.
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Courtesy United Recording Electronics Industries

Fig. 5-74. The Universal Audio Model 565 Little Dipper variable high- and low-pass,
peaking, and notch filter.

OTHER EFFECTS

Many other effects can be used to alter the sound of instruments.
The Teletronix LA-2A compressor can be used to get guitar amp-type
distortion on a clean track because it uses tubes and can produce
the type of overload distortion that tube-type guitar amps can. Dis-
tortion is achieved by increasing the gain control until the compres-
sor output is overloaded. This same method can be used to overload
transistorized compressors and other amps in the control room, but
their distortion is fuzzy and grating due to the predominance of odd-
order harmonics as compared to the even-order distortion products
of tubes. '

Wah-wah pedals can be used to add emphasis to certain notes in
a musical passage. The wah-wah is a variable-bandpass filter, with
the pedal controlling the center frequency of a peak boost circuit.
The amount of boost stays constant, but as the pedal is moved for-
ward, the center frequency rises; as it is moved backward, the
center frequency falls. The same effect can be achieved with certain
types of equalizers that have continuously variable center-frequency
controls, such as the International Telecomm, Inc. Models ME-230
and MEP-130 (Figs. 5-75 and 5-76). The ME-230 provides peaking
and dipping curves with EQ frequencies continuously variable in
three overlapping ranges, 10 to 800 Hz, 100 to 8000 Hz, and 400 to
25,600 Hz. The amount of boost or cut is continuously variable over
a =12-dB range, and curve shape is variable from 4 to 14 dB per
octave. A 10-kHz high-frequency and 50- or 100-Hz low-frequency
shelving EQ with continuously variable range of =12 dB is also
provided. The Model MEP-130 single-channel, console-mounted
unit has the same adjustments and specifications for the peaking
and dipping EQ as the ME-230. In addition, the high- and low-
frequency ranges can be switched to provide continuously variable
frequency-shelving curves.
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Courtesy International Telecom, Inc.

Fig. 5-75. The Model ME-230 two-channel, rack-mounted parametric equalizer.

Several companies produce frequency multipliers and dividers
made especially for horns to add octaves or fifths above or below the
fundamental frequencies. These devices can be used on other in-
struments, such as voice, but only on single notes. Fuzz boxes, wah-
wah pedals, and frequency multipliers tend to be very noisy. In
addition, they are designed to be fed from high-impedance, low-lcvel
sources, such as guitars or microphones, to high-impedance, low-
input level guitar amps, so care must be taken not to overload them
when connecting to the patch bay or severe distortion will result.

Signals can be passed through the filters and envelope generators
(electronic volume controls) of an electronic music synthesizer, but
even good synthesizers are not as quiet as other pieces of equipment
in the studio, although they are considerably quieter than fuzz
boxes and wah-wahs. The filter frequencies, signal volume, and left
to right to front to back positioning can be changed gradually or
rapidly and continuously by low-frequency oscillators or by other

Courtesy International Telecom, Inc.

Fig. 5-76. The Model MEP-130 single-channel, console-mounted unit.
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audio signals. Synthesizers themselves can be used to create new
instruments with timbres and amplitude variations unlike any
existing instrument or, if desired, very much like real instruments.

The Leslie speaker can be used to produce tremolo through the
use of the Doppler effect. The Doppler effect is responsible for the
change in pitch of a car horn as the car passes by a listener. As the
car approaches, the car speed is added to the velocity of propaga-
tion of the sound wave, and more cycles reach the listener’s ear
per second than if the car were standing still, so the pitch appears
higher than it really is. When the car moves away from the listener,
the car speed is subtracted from the velocity of propagation of the
sound wave, and fewer cycles reach the listener’s ear per second, so
the pitch appears to be lower than it really is. When the car is next
to the listenor, tho wave propagation velocity is that of sound in
air because the car is neither approaching nor leaving the listener
and the true pitch is heard.

The Leslie speaker uses rotating baffles to produce pitch variations
by causing the direction of sound radiation to rotate 360° continu-
ously. Thus, every time the axis of radiation passes the ear or mike,
the pitch rises and then falls. Since the direction of radiation is vary-
ing, the loudness of the signal also increases and decreases.

The Leslie speaker has two speakers in it, one for frequencies
above 500 Hz and one for frequencies below 500 Hz. Since the two
speakers are located respectively at the top and bottom of the
speaker cabinet, best results are achieved by using one mike for the
highs and another for the lows. The mikes should be pointed into the
louvres (vents) rather than into the open back of the cabinet because
the vents act to change the phase of the signals and produce a
stronger effect. The baflles have two speeds, a fast tremolo and a
slow one. The slow speed produces an effect very reminiscent of
phasing.

Although the Leslie speaker was designed for use with an elcctric
organ, it can be used with any electric instrument or any sound
picked up by a mike. Signals can also be played back into a Leslie
speaker from a tape recorder and be added to a mix or rerecorded
on another track to give the Leslie effect to any signal. The effect is
most pronounced for middle and high frequencies and is only no-
ticeable on low-frequency tones that are sustained. Combining the
Leslie with reverberation greatly enhances the effect; as a result,
several studios have put Leslie speakers inside their acoustic echo

- chambers so that this effect may be selected at the push of a button.
Just as signals can be played back through a Leslie speaker and re-
corded, signals can be played back through cheap car-radio speakers
and rerecorded to give the sound of a record being played or sung
through a radio.
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The Sono-Vox sound-effects machine enables recorded sound ef-
fects to be formed into words by the human mouth. A device called
an articulator is held against the throat of the person who will con-
trol the effect, and it induces the sound effect into his throat at the
same point that the human vocal cords produce sound. He then
mouths words into a mike, but makes no sound of his own. Through
the use of this device, whistles, for example, can be made to pro-
nounce words.

