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Preface

The many attempts to arrive at a rigid definition of high fidelity
have all failed. They have failed for the simple reason that high
fidelity is an art, and art defies formulation. The fact that nearly all
high-fidelity program material is musical explains to a great extent
why this art, once limited to the technician’s domain, is now accepted
by people in all walks of life.

No one is immune to music. We march to it, relax with it, are
inspired by it, even rock and roll to it. It is this universal appeal that
made success inevitable for any method of increasing the enjoyment of
music in the home.

Because the writer considers high fidelity an art, he hesitates at
proposing any all-embracing definition. It is our opinion that the use
of such terms as “faithful,” “realistic,” and “lifelike” (and there is little
agreement in defining these) can only be sanctioned on a relative basis.
True, compared to the quality of reproduction of twenty years ago, that
of today is lifelike and realistic. But this is not enough. We must
delve beyond technical excellence, beyond the concept of realism, to
primarily artistic considerations. We must ask, for instance, how well
the composer’s intentions are served.

We have perhaps been so overawed by the relative realism of high-
fidelity sound reproduction that we have lost sight of the fact that the
music undergoes many modifications, technical as well as arcistic, be-
fore emerging as a finished recording. These modifications, along with
those made by the listener through the adjustment of controls on the
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vi PREFACE

reproducing equipment, are the subject of the closing chapters, with the
emphasis on the personal factor, which ultimately dictates the choice
of components. This personal factor is an essential element in our con-
sideration of loudspeakers, enclosures, room acoustics, and hearing
characteristics as interdependent factors in an integrated whole, the
sound circuit. The elements in this circuit are described briefly in the
opening chapter; then, after the reader has had a chance to acquire a
working knowledge of the components, they are integrated in the final
chapter.

The reader is taken in gradual steps from basic loudspeaker prin-
ciples toward an understanding of the variations used in specialized
high quality reproducers. In our discussion of enclosures, we apply the
same method, proceeding from the simplest types to the most elaborate
structures in use today.

We have attempted to provide a comprehensive treacment that
should be useful both to the “do-it-yourself” enthusiast and to the pur-
chaser of a packaged system. The information gathered here is intended
as an aid to the former in designing and coordinating the system that
best suits his needs; to the latter we offer a better understanding and
appreciation of the functioning of his equipment.

We acknowledge our debt of gratitude to scores of people, speci-
fically to the staff of University Loudspeakers, Inc. A decade or more
of close association with them has been fruitful in developing what we
hope is a well balanced approach to acoustic problems. To the worthy
competitors we owe thanks for their kind cooperation in providing
much of the material presented herein. Finally, we wish to thank Mr.
Milton S. Sniczer, Managing Editor of John F. Rider Publisher, Inc,,
for his appreciative reading of the text and his clarifying comments
and advice.

White Plains, N. Y. ABRAHAM B. COHEN
March 1956
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PART 1

THE LOUDSPEAKER



cuarter 1:  The Sound Circuit

The Loudspeaker: the Start of the Acoustic Circuit

Although the loudspeaker is the prime source of sound in any repro-
ducing system, the sound we actually hear when we listen to a radio or
phonograph is not entirely the result of the loudspeaker performance.
We hear the result of many interacting factors, which constitute the sub-
ject matter of applied and practical acoustics. Not until the electrical
signal (which is the counterpart of the original sound) acts upon the
loudspeaker mechanism is the signal transformed into sound waves.

Contrary to popular belief, this transformation is not the end of
the road to fidelity. The loudspeaker is only the beginning of one
chain among others in the high fidelity circuit, but this chain, consisting
of the acoustic circuit extending from the vibrating system of the speaker
diaphragm to the nerve endings in the listener’s brain, is obviously of
more than passing interest. This is in fact the circuit most intimately
and critically involved in the subjective or personal factor in the listener’s
high fidelity equation. The personal factor ultimately sets the standards
that make a system sound good or bad in his opinion. This factor is
an important element; it has made an art of the science of high fidelity.

We have jumped the gun somewhat in discussing one of the more
personal elements of the acoustic circuit in order to emphasize the fact
that there is more to the sound than just the original vibrations of
the loudspeaker. We shall discuss these more personal factors in greater
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4 THE LOUDSPEAKER

detail after we have examined the entire acoustic chain in orderly
sequence. An understanding of this acoustic chain will be the first step
toward a full appreciation of the scope that high fidelity sound repro-
duction must cover; this must be understood before an honest and
practical approach can be taken to the persomal high fidelity system
problem.

Sound to “Signal” Transformation

The loudspeaker is the device that produces sound from a pure
electrical signal. This signal has itself gone through many subsidiary
chains before reaching the terminals of the loudspeaker. In these sub-
sidiary chains there have been many different kinds of link (acoustical
and mechanical, electrical, electronic, and electromagnetic, as illustrated
in Fig. 1-1).

In even the simplest of broadcast linkages between the original
performer in the broadcast studio and your radio antenna, there are
involved at least these five distinctly different transformations of the
original program. The voice of the singer has vibrated the air particles,
setting up a wave motion in the air in the studio; this wave motion in
air is acoustical in nature. The traveling acoustic wave impinges on
the sensitive microphone, whose ribbon or diaphragm in turn is forced
to vibrate in synchronism with the acoustic wave flowing past it. The
delicately suspended diaphragm will move back and forth, riding the
sound wave just as a cotk will bob up and down in a water wave. Here
is the first transformation. Acoustical energy has been changed to
mechanical energy. The vibrating diaphragm with a small coil attached
to it, vibrating in a magnetic field, generates an electrical current in
its coil, just as the rotating armature in an automobile generator pro-
duces a charging current. This then is the second transformation, the
change from vibrating mechanical energy to electrical “vibrations.” The
electrical current or voltage thus generated (depending upon the type
of microphone being used) operates upon a whole chain of amplifiers
utilizing vacuum tubes, which convert the electrical signal to an elec-
tronic signal (cransformation number three). Other vacuum tubes in
the transmicter impress these signals onto high-frequency electric (radio)
currents (transformation number four). At the final stages of the
radio transmicter the fifth transformation takes place: the electronic
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THE SOUND CIRCUIT 7

signal is converted to an even different type of signal, an electro-magnetic
wave motion, which then travels to your antenna with the speed of light.