Electronic rhythm boxes can be used instead of real drummers or
to keep time if a drummer is to be overdubbed. Similarly, metro-
nomes can be recorded on the tape so that musicians have an exact
time base to work with when no drummer is present. These devices
can be connected into the patch bay if they have electrical outputs.
If they are mechanical, they can be miked.

Crossfading can be used between songs on an album to eliminate
the space between songs. Final mixes are used, and the beginning of
one song and the end of another song are recorded on a multitrack
tape (at least four tracks for stereo mixes or eight tracks for quad
mixes) so that the second song begins at the desired point relative
to the first. This tape is then mixed down to two tracks (four for
quad) so that the songs overlap smoothly. This crossfaded piece of
tape is then spliced into the end of the first song and the beginning
of the second song.

Care must be taken that the level of the songs on the mix match
those of the original tapes so that the splice will not be noticeable.
There is an increase of tape noise during the spliced-in portion, but
if the tape is quiet to begin with, it will not be noticeable. If the hiss
is noticeable at the splice, both songs can be recorded entirely on
multitrack tape, beginning the second song where the crossfade is
desired so that the increased noise level will be constant.

Through the use of the stereo interconnect outputs on compressors,
the volume of one instrument can be controlled by another. For ex-
ample, a voice track can be set to cause gain reduction both in its
own compressor and in a compressor through which background
music is passing. The voice signal can be tapped before entering its
compressor and mixed in with the output of the music compressor.
The music compressor is set so that the music does not trigger gain
reduction. When the voice is present, compression is triggered in
the music compressor and the music fades down to allow the voice
to be heard. When the voice stops, the music fades back up. The
signal output of the voice compressor is not used in this application.

Other sound effects such as birds, whistles, trains, etc., can be
mixed into songs by overdubbing them at the appropriate spots on
the multitrack tape. Bottles, ash trays, hand claps, foot stomps, coins,
or any other object imaginable can be used for rhythm instruments
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and even for melodic lines if they can be tuned (for example, bottles
with different amounts of water in them). With proper EQ and
placement in the mix, many odd noise makers can become musical
instruments which complement the music but which listeners can-
not identify as a specific instrument.
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CHAPTER 6

Consoles

The function of the console is to provide control of volume, tone,
blend, and spatial positioning of signals applied to its inputs by
microphones, electronic instruments, and tape recorders, and to
route these signals to a monitor system and a tape machine so that
they can be heard and recorded. Before the introduction of multi-
track tape machines, all of the sounds which were to be part of a
recording were mixed together during the live performance. If the
recorded blend was not satisfactory, the selection had to be per-
formed again and again until the desired balance was obtained. The
availability of multitrack tape machines has made recording a three-
stage process.

RECORDING

During the first stage, called recording, either some or all of the
instruments to be used in a song may be recorded. The instruments
are divided into groups of one or more, as determined by the desires
of the producer and the engineer, to exercise individual control over
their tone, level, and spatial characteristics in the final product. Each
of these groups is recorded on a separate track of the master tape.
This is done by connecting the microphones to the input section of
the console and assigning each mike to a console output through a
series of switches or push buttons called the output assignment
matrix. If several instruments are to be recorded on one track, their
microphones are assigned to the same console output channel and
the balance between them is adjusted by using the level control pro-
vided for each microphone input. Although tonal and spatial changes
can be made at this point, the bulk of these are usually made in a
later stage. Each of the console main outputs is connected to a dif-
ferent track on the tape machine. For simplicity, console output one
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is connected to track one, output two to track two, and so forth. Each
track is recorded at a level as high as possible without overloading
the tape and without regard to its musical relationship to the instru-
ments on the other tracks. This is done to achieve the best signal-to-
noise ratio on each track of the tape, so that the realism of the final
product will not be impaired by the audibility of tape hiss.

Monitoring

Since the producer and engineer must be able to hear the instru-
ments as they are recorded and when the tape is played back in order
to judge the quality of the performance, the console and tape ma-
chine outputs are connected to a monitor mixer. In the program
mode, the console outputs feced this mixer to allow the different
groups of instruments to be blended in the monitor speakers while
being recorded separately on the master tape. In order to hear an
approximation of the final product, a separate monitor level control
is provided for each consolc output, as well as a switching control to
assign each signal to a spatial location in the stereo or quad moni-
tor speakers. The monitor mixer often has echo facilities so that
monitoring can be even closer to the final product.

In the tape playback mode, the tape machine outputs are con-
nected to the mixer level controls. The switching is set up so that
the mixer control, fed by console output one in the program mode,
is fed by tape track one in the tape playback mode at the same
level. This permits the balance set during recording to be heard
again during playback without readjusting the level controls.

Overdubbing

If instruments not present during the original performance are
desired in the recording, or if one or more musicians made minor
mistakes during an otherwise good performance, a second recording
stage called overdubbing is begun. The musicians wear headphones
and play along with the previously recorded tracks. The new per-
formances are recorded in synchronization with the original on
empty tracks or on tracks containing information no longer desired.
When overdubbing is done, the first recorded tracks are called the
basic or rhythm tracks. The monitor mixer is put in the sync mode
which allows either program or tape playback to be selected indi-
vidually for each mixer input.