As brief as this resume has been, it should be apparent that between
the performer and the antenna of the home radio there are many
technological bridges. In any event this is the chain that must exist
before your radio “hears” anything. This same chain of events must
be completed in reverse after your radio has received the space-borne
signal before you finally recognize the signal as sound.

“Signal” to Sound Transformation

Rather than belaboring the point by describing the manner of
reversal of this chain in your home apparatus, we shall proceed on the
premise that an electrical signal finally finds its way to the terminal
of your loudspeaker, and that this signal is in some general way repre-
sentative of the original sound in the studio. The signal the loudspeaker
sees is purely electrical in nature. This signal, “vibrating” electrically
in accordance with the original signal, in turn causes the loudspeaker
“motor” to vibrate in synchronism with it.

The Loudspeaker: Prime Source of Sound

Thus the loudspeaker mechanism, being energized to provide me-
chanical vibrations of its own, vibrates the air in contact with it and
becomes the prime source of sound in the reproducing system. The
degree of fudelity of the reconversion of these electrical impulses to sound
depends not only upon the loudspeaker itself and the preceding elec-
tronic circuits, however, but also upon the rest of the sound circuit, the
other links in the chain, which impose other restrictive operating con-
ditions upon the speaker. This acoustic chain is illustrated in Fig. 1-2.

Nothing in nature works by itself without affecting something
else; action and reaction are synonymous in the world of physical reality.
The loudspeaker is a real physical object and it reproduces very real
airborne sound waves. You cannot feel these sound waves under ordinary
conditions, but you can feel the source that gives them life. One can
readily feel the vibrations of the diaphragm (the paper cone of a loud-
speaker) by placing the fingers lightly upon the diaphragm while it
is reproducing sound. This is factual evidence that the diaphragm is
mechanically in motion while it is making sound. It is often very easy




8 THE LOUDSPEAKER

to see the loudspeaker vibrations as well as feel them. When the loud-
speaker is reproducing low frequencies of moderate intensities, the dia-
phragm may be clearly seen to be moving back and forth in its housing.

However, whether the eye can see or the hands feel the diaphragm
of the loudspeaker move, move it does, and as it moves it reacts with
something else. You will notice that when you put your finger even
lightly upon the vibrating diaphragm of a loudspeaker the sound changes;
your touch has modified the sound. The loudspeaker has reacted to your
touch to change its mode of vibration. Suppose your finger does not
touch the vibrating diaphragm. What is there for the diaphragm to
react with? Quite simply, the air. It is always in contact with the loud-
speaker. It always presents a definite physical load, as real as the weight
of your finger, which the diaphragm must cause to vibrate.

Loudspeaker Reacts with Surrounding Air

Air has weight, as well as other acoustic properties (which we
will discuss later) that affect the operation of a loudspeaker. The very
fact that the loudspeaker makes the air in contact with it vibrate intro-
duces an air reaction upon itself. The vibrating air acts upon the
diaphragm to modify its original motion, and there perhaps is the key
to the entire acoustic circuit concept — modification of one element
of the chain by another, and modification of that element by the next,
until in the end there is a complete chain. This is the acoustic circuit,
in which the series of modifications finally comes into a state of
equilibrum.

Let us take one more brief look at our chain before narrowing
our focus to examine the links more closely. The vibrating diaphragm,
because it is contact with the air around it, makes that air vibrate more
or less in accordance with the original vibration of the loudspeaker
diaphragm. But how well does this air vibrate? In an ordinary sense
we might, with reasonable justice, say that if the sound is loud the
air has been vibrated rather well; if the sound is weak, the air has
been vibrated inefficiently. As general as this statement seems to be
it is nevertheless quite true.

b

“Baffling” Controls the Sound Intensity and Distribution

Is there anything that can be done to the speaker or the air to
make an originally weak sound appear louder without altering the loud-
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speaker itself? Can it pull itself up by its bootstraps, as it were? The
answer is an unequivocal yes. Without increasing the power input, a
mere whisper (especially a low frequency whisper) may be transformed
into a roar if we modify the surrounding elements with which the
loudspeaker has to react. For example, if you are playing baseball,
and you want to make yourself heard in left field, you do a very
natural thing, something you learned long before you knew anything
about acoustics. You cup youi hands around your mouth and shout
into a “megaphone” made up of your two hands, which shape the
sound as it comes out of your mouth.

The fact is that you have “horn loaded” your mouth. You have
produced certain modifications of the physical environment through
which the sound had to propagate. In making these modifications, you
have altered the degree of intensity (and directivity) of the sound.
Not only have you made it louder, but you know intuitively that you
have also directed it into a location where you want it most to be
heard. You have “baffled” the sound, modified it, caused it do do
your bidding.

Here then is the next link in the acoustic circuit. First the vi-
brating diaphragm and the air that is vibrated by the diaphragm, and
now the baffle, which modifies the manner in which the air is vibrated,
both in intensity and in directivity. The size of the baffle, its shape,
and its construction will (along with other factors) determine how
the air vibrations are modified. Our hands cupped around the mouth
modify a shout to a degree; a cheerleader’s long megaphone will modify
it to a much greater extent. The baffle then is the first physical item
outside of the loudspeaker itself over which we have some physical
control. A good baffle is a battle half won in the struggle to perfect
a high fidelity system.

The loudspeaker baffle or enclosure is the one determining factor
for the final performance of the loudspeaker itself. The size of the
baffle, its construction, and its actual shape will determine how well the
loudspeaker will reproduce the low frequencies, how well high frequen.
cies will be dispersed in the room, and even where in the room it should
be placed for optimum performance.

The Sound is Modified by the Room

However, the sound has yet to reach our ear, and our consciousness.
The diaphragm is vibrating, as is the air, with the baffle molding these
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vibrations in intensity and in direction. Some of the sound so trans-
formed breaks away from the speaker-baffle combination, traveling
straight to the listener’s ear. More of the sound, however, travels as
quickly to other parts of the room. In fact, only a small part of the
total sound produced actually moves directly to the listener’s ear, for
his ear occupies only a tiny portion of the total physical volume of
the room. The overall sound fills the room, every nook and cranny
of it, although in different degrees.

It craverses the room, bouncing from wall to wall, and sooner or
later some of it reaches the listener’s ears. When it finally gets to the
ear some of the sounds that were generated at the same time have al-
ready arrived.

Thus the ear receives an “echo” of the original sound. To put it
more scientifically, the reverberant nature of the listening room will
greatly affect the total make-up of the sound waves reaching the lis-
tener’s ears. The “singer in the bathroom™ knows the truth of this
statement. The hard shiny walls reflect sound well, causing part of it
to bounce around a good deal before it comes to the listener’s ear.
Let the same singer close himself up in a well-stocked wardrobe closet,
and shout though he may at the top of his voice, he will sound “dead”
because the room is dead. It has no life, no “reverberation.”

The room condition then is the next link in the acoustic chain.
The “liveness” of the room determines not only the apparent spacious-
ness of the sound but also what sounds will be re-enforced and what
sounds will be absorbed. The amount and texture of draperies in the
room, the wall textures, the amount of large untreated plaster surfaces,
the thickness of pile of the rugs, and other structural and decorative fac-
tors affect the sound before the ear hears it. The listening room modifies
the sound in intensity, in tonal characteristics, and in directivity.

Different Ears "“Personalize” the Sound

Now the sound has actually entered the ear, but not the con-
sciousness. Hearing is a very personal matter, and must be dealt with
on a personal basis. You may have been born with large bone struc-
tures; I with small ones. You were born with certain anatomical features
in your ear. I was born with the same general features, but in different
mechanical proportions. The same sound that I hear, as it strikes your
ear drum, may move that sensitively stretched membrane in a slightly




THE SOUND CIRCUIT 11

different manner. Why? We may be of different ages; perhaps my
ear mechanism has become more ossified than yours. Perhaps you have
had a sinus condition that has affected your hearing mechanism, or
perhaps you are a woman and have more sensititive physiological audi-
tory reactions. Our hearing processes grow older, just as our hair
grows grayer, and our hearing processes change accordingly. All these
factors combine to produce different reactions within the inner ears
of different individuals.

Not only are our ears different, but we have different neurological
reaction times. We react differently to different stimuli. You might
shout “ouch” sooner than your neighbor in response to the same un-
expected pin prick, simply because your nervous system reacted faster
to the stimulus. The pin jab actually caused minute nervous electrical
currents to flow between your wounded finger and your brain. In a
factually similar manner, the sound waves acting upon the auditory
mechanism cause a transformation to be made from sound waves back
to minute electrical (neural) impulses, which the brain then recog-
nizes as “sound.” Even if the actual ears of different listeners were
identical, the listener’s neurological activity would in the end deter-
mine what the brain heard; and that is what counts. It is the brain,
the mind, the consciousness that determines whether one likes what
his ears “hear.” What a remarkable process this is! We started with
an electrical signal in the loudspeaker and we end with an electrical
signal in the nervous system.




cuarter 2:  Basic Loudspeaker Types

The Dynamic Loudspeaker

Many different types of loudspeakers go into the making of high
fidelity reproducing systems. However, the differences between the
characteristics of various speakers are mostly a matter of degree. The
actual functional differences between loudspeakers will be treated in
Chap. 3. In the present chapter we shall deal with the basic theories of
loudspeakers in general, in terms that will help later in judging their
qualifications for specific hi-fi applications.

Perhaps the most popular type of loudspeaker today is the perma-
nent magnet dynamic type. Because of its comparative simplicity of
construction and design, the precision that may be built into it, the ease
with which it is coordinated with other equipment, its easy adaptability
to many different applications, and its comparative freedom from elec-
trical trouble, the dynamic loudspeaker has found acceptance in all
kinds of reproducing systems. It is found in the smallest pocket radios
and is a major component of the most elaborate theater systems. Figure
2-1 is illustrative of the scope of applications of the dynamic loudspeaker.

One of the major factors contributing to the popularity of the
permanent magnet dynamic loudspeaker is the fact that it has its own
powerhouse. It requires no external source of power other than the
signal power to make it operate. This powerhouse (the magnet) has
a virtually eternal life. The permanent magnet of the dynamic loud-

12




BASIC LOUDSPEAKER TYPES 13

speaker, once it has been charged to full capacity by the manufacturer
of the loudspeaker, retains its magnetomotive power almost unaltered
forever, and unless it is subjected to severe mechanical shock, it cannot
be drained or run down. It is always ready for action.

The first elements seen by the eye in the usual dynamic loudspeaker
are the baskerz, or housing (with some sort of rear structure attached to it,
which encloses the magnet circuit) and the paper diaphragm (or cone)
supported on the front of the basket. But there is much more to a
loudspeaker than this. Let us dissect such a loudspeaker assembly and
lay bare the various components to get a working knowledge of the
roles they play in the operation of the loudspeaker.

Basically the dynamic loudspeaker is made up of the following
components:

a. The voice coil

b. The voice coil former

c. The centering spider

d. The magnet

e. The magnetic circuit

f. The diaphragm (cone)

"}

POCKET RADIC
OYNAMIC SPEAKER

OF DYNAMIC LOUDSPEAKER
FOR HORN LOADED MID-

| RANGE, TWEETERS, AND
PUBLIC ADDRESS SYSTEMS

' COMPRESSION DRIVER TYPE

DYNAMIC 15~ WOOFER FOR
HIFI MULTLSPEAKER SYSTEMS
THEATER INSTALLATIONS

THE DYNAMIC LOUDSPEAKER DESIGN LENDS ITSELF TO
APPLICATIONS IN ALL SOUND REPRODUCING SYSTEMS

Fig. 2-1. Typical dynamic loudspeakers. (Courtesy Unisversity)
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g The apex radiator (and dust cap)

h. The basket (or housing)

Although many dynamic loudspeakers have other important com-
ponents as integral parts of their design, these are the basic elements
of the simplest type. Yet when properly designed this same group of
elements, with no additions whatsoever, may constitute a high quality
loudspeaker of special application. Figure 2-2 shows a full cutaway of
a typical loudspeaker in which all these elements are clearly marked
and arranged in a somewhat exploded view.

The dynamic loudspeaker is a device that functions with other
electronic equipment, but in itself it has little that is of an electrical
nature. The loudspeaker is simply an assembly of mechanical parts —
a cloth spider, a paper cone, a metal basket, a magnetic piece of iron
— to which is added a few turns of copper or aluminum wire (the
voice coil).