Mixdown

After all the desired musical parts have been performed and re-
corded satisfactorily, the mixdown or remix stage takes place. The
microphones are disconnected from the console inputs, and the out-
puts of the multitrack tape machine are connected in their place.
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This is usually donc by changing the mike/line switches on the
appropriate console inputs to the line position. The master tape is
played over and over while the level, tone, and spatialtharacteristics
of each track are adjusted. At the same time, the individual signals
are blended into one or more composite signals which are sent to
the console outputs. The outputs are now connected to a one-, two-,
or four-track recorder, depending on whether the product is to be
mono, sterco, or quad. The blend is monitored in the program mode
of the monitor mixer, and when it is satisfactory, it is recorded. When
approved, this recording is called the final mix and is used to cut the
records. The mix tape can be played through the monitor system
by switching it to the tape playback mode, which now connects the
monitor mixer to the outputs of the mixdown recorder.

PROFESSIONAL CONSOLES

The consoles used in modern professional multitrack studios have
similar controls and capabilities. They differ mainly in appearance,
the location of the controls, and ease with which certain results can
be achieved (i.e., at the flick of a switch, or patched in at the patch
bay). The consoles are usually designed using plug-in modules
which are mounted in a custom-designed cenclosure. The plug-in
nature of the modules makes them easily removable for servicing
and makes modules of the same type interchangeable. For example,
if one equalizer breaks down, that EQ module can be replaced by
either a spare or a unit borrowed from an input channel not in use
at that time. An example of a well-equipped console with features
paralleling or improving on those in most other consoles is the Auto-
mated Processes, Inc. (API) Model 2824 (Fig. 6-1).

Patch Bays

The components of the console interconnect in the patch bay
(also called the patch panel or patch rack) shown in Fig. 6-2. This is
a panel which contains a jack corresponding to the input and output
of every discrete component or group of wires in the control room.
One jack is said to be normalled to another if the components con-
nected to the two jacks are connected directly to each other when
there is a plug in neither jack (Fig. 6-3), but are not connected if a
plug is inserted in either jack. When a plug is inserted into one of
the two normalled jacks, it is said that the normal between those
jacks has been broken (Fig.6-4).

The purpose of breaking normalled connections by the insertion
of a plug is to enable the engineer to connect different or additional
pieces of equipment between two normally connected components
using patch cords. For example, a limiter can be temporarily patched
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Fig. 6-4. A plug inserted into the preamp output jack or the EG input jack breaks the
normal connection,
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RING SWITCH
RING 1\, ° \ -
LE - ﬁ
SLEEVE — ©
TIP SWITCH
(A) Balanced jack. (B) Balanced jack with switches.
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Fig. 6-5. Types of balanced jacks, and plug used with them.

between a mike preamp output and an equalizer input. The same
limiter could later be patched between a tape machine output and a
console line input. Other uses of the patch bay are to bypass de-
fective components or to change a signal path to achieve a certain
effect. Patch bay jacks are usually balanced tip-ring-sleeve types
having two conductors plus ground, for use with balanced circuits
(Fig. 6-5). Unbalanced jacks and plugs have only tip and sleeve
connectors (Fig. 6-6).

TIPJ:T\ —o "HOT" SIDE INSULATOR
© GND ; §

SUEEVE - HANDLE” SLEEVE TiP

(A) Jack. (B) Plug.
Fig. 6-6. Unbalanced jack and plug.

Preamps

The output level of microphones is very low and requires specially
designed amplifiers called mike preamps to raise this level to that
needed by the console without degrading the signal-to-noise ratio.
The electrical signals produced by a mike are actually electrons in
motion. Since electrons are moving from atom to atom in any con-
ductor at temperatures above the absolute zero of —273 °Celsius
(formerly centigrade), there is a limit to the quietness of an electrical
system with a certain frequency response. When any signal is ampli-
fied, noise caused by random electron motion in the signal source is
also amplified. Transistors and tubes also generate noise which is
added to the signal. Since amplifiers cannot distinguish between de-
sired signals and noise, both are amplified equally. Once the signal
reaches a certain level, however, the noise added to it by high-
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quality components is insignificant. The signal-to-noise ratio is pri-
marily determined by the mike preamp which raises the signal to
this higher level. Balanced mike lines and mike preamp inputs re-
duce the noise content of the signal in comparison to unbalanced
lines and inputs.

All amplifiers have a maximum undistorted output level. If a signal
fed into a mike preamp is high enough that the preamp gain raises
it above this level, the signal becomes distorted. Fig. 6-7 shows the
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= &\& QuTPUT
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Fig. 6-7. The irnpur-ompul curve for a = Q\:.}
mike preamp. g )
3 4101
3 0 0

INPUT LEVEL (dBm}

input-output curve for a mike preamp with 40-dB gain and a +30-
dBm maximum output before clipping. The preamp output follows
the 45° line when the input signal is below —10 dBm. When the in-
put signal rises above this level, the gain of the amp tries to raise the
output signal above +30 dBm, so the signal is clipped, producing
severe distortion. To avoid this, API provides a means of reducing
both the gain of the preamp and the level of the incoming signal.
Fig. 6-8 shows API's Model 515] input module which contains a
mike preamp. The mic TRiM control varies the preamp gain over a
continuous 36-dB range from +4 to +40 dB, and the rap switch in-
serts a 20-dB attenuator ahead of the preamp. The pad decreases the
signal-to-noise ratio, so it is used only when the signal level applied
to the mike input is so high that even the 4-dB minimum gain of
the preamp results in distortion. To obtain the lowest noise levels,
the gain is set to amplify the input signal only as much as is needed
by the console.

The output of the mike preamp is fed to a phase reversal switch.
This switch is used to effect a 180° change of phase in the input sig-
nal to compensate for a microphone or mike cable that is out of
phase. This prevents the cancellation which occurs if out-of-phase
mikes are mixed. It can also be used to deliberately put two signals
out of phase.