The Voice Coil: Sole Electrical Element in the Dynamic Speaker

This voice coil is the only thing within the speaker that carries
any electrical current or signal. It is energized directly from the ampli-
fier, as illustrated in Fig. 2-3. The voice coil, as its name implies, is
the part of the loudspeaker that does the “talking” by virtue of the
fact that it is energized by the signal or “speech” currents fed to it
by the amplifier. The voice coil consists of several turns of wire wound
on a supporting bobbin. Depending upon the functional design of
the loudspeaker, the coil itself may be either copper or aluminum wire,
although insulated aluminum ribbon is also used. (In the case of the
latter, the ribbon is wound on edge with the flat surfaces of neighboring
turns adjacent to each other and all the turns held together by a
binding cement.) The bobbin upon which the wire is wound (the
voice coil form, or former as it sometimes called) may be made of a
strong grade of thin paper, wound around on itself several times to
provide a rigid cylinder. Sometimes the voice coil is wound on alumi-
num or duraluminum forms, and in some designs the forms are made
of rigid paper, reinforced by an aluminum ring around the outer edge.

Voice Coil Must be Immersed in Fixed Magnetic Field

The voice coil doesn't do the amplifier’s bidding all by itself.
If this voice coil were isolated in free space it wouldn't make the slight-
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Fig. 2-2. An exploded and cut-away view of a dynamic loudspeaker.
(Courtesy University)
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est sound, even if the signal current flowing through it represented
the full power output of a 50-watt amplifier. In fact, not only would
the coil be speechless; it would probably turn red and burn to a crisp
in utter silence. It is not the input power alone that makes the loud-
speaker work, nor is it the voice coil, or even the combination of

IRON AIR GAP

SLUG MAGNET ASSEMBLY
WITH SLUG IN CENTER

SLUG MAGNET LINES OF FLUX

RING MAGNET ASSEMBLY
WITH RING ON QUTSIDE

THE MAGNETIC RETURN
CIRCUIT WILL BE

W " MAGNET DETERMINED BY THE
MAGNET DESIGN.

Fig. 2-4. The complete magnetic circuit consists of the magnet, the return
keeper circuit, and the air gap in which the voice coil rides. The illustra-
tion shows cross-sections of three common arrangements.

the two. We have to add our “powerhouse” to the system, for it is
the magnetic field of the permanent magnet that makes the voice coil
speak. The voice coil of a dynamic loudspeaker can “speak” only
when it is immersed in a magnetic field. Such a magnetic field may be
produced by constructing an iron “loop” with the magnet in one sec-
tion and an air gap in another, as illustrated in Fig. 2-4.

Once the magnet structure has been charged there is immediately
formed in the magnetic circuit a magnetomotive force which drives
lines of force across the air gap. The strength of the magnetic field
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set up by the magnet is naturally dependent upon the quality and size
of the magnet, the size of the air gap, and the amount and quality of
iron disposed about the magnet. These items are all factors that deter-
mine the figure of merit of the magnetic circuit, which plays a great
part in the efficiency of operation of the hi-fi loudspeaker. Accordingly,
the more specific and specialized details concerning such magnetic
circuitry will be reserved for Chap. 3. However, we cannot continue
without discussing magnetic circuitry in general, because this factor
is fundamental to basic dynamic loudspeaker design.

The effect of the permanent magnet upon the performance of
the loudspeaker depends upon the magnet composition, weight, and
physical shape. There are several grades of magnet material, all pos-
sessing different magnetic properties. Magnet weight, without giving
the grade of magnet specified, is a meaningless figure. Nearly all loud-
speakers use magnets made of “"Alnico.” There are many grades of
Alnico, each quite different from the others in magnetic properties.
Very often a one-pound magnet of “Alnico V" may make a much better
speaker than a five-pound magnet of “Alnico II” One must be careful,
in examining the specifications of a loudspeaker, to consider the com-
bination of grade of magnetic material and weight of the magnet,
rather than either factor by itself.

Magnetic Circuit Plus Moving System Determine Performance

The truth of the matter is that not even these two factors give
the complete picture as far as the entire function of the magnetic circuit
is concerned. Our British cousins make an effort to give a figure repre-
sentative of the “gap flux” — the strength of the magnetic field in the
air gap — which signifies how well the magnet is working in its com-
pleted iron circuit. This figure, indicative of the strength of the mag-
netic field in which the voice coil rides, is intended to convey some
idea of the loudspeaker performance. In a sense it does, but it does
not describe fotal performance. As we shall see in Chap. 3, the actual
level of performance of the loudspeaker depends on a complete inter-
relacionship of magnetic circuit with diaphragm weight, composition,
and shape; the size of the voice coil and whether it is made of copper
or aluminum; and other mechanical features of the assembly. There-
fore, rather than give some figure of magnet worth that is only partially
descriptive of speaker performance, American manufacturers have




BASIC LOUDSPEAKER TYPES 19

limited themselves to the statement of the basic facts of magnet weight
and type.

The various types of magnets classified as “Alnico” all contain
iron mixed with various amounts of aluminum, nickel, and cobalt.
(It will readily be seen that the term “Alnico” is made up of the first
two letters of each of these elements.) The proportions of these ele-
ments, in conjunction with the other basic magnetic iron with which
they are compounded, form the Alnico series. In general terms, the
heavier the magnet and the higher it is in the Alnico series, the better
the loudspeaker will function.

Magnets may be cast in many shapes, depending upon the design
of the equipment in which they are to work. There is no standard
or best shape of magnet, other than one that fits best what the design
engineer is trying to build into his item as far as performance and
cost are concerned. Figure 2-5 shows some representative shapes of
magnets commonly found in today’s loudspeakers. The simplesc of
these shapes is the slug magnet. The cored slug and the ring are a
litele more difficult to manufacture, and the W magnet is the most
intricate of the lot. It is apparent that for a given weight of magnet
material the cored slug, ring, and W types will be more expensive
than the plain slug (and also larger in overall dimensions). The choice
of a magnet for a particular speaker depends upon the use for which
the speaker is designed and the particular properties required in the
speaker. Figure 2-4 illustrates the typical magnetic circuits for the
types of magnets shown in Fig. 2-5.

The magnetic circuit, comprising the magnet, the return circuit,
and the gap, is completely dead magnetically until the magnet is charged.
In practice it is never charged unless it is in its completed mechanical
structure. As soon as the magnet is charged, it sets up a complete
magnetic field, which reaches out from the top surface of the magnet,
goes through the iron and through the air gap interposed in the iron
circuit, and then returns to the other side of the magnet. The magnetic
field (the lines of “flux” the magnet has been able to push out) is the
“force field” of the magnet, for in this air gap rides the voice coil,
ready to interact with the magnet field. For a fixed amount of magnet,
the amount of flux that actually gets into the gap will depend upon
the size of the gap and the quality of the iron from which the mag-
netic return circuit is designed. With high grades of irons, like
“Armco,” high values of magnetic flux may be obtained. Cheap grades
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PERMANENT MAGNET SHAPES

1/2 OUNCE SLUG 8 OUNCE SLUG 6 OUNCE RING MAGNET

FROM 2" SPEAKER FROM 12" SPEAKER FROM COMPRESSION
DRIVER UNIT

' b
o

12 OUNCE CORED SLUG 24 QUNCE “"W"-MAGNET FROM
- COAXIAL TYPE SPEAKER

Fig. 2-5. The shape of the permanent magnet is determined by the per-
formance and cost objectives of the loudspeaker.

THIS GAP SECTION
SHOWN ENL ARGED

DIRECTION OF MOTION

DIRECTION OF LIKE FIELDS
GAP FLUX REPEL

Fig. 2-6. Current flowing through voice coil sets up magnetic field around
coil. Interaction is set up between this field and the permanent magnetic
field, forcing it to move,
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of iron are easily saturated; that is, they are not capable of carrying
the full charge of the stronger magnets, thus the air gap flux is not
as strong as in Armco circuits. Once the flux gets into the air gap,
the magnetic circuit is completed and ready to make the voice coil
do some useful work as soon as it gets an electrical “go-ahead” from
the amplifier.

Voice Coil Field Reacts with Fixed Magnetic Field

This “go-ahead” is the electrical signal current, flowing through
the voice coil from the amplifier. With current flowing through the
voice coil, what we actually have achieved is the formation of a varying
magnetic field, caused by the signal current flowing through the voice
coil, in close proximity to the magnetic field of the permanent magnet,
as illustrated in Fig. 2-6.

In the region where the fields are alike, there will be a strong
concentration of magnetic flux, which tends to exert a repelling force.
In the region where the lines of force are in opposite directions, there
will be a cancellation and reduction in total magnet flux, which tends
to exert an attracting force. Motor action will thus be developed be-
tween the field of the magnet, which is stationary, and the field of the
voice coil. Because of the interaction of these two fields, one fixed
and the other movable, the voice coil tends to move one way or the
other (up or down in the figure), depending upon the direction of
the current through the voice coil. (The direction of the current
determines the direction of the voice coil field.)

The direction in which the voice coil travels is, in general, par-
allel to the length of the gap in which it is balanced. This problem
of balancing the voice coil in the magnetic gap is an important one
in loudspeaker design. The coil must be balanced both magnetically
and physically within the gap. The importance and the manner of these
balancing techniques will be discussed in subsequent chapters. For our
present purposes, however, we may examine these balancing means with
an eye to how, rather than to how well.

Voice Coil is Aligned in Gap by "Spider”

The voice coil is balanced in the gap by means of a device usually
referred to as the spider. The spider, or centering device, as it is more
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accurately called today, holds the voice coil centered in the gap radially
as shown in Fig. 2-7. The voice coil must be centered radially so that in
vibrating in and out of the gap it does not strike the metal walls of
the gap. To obtain high magnet efficiency the gap clearance between
the coil and the iron is usually very small. (In the case of tweeters it

WHILE COIL MOVES IN

THIS AXIAL DIRECTION,
SPIDER PREVENTS COIL
FROM MOVING IN THIS
DIRECTION

FLEXIBLE
SPIDER

GAP CLEARANCE

Fig. 2-7. The centering device (the spider) must keep the voice coil trav-

elling in an unswerving axial direction in and out of the gap. It must keep

the voice coil radially centered so that it does not hit the iron side walls
of the magnetic circuit air gap.

may be only 3 to 4 thousandths of an inch; in the case of larger speakers,
it may be 10 to 15 thousandths of an inch.) Thus the spider or
centering device plays a very precise role in keeping things lined up as
the voice coil vibrates in and out of the gap.

The centering device made up of the long twisted “legs” that
attach to the voice coil (from which the name “spider” was derived) was
one of the earliest types. Figure 2-8 shows some spiders commonly in use
today. The open spider shown has a shortcoming in that the open
area between the legs permits foreign particles to get into the small
gap spaces. This may seriously hamper loudspeaker operation, and
often causes considerable damage to the coil, especially if these particles
are magnetic in nature, or large, rough, and coarse. In order to mitigate
this defect of the open spider, fibrous material (commonly cotton)
is frequently placed behind the spider, between it and the all-impor-
tant gap area.

Another means of overcoming these problems in the cloth spider.
This is made of a loosely woven material, impregnated in a thermo-
setting resin, such as a phenolic, and then formed under heat and
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pressure into the flexible structure shown in Fig. 2-8. The outer edge
of this spider is permanently affixed to the basket, and the inner diam-
eter suspends the voice coil in the gap. There is remarkable radial
stability to this type of spider, and the built-in springiness of the waves
molded into it allow for precision of motion of the voice coil in the

VOICE COIL AREA OPEN AREAS

FLEXIBLE LEGS

FLEXIBLE STAMPED BAKELITE
SPIDER

FLEXIBLE CORRUGATIONS

VOICE COIL AREA

CROSS SECTION OF MOLDED
IMPREGNATED FLEXIBLE CLOTH
SPIDER

Fig. 2-8. Some typical voice coil centering devices (spiders).

axial direction. By means of devices like these spiders, the voice coil
is kept to a true and rigidly aligned direction of motion in and out of
the magnetic gap.