Equalizers

The output of this switch is normalled to the Model 550A equal-
izer (Fig. 6-9). This unit provides simultaneous control of three
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Courtesy Automated Courtesy Automated Courtesy Automated

Processes, Inc. Processes, Inc. Processes, Inc.

Fig. 6-8. The APl Model 515  Fig. 6-9. The APl Model Fig. 6-10. The APl Model
input module. 550A equalizer. 440 fader.

overlapping frequency ranges: The high frequencies are 5, 7, 10,
12.5, and 15 kHz; the midrange frequencies are 0.4, 0.8, 1.5, 3, and
5 kHz; and the low frequencies are 50, 100, 200, 300, and 400 Hz.
The frequency to be affected is selected by the inner of the two con-
centric knobs provided for each range. The outer knob controls the
amount of boost or cut, which is variable in steps to =2, 4, 6, 9, or
12 dB. All three ranges produce peaking and dipping curves, and
the high and low ranges can be individually changed to produce
shelving curves by depressing the nr and LF buttons, respectively.
An audio-frequency bandpass filter with 3-dB down points at 50 Hz
and 15 kHz is inserted into the equalizer circuit by the rLTR toggle
switch. With the filter, any signals above or below the audio range
(such as high-frequency oscillations or rumble transmitted through
the studio building) are attenuated with minimal effect on the sound
of the program material. The v push button enables the engineer
to put the selected EQ in the circuit or to remove it. No switching
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noise occurs, so EQ can be added or removed during a recording.
An LED illuminates when the EQ is in the circuit.

The EQ output is normalled through the input channel on/off
button to the linear motion channel volume control, which is called
a fader or pot (potentiometer). The fader is an API Model 440. Its
scale indicates the number of dB attenuation introduced into the cir-
cuit (Fig. 6-10). When the knob is at the top position, attenuation is
0 dB (neglecting the constant insertion loss of the fader which is
inherent in its design). Attenuation increases to a maximum of 90 dB
when the knob is in the « position. The on/off button allows a sig-
nal to be inserted into or removed from a program on command
without disturbing the setting of the fader.

The fader output is normalled to a switchable high-pass filter con-
trolled by the rrTR 1 and 2 buttons on the input module. These pro-
vide a bass rolloff at 12 dB per octave with turnover frequencies of
70 Hz or 100 Hz for buttons 1 and 2, respectively, or 200 Hz for both
buttons together. These rolloffs are included to compensate for the
increased bass output of directional microphones when used in
close miking if no rolloff is available on the mike itself. They can
also be used in conjunction with the equalizer to provide additional
control over low-frequency signals.

THE ACTIVE COMBINING AMPLIFIER

The output of the high-pass filter is connected to the output
switching matrix (Fig. 6-11) either directly or through the pan pot,
depending on the position of the paN push button. The switching
matrix (also called the track, channel, or submaster selector switches)
consists of 16 push buttons which determine to which output of the
console (and therefore which track of the tape) a signal is sent.
Each button connects the signal of that input to a mixing amplifier.
The mixing amplifier combines it with the signals from all other in-
puts for which the same channel-selector button is depressed. This
mixing amplifier is called an active combining amplifier (ACA),
active combining network (ACN), or summing amplifier. An ACA
is designed to have many inputs, each isolated from all the other
inputs.

In Fig. 6-12, due to the isolation between the inputs of an ACA,
signal A does not appear in the output of ACA;, and signal C does
not appear in the output of ACA,, even though signal B is fed
equally to both ACAs. The channel-selector push buttons illuminate
when they are in the o~ position to enable the engineer to easily
see where each input signal is assigned.

The pan pot has one input and two outputs; the relative levels of
the two outputs vary with the pan-pot setting. When the pot is cen-
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Courtesy Automated Processes, Inc.

Fig. 6-11. The switching matrix on the 2824 console.

tered, the outputs are at equal levels. As it is turned to one side or the
other, one output increases in level while the other decreases until
one output is fully on and the other is fully off, when the control is
turned completely to one side. The outputs of the pan pot are labeled
for the direction of knob rotation which increases the level of that
output. The output which increases when the knob is turned to the
right is called the right-channel output, and similarly for the left
channel.

A f
o—
ACA, OUTPUT* A + B
o
B
N |
INPUTS
1
c —
—
ACA, OUTPUT=B + C
o— |
o— |
o

Fig. 6-12. Isolation between inputs of an ACA.
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The most common use of pan pots is in mixing where they are
used to position instruments to the left, right, front, back, or some-
where between the stereo or quad speakers. Pan pots can also be
used to make the signal source appear to move from one location to
another. When the pan button is on, the left output is connected to
the odd-numbered push buttons on the output switching matrix,
while the right output is connected to the even-numbered buttons.
This allows the input signal to be panned between any odd/even
combination of output channels desired, determined by the channel-
selector buttons depressed.

Quad pan pots having one input and four outputs which vary
according to the position of a joystick control are available at the
patch bay (Fig. 6-13). The position of the joystick indicates where

Fig. 6-13. The API Model 480 quad
pan pot.

Courtesy Automated Processes, Inc.

the signal source would appear to be in a quad mix. Moving the
joystick in a circle would make the signal appear to move in a circle
around the listener. The signal to be panned is patched into the
quad panner input, and the four outputs are patched into the inputs
of the ACAs for the output channels.