Voice Coil Moves Diaphragm

To the voice coil is attached the diaphragm, which actually “fans”
the air into motion. In Fig. 2-9 are shown some typical loudspeaker
diaphragms. These are usually made of special paper or impregnated
cloth, although metal has also been used. Because the diaphragm is
directly fastened to the voice coil, it must follow in a rather exact
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fashion the vibrational pattern of the voice coil itself. A great deal of
modification of this original vibratory motion may actually be intro-
duced between the voice coil and the diaphragm, for reasons we will
discuss later. These modifications fortunately give rise to designs for
specialized speakers for hi-fi reproducing systems. We may neverthe-
less accept the proposition that in general the diaphragm (or cone)
of the speaker moves back and forth, impelled by the voice coil to do

NECK

BODY

EDGE
SUSPENSIDN

&)
/

| 3

DOME \
FLANGE
12" CURVILINEAR DIAPHRAGM 2" PHENOLIC IMPREGNATED 15“ CONICAL DIAPHRAGM
FOR WIDE RANGE USE CLOTH DIAPHRAGM FOR USE FOR WOOFER APPLICATION
(PAPER MOLDED) IN COMPRESSION DRIVERS (PAPER MOLDED)

AND HORN SYSTEMS

Fig. 2-9. Typical diaphragms with specialized shapes for different appli-
cations.

0, in a manner representative of the actual signal current. As the
diaphragm vibrates back and forth, it causes the air with which it is
in contact to vibrate in exactly the same manner, and sound waves are
then created.

In order to allow the diaphragm to vibrate back and forth freely,
it is necessary to provide it with some sort of flexible support that
will allow it to have motion and yet keep it vibrating in a true axial
direction. The diaphragm is provided with a flexible atea at its outer
edge sufficiently compliant to allow the diaphragm to flex in and out.
In the great majority of present-day speaker structures, this flexible
area is actually part of the diaphragm itself, and it acts as a spring
that suspends the diaphragm in a state of equilibrium. This area of
the diaphragm is usually referred to in acoustic terminology as the rim
compliance of the loudspeakes; it plays an important past in controlling
the characteristic performance of the loudspeaker. In Fig. 2-10, this
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Fig. 2-10. Forms of diapbhragm suspension.

integral rim compliance is illustrated along with other means of ac-
complishing the diaphragm suspension.

Sometimes the rim compliance is accomplished by providing an
annular ring of soft chamois leather, which is cemented both to the
basket edge and to the paper diaphragm. When made in this way, it

is sometimes called a skiver, since

skiver, according to Webster, means

“a piece of sheepskin.”" Sometimes the term skiver is improperly used
to signify any type of rim compliant material cemented to the cone,
such as a loose cloth (which, although as compliant as the chamois,
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may have undesirable side effects). A general term sometimes used
for this edge compliance is the “surround,” which is quite obvious in
its meaning. It literally surrounds the speaker.

Many types of diaphragm go into the making of the dynamic loud-
speaker. The diaphragm may be made of paper, wool, and other fabric
components. This type of diaphragm is usually found in the “cone”
type speaker, a type of speaker in which the large radiating diaphragm
is clearly visible to the naked eye. This is the type most commonly used
as a general purpose speaker. However, for the type of speaker in
which specialized performance may be required, such as the compres-
sion type driver unit, the diaphragm may be made of molded phenolic,
or even duraluminum. This type of diaphragm is seldom seen by the
uset, because it is usually sealed into a comparatively small head struc-
ture that contains other important acoustic elements requiring it to
be sealed off acoustically except for its throat. Such a unit may usually
be recognized by the fact thac it is connected at its throat to some
type of horn. However, despite the fact that in external appearance
there may seem to be no similarity between the open cone type
speaker (the direct radiator) and the closed compression type (to be
used with horn radiator), the mode of operation is exactly the same for
both. They differ in degree of performance, in frequency coverage,
and in several other ways; but the manner in which they set the air
in motion (through their respective magnet structures, voice coils,
and diaphragms, along with auxiliary devices such as centering means)
is functionally the same for both types.

Diaphragm Apex Important for High Frequencies

Due to manufacturing contingencies peculiar to the means of
assembling the various parts of the speaker, the apex area of the cone
is usually open. Before the speaker may be considered completed, this
open area must be closed off for several good reasons. From this
apex area of the cone comes the greater proportion of the high fre-
quencies of the cone. Every possible surface in this section should be
utilized as an active part of the diaphragm; every square inch in this
area should “push air.”

If this apex were left open, there would be less active diaphragm
area in the apex, and less air would be “pushed.” Therefore, in the
general type of loudspeaker, there is usually added some sort of apex
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“dome” to the cone. However, in some instances, this apex “dome”
consists simply of a loose piece of felt across the apex opening placed
there to keep dust particles out of the sensitive gap area, and yet allow
the speaker to “breathe.” Free flow of air in and out of the rear of the
apex of the cone is necessary in some speaker designs to release the
captured air cushioned in these rear areas, which might restrict the
free rearward motion of the diaphragm. This situation is usually found
to be the case in small general purpose utility type speakers, and
usually a piece of felt is placed across the apex to provide the breather.
In the more specialized speakers, where large magnet assemblies are the
rule and large internal volumes exist behind the voice coil, this air
cushion in the rear sections is greatly minimized, so that “breathers”
as such are relatively unnecessary. More functional devices may then
be designed into the apex areas to provide better high fidelity perform-
ance. These specific details will be covered in Chap. 3.

Basket Supports Entire Structure

The various elements of the loudspeaker are all supported by the
housing, or basket. Depending upon the size of the speaker and its
weight, this basket may be made either of cast metal or of stamped
sheet metal. Whatever it is made of, however, it must be rigid in con-
struction so that it may adequately support all the parts of the speaker
without deforming under the weight of the magnet or by being screwed
to irregular or warped baffle boards. Any mechanical weakness of the
basket structure will in time result in damaged voice coils, distorted
acoustic performance, and shortened life. These factors will be treated
in more detail in Chap. 4.

Dynamic Speaker is Current Sensitive: Low Impedance

Because the dynamic loudspeaker is actuated by current flowing
through the voice coil, this type of loudspeaker might be called carrent
sensitive. For an electrical device to be current sensitive it must pre-
sent very little resistance to the flow of current through it. More
specifically, it must have low impedance. Therefore, the dynamic loud-
speaker falls in the low impedance class. Typical impedance values
range from 2 to 16 ohms.
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The Electrodynamic Loudspeaker

Although we discussed the permanent magnet dynamic loudspeaker
first, it did not come first in technological development. The reason
for this is that magnet materials available in the early days of audio
devices were not very efficient in comparison with other means of
obtaining a magnetic field within the gap. With the advent of better
alloys of permanent magnet materials, these deficiencies in magnetic

SOFT IRON MAGNETIC

iIELD gélL —[ F—. _ CIR([}IIVJ/IT 7

Fig. 2-11. Field coil, carrying current, sets up magnetic field, which mag-
netizes iron circuit and produces flux in the air gap only while current
flows through coil.

circuits were gradually overcome. But until they were, the type of
loudspeaker that had widespread popularity was the “elecrodynamic,”
a type of speaker that even today enjoys widespread use in certain
applications. The electrodynamic speaker and the permanent-magnet
(p-m) dynamic speaker function in exactly the same manner. The
parts are identical with one very important exception.

Magnetic Field is Electrically Energized

In place of the permanent magnet found in the p-m dynamic
speaker, there is instead a completely “soft” iron circuit. Around the
center leg of this iron circuit is wound a large multi-layer coil, as
shown in Fig. 2-11. When a direct current is made to flow through this
“field” coil, it sets up a magnetic field about itself, which magnetizes
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the iron circuit within the coil. A field of magnetic flux is thus set up
across the air gap of the return keeper. The strength of this field is a
direct function of the strength of the current that flows through the
coil, and the design of the iron circuit. With proper magnetic circuit
design it is possible to get large values of gap flux, which means a more
powerful speaker. The current through the coil does not permanently
charge the magnetic circuit, however, since the circuit has no perma-
nently magnetizable material in it. The “soft” iron of the magnetic
circuit becomes magnetized and stays magnetized only while there is

Fig. 2-12. The electrody-
namic speaker must have its
field coil connected to a

. -
source of direct current, B
such as the power rectifier r
that feeds the amplifier, or J L
o a separate power supply.
FIELD COIL
CONNECTION
VOICE COIL
00 AMPLIFIER CONNECTION
DC AUD10 7]
RECTIFIER OUT o

magnetizing current present. Once current is shut off, there is no
magnetism. The energizing current is obtained from the same power
supply that powers the associated amplifier or radio equipment.

The manner of connecting an electrodynamic loudspeaker is shown
in Fig. 2-12. This type of speaker is in widespread use in auto radios
even today because of some economies it effects in actual power supply
equipment for the dashboard radio. In cases where it is desirable to
eliminate bulky filtering elements from large power supplies, such
speakers may find usefulness, because of the filtering action of their
field coil upon the power supply.
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Electrodynamic Loudspeaker Requires External Power Supply

The speaker does have disadvantages, obviously. It must be rather
close to the amplifier with which it is working so that it may be
efficiently interconnected with the power supply. An even more serious
fault is that only one such speaker may usually be connected to one
combined power supply and amplifier. The continued efficiency of the
loudspeaker is naturally dependent upon the efficiency of the power
supply itself. As power rectifier tubes lose their output, the energizing
current drops, and the speaker output falls off. Furthermore, special
hum bucking coils are required in the structure to eliminate residual
hum in the speaker that cannot be completely filtered out by the field
coil. And finally, the field coils themselves may burn up or short out
due to various operating malfunctions of the system, or because of the
drying out of the coil insulation due to heat and age.

It should be realized that in the electrodynamic loudspeaker the
field coil has absolutely nothing to do with the voice coil. The two are
distinctly different both in function and in design. The field coil pro-
duces the steady magnetic field, the voice coil produces the varying
signal field. Connections from the field coil are made directly to the
system power supply, while the voice coil connects to the amplifier
signal output terminals exactly as in the permanent magnet dynamic
loudspeaker. Because of these problems, because of the dependency
upon the efficiency of the power supply, and because of the possible
inherent failures of additional electrical components, the electrodynamic
speaker is seldom found in hi-fi installations.

The Electrostatic Loudspeaker

Of recent interest but ancient vintage is the “electrostatic” speaker,
also called the condenser (capacitor) loudspeaker. Actually, the con-
denser loudspeaker was first pioneered after it was noticed that poorly
made glass plate condensers had a tendency to “sing”; to actually make
sound in some likeness to the signal they were carrying (in the same
manner as transformers, which have a tendency to “sing” when their
laminations are loose). Very recently, the electrostatic loudspeaker has
atcracted some attention. In the form in which it has been popularly
offered, it affords a means of providing a rather economical tweeter
(high-frequency speaker). This puts the smaller, more economical
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“ready-made” systems into the “two-speaker” class.! The word system
is used quite advisedly, because as we shall soon see, not only is the
electrostatic loudspeaker integrally married to the power supply of its
driving amplifier, but it must be connected to the amplifier output
tubes through specific coupling circuits that best match the electrostatic
speaker to the particular tubes in the output stages of the amplifier;
furthermore, it must be matched with auxiliary speakers of comparable
levels of efficiency.

In the case of the dynamic loudspeaker, electrical energy is trans-
formed to mechanical motion by the forces of magnetic attraction and
repulsion. In the case of the electrostatic speaker the electrical signal is

Fig. 2-13. Basic structure
of the electrostatic speaker.

PLASTIC SHEET INSULATION
WITH METALUCPLATED SUR-
FACE HELD UNDER TENSION
CLOSE-TO THE FIXED
ELECTRODE. ALTERNATING
FIXED VOLTAGE APPLIED TO THESE
ELECTRODE ELECTRODES CAUSES THE
PLATED SURFACE TO BE
ATTRACTED OR REPELLED
FROM FIXED ELECTRODE

transformed into mechanical motion through the forces of electrostatic
attraction or repulsion. Basically, the electrostatic loudspeaker consists
of a movable electrode held very close to a fixed electrode, but insulated
from it. A simplified structure of such a speaker is shown in Fig 2-13.
A unidirectional “polarizing” voltage, fixed in magnitude, is applied

*Although it has been used most widely in low-cost commercial units, the
electrostatic speaker is emerging as a high-quality “custom” component in several
versions. One of these, the Janszen tweeter, uses a push-pull arrangement (one
movable electtode between two fixed electrodes) to overcome the nonlinearity
inherent in the two-element type.
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Fig. 2-14. One form of electrostatic speaker.

to the two plates, and the signal voltage is superimposed upon this
polarizing voltage. The purpose of the polarizing voltage is to prevent
“frequency doubling” by the loudspeaker. Frequency doubling is what
occurs when a note is reproduced an octave higher by the loudspeaker,
which would hardly be hi-fi! Because of the necessity of providing this
high biasing voltage, it becomes mandatory to tie the speaker into some
already existing power supply, or to provide it with its own power
supply.