The output of each ACA is normalled to a Model 475 submaster
fader. It has the same characteristics as the Model 440 input fader
but is only one-half the width (Fig. 6-14). This fader controls the
amount of signal fed to the output or line amplifier for that channel.
In turn, the channel feeds both the monitor system and the tape
recorder electronics. The submasters are unnecessary for much of
the work done at the studio, especially if only one mike is assigned
to any of the console outputs as is common in pop music sessions. In
this case, the submaster for that channel merely duplicates the func-
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Courtesy Automated Processes, Inc.
Fig. 6-14. The APl Model 475 fader.

tion of the input fader. One may be set at a fixed level, while the
other is used to adjust for the proper record level as determined by
watching the VU meter. Since the two controls are electrically in
series, having either of them other than fully on (i.e., 0-dB attenu-
ation) will decrease the gain range controllable by the other fader.
For example, if the submaster is set for 15-dB attenuation, the highest
gain available from the console by adjusting the input fader will be
15 dB below maximum.

The submasters are convenient for controlling an output channel
which is fed by more than one mike. For example, the engineer might
mike a set of drums or a horn section with three mikes, combining
them so that they can be recorded on one track. He sets the input
faders to get the desired musical balance between the three mikes
and then adjusts the console output for the proper recording level as
indicated on the VU meter. Rather than moving the three input
faders, he can adjust the submaster for that channel either up or
down to get the desired output level. It is good practice to set all
submasters at some fixed amount of attenuation, such as 15 dB, be-
fore setting input levels. Doing this leaves some flexibility should
more gain be needed later. Also, if the submasters are inadvertently
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moved between takes, they can be reset to their previous positions
without new level checks.

MULTITRACK RECORDING

In multitrack recording, most tape tracks are fed by a single micro-
phone, so only a few mixing channels arc ever used at once. Provid-
ing more than 16 mixing channels, each requiring its own ACA, sub-
master, channel-selector push buttons, and wiring, increases the con-
sole cost unnecessarily. To record 24 tracks, the output of each input
module high-pass filter is also connected to a direct-output switch
(p on the input module). This switch permits feeding the signal in
that module to the correspondingly numbered output channel. For
example, module 1 signal is fed to output 1, module 2 to output 2,
and so forth, through module 24 output being fed to console out-
put 24.

The direct switch on modules 1 through 16 disconnects the corre-
sponding submaster fader from its line amplifier and connects the
module high-pass filter output in its place. On modules 17 through
24, the direct switch just makes or breaks the connection between
the filter output and the proper linc-amp input. The direct outputs
of modules 25 through 28 are available at the patch bay. If a mixing
channel is needed for any of the tracks 17 through 24, one of the
ACAs for tracks 1 through 16 is used. Its output, or the output of
its submaster fader, is patched to the line amplifier input for the
desired output channel.

The output of each of the 24 line amps is monitored by a VU
meter and an LED peak indicator which displays waveform excur-
sions that are too short in duration to deflect the meter. Together,
they indicate the level of the signal to be recorded on tape. If the
signal is too low, tape noise will be a problem when the recording
is played back. If the level is too high, the tape and possibly the
console or tape-recorder amplifiers may cause distortion of the sig-
nal. Proper record level is achieved when the highest reading on
the VU meter is near the 0 level and the peak indicator only flashes
occasionally, although levels slightly above or below this will not
cause difficulties (Fig. 6-15).

The two cue volume controls and on/off switches on the input
module permit the signal at the output of the equalizer to be sent
to either or both of two cue-summing busses (a Dbuss is any wire
carrying line-level signals, i.e., any signal higher than mike output
level). The signals fed to each buss are combined in an ACA and
used to provide a mix for the musicians’ headphones. By using cue
1 for the left earphone and cue 2 for the right one, the engineer can
provide the musicians with a sterco headphones mix.
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The echo send control determines the amount of signal sent to
the input of external echo (reverberation) units through any or all
of the four ooho send on/off buttons. Since the number of separate
echo devices in a studio is limited by their high cost, the echo send
on/off switches connect to four separate mixing busses so that
more than one signal can be sent to each echo unit. Each buss con-
nects to an ACA which forms a composite echo send signal and
drives a booster amplifier through an echo send submaster. The out-
put level of each booster amp is monitored by a VU meter. Each
booster is normalled to a different echo device. The submaster and
VU meter are used to adjust the level of the echo send mix to read
near 0 VU for best signal-to-noise ratio and lowest distortion in the
echo device.

(A) Too low. (B) Too high. (C) Readings within the
dotted lines are acceptable
recording levels.

Fig. 6-15. VU meter readings.

The pre/post button determines whether the signal applied to the
echo send pot is obtained before or after the input fader. If before
the fader (pre position), varying the input fader setting has no
effect on the echo send signal level. Raising the input fader level
increases the ratio of direct to echoed sound and makes the signal
appear closer to the listener. Lowering the input fader reduces the
amount of direct sound and makes the signal appear farther away.
If the echo signal is obtained after the input fader (post position),
changing the fader setting varies the echo send signal by the same
amount. Thus, the direct to echoed sound ratio remains constant,
the signal remains at the same apparent distance and changes only
in volume. '

Depressing the solo button (s) cuts off the normal signal feed to
the monitor speakers and replaces it with the signal present in the
input fader of that module. If the pan button is on, the left-right
positioning of the soloed signal in the speakers is determined by the
pan-pot setting; otherwise, the signal is centered between the left
and right speakers.

Soloing a signal enables the engineer to hear exactly what is being
recorded by eliminating the masking effects caused by the presence
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of other signals. When soloed, distortion or other undesired sounds
in an input channel can be detected easily.

Solo buttons can be used at any time without interrupting the
signals sent to the headphones or recorded on tape. By pressing
additional solo buttons, as many signals as desired can be soloed
simultaneously. The volumes of the individual soloed signals are
controlled by their input faders, while the overall solo volume is
controlled by the solo master fader.

The mike/line switch determines whether the output of a micro-
phone or a track of tape is fed to that input channel. In the line
position, the signal from the tape passes through a 30-dB pad and
then into the preamp which is set for a fixed gain of 24 dB (the mic
trim control is disconnected in the line position). From this point
on, the tape signal follows the same path as a mike signal. The line
position is used during mixdown sessions and during record and
overdub sessions where the producer wants to hear EQ on an cxist-
ing track.

The Model 2824 console is supplied with up to 28 identical input
channels. Line inputs 1 through 16 are usually connected to a 16-
track tape machine outputs, with 17 through 20 connected to a 4-
track machine, 21 and 22 to a 2-track machine, 23 to a mono machine,
and 24 through 28 left as spares. These connections, however, are
left to the discretion of the studio.

The outputs of the studio echo devices are normalled to four echo
control modules known as echo return modules (Fig. 6-16). The
module provides the echo program send submaster previously men-
tioned to control the overall signal sent to the echo device, as wecll
as a rotary CHAMBER RETURN level control. The most frequent use of
the echoreturn signal is to mix it with the dry (nonechoed) signal.
To add echo to a voice, the voice signal could be assigned to track
one of the tape and to the echo device. The echo return module for
the echo unit in use would then also be assigned to track one of the
tape via the echo return channel selectors. The tape would record a
mixture of dry and reverberated sound. The relative positions of the
input fader and the echo return pot would determine the amount of
echo heard on the voice by varying the ratio of direct to reverberated
sound. The module has provision for an external delay unit to be
used in conjunction with the echo chamber. This unit delays the echo
send signal in order to provide control of the time of first reflection
of the sound. The external delay unit can function by itself for
slap-echo and repeat echo effects.

The TAPE control sets the level of the delayed signal sent to either
the chamber input or returned to the echo module output as deter-
mined by the adjacent send/return button. The PELAY-REVERB con-
trol enables the output of the delay unit to be fed back to its input
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Fig. 6-16. The APl echo return module.
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at any desired level. As the position of this control is varied in the
clockwise direction, the output of the delay unit varies from a single
delayed repeat of the input signal to greater and greater numbers of
repeats, until a feedback oscillation occurs (Fig. 6-17).

The echo return module has separate pan pots for the chamber
and the delay echo devices. The paN button connects these pan pots
to any odd/even combination of output channels selected on the

> o0—| ~
INPUT N [ ot DELAYED
SIGNAL ACA DELAY UNIT - > OR REVERBED

SIGNAL QUTPUT

I

onf [
DELAY-REVERB

CONTROL

Fig. 6-17. Schematic diagram of a delay feedback system.
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echo return output assignment matrix. The STEREO button feeds the
outputs of the pan pots to the stereo mixdown busses. The program,
monitor 1, and monitor 2 buttons determine the source of the echo
send signal, and they determine to which busses the echo return is
connected.

In rroGRAM, the echo send signal is derived from the input mod-
ules; the echoed signal is returned to the program through the echo
return module and channel selectors.

In moni1TOR 1 and 2, the send signal is derived from the echo send
controls on the multitrack monitor module. The return is connected
to the monitor system through the controls and switches on the
monitor control panel to be discussed later in this chapter.

The senp and RETURN buttons on the echo VU Panel determine
whether the echo VU meter reads the level of the signal being sent
to the echo chamber or the level of the signal at the output of the
chamber.

The multitrack monitor mixer consists of 24 monitor modules
(some are shown in Fig. 6-18). The modules derive their input sig-
nals from the console or tape machine outputs as determined by
whether the program or tape mode is selected on the monitor master
control panel (Fig. 6-19).

The MASTER sYNC button is used with the program button to per-
mit tape playback on those tracks preselected by the individual sync
buttons on the monitor modules in combination with program out-
put from those channels not preset into sync. Using the master sync
button together with the tape button plays back only those tape
channels not preset into sync. This enables newly overdubbed tracks
to be heard without the basic tracks.

The monitor modes are used as follows:

1. To record basic tracks, the program mode is selected and the
console outputs ( which are the signals being sent to the master
tape) are heard.

2. To listen back to the recorded performance, the tape mode is
selected and the monitor is fed the tape playback signals.

3. To overdub one or more instruments, the individual sync but-
tons on the monitor modules are pressed corresponding to the
tracks for which tape playback is desired (i.e., the basic
tracks) and program and master sync are selected on the moni-
tor master control panel. Tape playback is heard on the chan-
nels set to sync, while microphones (console outputs) are
heard on the others.

4. To check the performance of the newly recorded tracks only
(without the basics), tape and master sync are selected and the
modules set to sync are muted.
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Fig. 6-18. The multitrack monitor mixer used on the APl Model 2824 console.

5. To play back all the tape channels together, the tape mode alone
is selected. The console meters follow the monitor switching so
that the engineer can see both the level of signals being re-
corded as well as those already on tape.

Each monitor module consists of a miniature level control fader,
two cue level controls, an echo send control, and thirteen push but-
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Fig. 6-19. The APl monitor master control panel.

tons. The Ecro 1 and Ecro 2 push buttons select either or both of
the two available echo devices assigned to the monitor system. The
echo control determines the level of the echo send signal. The cuE
buttons enable the signal in that module to be sent to any or all of
the four headphones mix busses, with the level for busscs 1 and 2
set by one control and the level for busses 3 and 4 set by the other.
The MonTTOR buttons enable the signal in a module to be assigned
to any or all of the four monitor speaker mix busses at a level deter-
mined by the monitor fader. The sync button is used in overdubbing,
as described in the last paragraph. The soLo button mutes all sources
not soloed and feeds signals in the soloed module(s) to the monitor
speakers selected by monitor buttons 1 through 4. The muTE button
shuts off all the outputs of the module.

The simultaneous stereo mixdown panel (Fig. 6-20) contains six-
teen rotary level controls, on/off switches, and pan pots which can
be used to create a mix to feed the monitor speakers, the head-
phones, or a two-track recorder for recording a rough mix while
overdubbing or recording basic tracks. The level controls are fed
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from the same source (program or tape) as the corresponding moni-
tor module. The stereo output of this panel is fed through a stereo
master fader and is displayed on the console stereo VU meters. The
two outputs are also mixed together in an ACA to create a mono
signal which is- displayed on the console mono VU meter. The stereo
and mono signals are available at jacks in the patch bay. The stereo
master fader is also accessible at the patch bay for use in mixdown
sessions.
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Fig. 6-20. The APl simultaneous stereo mixdown panel.

In addition to the program, tape, and master sync functions pre-
viously mentioned, the monitor master control panel has several
other functions. The control room source-selector buttons determine
whether the console is connected to a 1-, 2-, 4-, or multitrack (8-
16-, or 24-track) tape recorder.

The CMPT 4/2, 4/1, and 2/1 buttons test the compatibility of
quad programs in stereo or mono and of stereo programs in mono.
The 4/2 compatibility is checked by combining the front and rear
channels for each side of the mix at equal levels and displaying them
on the left and right monitor speakers. The compatibility of 4/1 and
2/1 are checked by mixing the channels at equal levels and display-
ing them in mono.

By switching the compatibility tests on and off, the producer and
:ngineer can hear how the balance changes when the mix is played
n different formats and can adjust the mix to compensate for any
imacceptable changes. Several spare selector buttons are provided
‘or playing additional sources, such as a cassette machine or turn-
:able, through the control-room speakers.

The studio source-selector buttons enable the monitor speakers in
he studio to play back either the same signal feeding the control-
‘oom speakers, or a 4-, 2, or 1-track tape. For example, the studio
ipeakers can play back a quad mix of one song while a 16-track
ape of a different song is being played in stereo over the control-
oom speakers. The studio speakers are muted when the monitor
node is set to program in order to prevent feedback and leakage into
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the microphones. The stupio ON button must be pressed for the
studio speakers to operate in the tape playback mode. The stupio
MUTE button is used to shut them off.

The monitor echo return selector buttons and echo return level
controls permit echo to be heard in any or all of the four. monitor
speakers without recording it. The producer and engineer leave
themselves more mixdown flexibility when the tracks are recorded
dry; for it is impossible to completely remove the echo mixed with
a signal once it is recorded.

The cue echo return selector buttons and level controls enable the
musicians to hear the echoed signals through any or all of the head-
phones mix busses. The input cue selector buttons and level controls
allow the cue mix from the input modules to be mixed in with that
from the monitor modules. The monitor cue selectors enable the
multitrack monitor mix to be fed to the headphones.

The MoNITOR LEFT buttons select the combined output of the left-
front and left-rear monitor busses. The MoNITOR RIGHT buttons do
the same for the right-front and right-rear busses. The cue solo but-
tons enable the cue mixes to be soloed through the monitor speakers
so that the engineer and producer can hear the same mix the musi-
cians hear without putting on headphones.

Each cue buss has its own master level control to set the overall
headphones level. The studio and control-room speakers have indi-
vidual speaker level trim controls as well as master level controls.
The trim controls enable the outputs of the four speakers to be bal-
anced so that applying the same drive signal to each speaker indi-
vidually produces equal sound-pressure levels behind the console.
The trimmers compensate for any differences in efficiency between
the four speakers. They also counteract the effect on the engineer
and/or producer of being closer to some speakers than to others.

The solo control sets the monitor level of all solo functions. De-
pending on the monitor and program mix, the settings of the sub-
masters, and the number of sources soloed at the same time, the
difference in level between soloing and normal monitoring can be
considerable. For example, if input faders are set high and sub-
masters are set low, the volume of a soloed input channel is much
greater than the normal monitor level, with painful results. The solo
control compensates for this without affecting normal monitoring
levels. The solo status light illuminates whenever any of the con-
sole solo buttons are activated, thereby warning the engineer that
the normal monitor feed has been overridden.

The studio TaLkBACK button and level control permit the engineer
and producer to speak to people in the studio. The control-room
talkback mike is mounted on the console, and its amplified output
is routed through the studio playback speakers. The mike has a gain
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trim control to adjust its sensitivity to that needed for good commu-
nication. The cue talkback button, level control, and buss selector
presets pormit talkback into the headphones only.

Any or all four of the headphones systems can be set to hear the
talkback mike. This feature is useful in giving musicians cues during
a recording, for it eliminates the danger of the talkback leaking into
the studio mikes or distracting musicians who do not need the cues.
It also provides a means of getting the musicians’ attention if they
cannot hear the studio speakers due to the volume of the amplified
instruments, or if they are wearing headphones which isolate them
from outside sounds.

The control-room speaker level is automatically dimmed (attenu-
ated) when either talkback button is pressed to prevent acoustic
feedback through the studio mike to control-room speakers to talk-
back mike to studio speakers (or headphones) path. Dimming the
speakers also increases talkback intelligibility by cutting down on
the level of any instruments which are playing while communica-
tion is taking place, decreasing the noise the talkback mike might
pick up. Since the control-room speakers are not cut off completely,
two-way conversation is possible (using a live mike in the studio)
while the talkback button is pressed.

The slate button and level control feed the talkback mike to the
console outputs for recording on tape to identify different selections
or takes of the same selection. Pressing this button disconnects all
other program sources from the console outputs. The ToNE button
also disconnects the program sources and feeds the output of the
built-in audio oscillator to the console outputs. In addition, it also
reduces the monitor system level so that the tone is not heard at ear-
splitting volume. If the beginning of each take is marked with a low-
frequency tone, the engineer can easily return to that spot by listen-
ing to the tape and watching the tape machine VU meters as the tape
is being wound at high speed. The high speed raises the pitch of the
recorded program to a shrill whine with much of its energy above
the frequency response of the human ear and the VU meter.

A low-frequency tone (20 or 30 Hz) is raised to the center of the
audio spectrum where it stands out clearly both to the ear and on
the VU meter. Since both human hearing and most monitor speakers
are less sensitive at very low frequencies, the playback of the tone
at normal speed will not be very audible. A higher pitched tone
would be very disturbing and painful if played at high levels over
the speakers or through the headphones. Care must be taken in set-
ting the level of the tone if it is to be recorded on more than one
track, for the signal output of all the tracks is added in proportion
to the monitor fader settings. The results can be very loud if a tone
is recorded on sixteen tracks at 0 VU.
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The MuTE button cuts off all output from the monitor speakers,
while the M button merely reduces the level by an amount deter-
mined by the setting of the dim control. These controls are used to
permit conversation in the control room without having to reset
monitor levels.

The console oscillator is an API Model 575 ( Fig. 6-21). Thirty-one
different frequencies between 20 Hz and 20 kHz are available
through the use of its rotary selector switch and frequency multi-
plier push buttons. Its output level is varied with the level set con-
trol and the output range buttons; the level can be read on the cali-
brated meter. The on/off switch can be wired to shut off the oscil-
lator or to let the oscillator run and merely turn its output on and
off so that it is instantly available for use.

The console is supplied with two API Model 525 compressor/
limiters which are patchable to any point in the console (Fig. 6-22).
The attack time is fixed at 15 microseconds, while the release time
is frequency dependent with signals below 300 Hz causing longer
release times than those above this frequency. The high-frequency
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release time is adjustable via two push-button switches to 0.1, 0.5,
2.0, and 2.5 seconds. The combination of preset release times for the
high frequencies and. variable release times in the presence of low
frequencies helps to prevent pumping and breathing from being
introduced to the program. A 2:1 compression or 20:1 limiting is
selected by depressing the ¢ or L. buttons, respectively. An oFF button
is provided which disables the gain-reduction function, making the
525 a unity-gain amplifier. This button can be operated during a
recording to insert compression or limiting on only part of a program,
without introducing any switching noise. The input control sets the
unit threshold level, while the output control sets the output level.
The cemwiNG control adjusts the gain reduction in 2-dB steps up to
20 dB of compression or limiting while maintaining a constant peak
output level, so that changing the amount of compression or limiting
does not make readjustment of the output level necessary, as it does
with most compressors and limiters.

The p-s button inserts a filter into the control circuit to cause more
gain reduction for high-frequency signals than for low frequencies
in order to reduce sibilance on voices. The amount of gain reduction
is indicated on the unit meter. The control circuits of the two units
can be connected for use with stereo program material by a switch
just below the console talkback mike. Switching to the sTEREO posi-
tion prevents changes in channel balance which would otherwise
result from different amounts of gain reduction in the two channels.
The stereo mode causes equal compression or limiting in both chan-
nels regardless of which one triggered the gain reduction. The con-
sole is prewired for four additional compressor/limiters. The muLTI
position of the limiter mode switch interconnects all of the units for
use with quad or other multichannel programs. In the MoNo posi-
tion, the units are independent of each other.

The console is also prewired for two quad pan pots, for a quad
master fader to fade quad mixes with one control and for EQ on
each of the four echo send or return busses. The console amplifiers
are powered by a regulated supply which is protected against over-
load, short circuits, and high power-line voltages. The relays and
lamps are powered by a separate regulated supply to eliminate any
possibility of switching noise getting into the console output.
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CHAPTER 7

Noise-Reduction Devices

TAPE LIMITATIONS

The dynamic range of music approaches 120 dB while the dy-
namic range of magnetic recording is limited by its signal-to-noise
ratio of about 60 to 65 dB. The limitations imposed by the tape re-
corder are due to distortion caused by tape saturation when the
recorded level is too high and tape noise which intrudes when the
recorded level is low (Fig. 7-1). The desire to reduce the noise level
heard in playback causes engineers to either record at high levels
and live with some distortion or change the dynamic range of the
signal. Neither of these methods approaches the ideal storage me-
dium, i.e., a device which can store a signal and play it back so that
it is identical to the input signal. In practical audio work, it is suffi-
cient to settle for an output signal which is indistinguishable from
the input signal to the trained ear.

The types of noises to be eliminated can be classified as: hum,
crusstalk between tape tracks, print-through, clicks caused by mak-
ing splices with magnetized razor blades, pops due to tape re-
corder bias circuits turning on and off too quickly, buzzes, tape and
amplifier hiss, and modulation noise. Modulation noise is high-fre-
quency noise which causes fuzziness of waveform and is due to the
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Fig. 7-1. The dynamic range of tape. Fig. 7-2. Modulation noise on a sine wave.