In Figs. 2-14 and 2-15 are shown the actual internal construction
of two typical electrostatic tweeters. In the former (Fig. 2-14) the
movable eleccrode (the thin piece of plastic coated on one side with a
conductive material) is held in direct contact with an arched and per-
forated screen. Against the back of this screen is applied the pressure
of two springs. This spring pressure, applied to the perforated screen,
which is the fixed electrode of the speaker, keeps the electrode taut
against the plastic sheet, which carries the movable electrode. Thus the
tautness of the perforated screen is imparted to the plastic film and its
superimposed electrode. Stretched across the whole assembly is a fine
piece of gauze, which covers the movable electrode and holds the whole
assembly in place.
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MOVABLE ELECTRODE WITH PLATED
SURFACE TOWARDS FELT, PLASTIC
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X t
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PRESSURE TO ELECTRODES ELECTRODE

Fig. 2-15. Another form of electrostatic speaker.

The speaker shown in Fig. 2-15 is, in concept, essentially the same
device shown in Fig. 2-14, but with a different mechanical arrangement.
In this case, the plastic film is forced against the perforated fixed screen
by the pressure of a somewhat resilient pad of felt, which is in turn
backed up by a bakelite wafer supporting plate. On the felt side of the
plastic sheet, we again find the thin metallic plated surface, which is
the movable diaphragm.

Variable Electrostatic Attraction Between Electrodes
Causes Diaphragm Motion

The basic principle of operation of the electrostatic loudspeaker
is as simple as that of the dynamic type. If we let the matter of the
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polarizing voltage go for the moment, we may examine the way the
speaker operates in its simplest form. Consider the two plates of the
capacitor of Fig. 2-16 uncharged at the start. Now let us apply a
slowly varying alternacing potential to the two plates. As the differ-
ence of potential between the two plates increases from an initial
value of zero, there will be a force of static attraction between the two
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Fig. 2-16. When electrostatic speaker is not polarized the movable elec-
trode is attracted to the fixed electrode twice for each cycle of signal
voltage. This produces "doubling” of the signal.

plates, growing larger in value as the voltage difference between the
two plates grows larger. The movable plate will consequently be at-
tracted to the fixed plate and tend to move toward it. When the voltage
reaches its crest and starts to decrease in value, the electrostatic force
between the two plates decreases, and the movable plate returns to its
original position as the voltage reduces to zero. Thus one pulse of air
motion has been produced in an inward direction for a positive alterna-
tion of the signal.

However, the audio signal is an alternating voltage that has a
negative half cycle along with the positive half cycle. Thus, after the
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applied signal voltage has returned to zero following its positive half
cycle, it goes into its negative half cycle, again imparting its charges
to the two plates but in opposite polarity. The plates, however, will
again be attracted to each other because, despite the fact that the charges
on them have been reversed, they are still opposite in polarity to each
other and ‘the force between them is still one of attraction. Therefore,
the movable plate will again be pulled in toward the fixed plate, and
will subsequently return to its equilibrium condition when the signal
voltage has again reached zero. Thus, for one complete alternating
cycle of electrical signal voltage consisting of a positive and negative
alternation between the two plates, fwo identical pulses or cycles of air
motion have been produced, with the air pulses moving in the same
direction. This means that if a signal of 1000 cps were applied to the
unpolarized electrostatic speaker as shown, there would be a sound
output at 2000 cps. This phenomenon is called frequency doubling.

Polarizing Voltage Needed to Prevent Frequency Doubling

Frequency doubling is of course highly undesirable in sound pro-
ducing devices. Naturally, we want to hear middle C if the piano is
playing that note and not a note one octave above middle C. Frequency
doubling also may exist in other types of reproducing systems. How-
ever, in such cases, it is usually corrected through proper initial design
of the components and is not an inherent characteristic of the speaker.
The electrostatic speaker system is theoretically and essentially a voltage
doubler device, and no amount of proper design of the speaker itself
can remedy it. What must be done is to provide some external factor
that will prevent the doubling effect; this is accomplished by the polar-
izing voltage. The polarizing voltage (in the order of several hundred
volts) is a fixed unidirectional voltage applied to the two plates of the
capacitor to provide a sort of mechanical bias, as shown in Fig. 2-17.
This fixed high voltage between the two plates exerts a steady electro-
static force of attraction between the two plates so that, even with no
signal voltage applied to them, the movable plate is already attracted
to the fixed plate to a considerable degree.

As the positive alternation of the signal is applied to the two plates,
the movable electrode is drawn in to the fixed plate beyond that position
where it was held simply by the polarizing voltage. As the signal voltage
returns from its positive value toward zero, the attraction between the
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two plates is reduced to the original pre-strained position. As the
signal voltage reverses its direction, an entirely different situation comes
into being. This time the polarity of the signal voltage, which assumes
a direction opposite to that of the polarizing voltage, has the effect of
reducing the polarizing voltage between the two plates, and the force
of attraction between the two is now decreased below the value produced
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Fig. 2-17. When polarizing voltage is applied between plates of elec-

trostatic speaker, the movable plate takes an initial set. As the signdl

voltage is applied this set is increased or released depending upon the
signal polarity fluctuation, and doubling is eliminated.

by the polarizing voltage. The amount of release from the pre-strained
condition that the movable diaphragm experiences follows precisely
the swing of the signal voltage. The end effect of such action (positive
signal alternation working in the same direction as the polarizing pull
and negative alternation working in a direction opposite to the polarizing
pull) is to pull the movable plate in beyond its fixed pre-strained po-
sition and then allow it to swing out away from that position. Thus one
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alternating cycle of air pulses is produced by the movable electrode,
following the original single electrical cycle — voltage doubling has
been eliminated by the polarized voltage.

Electrostatic Speaker Not Suitable for Low Frequencies

Because of the inherent mechanical limitations of the movable
diaphragm of the electrostatic speaker, this type of speaker is not adap-
table to wide range reproduction by itself. A self-sufficient speaker
must produce both low and high frequencies. For the reproduction of
reasonable low frequencies, the vibrating diaphragm must experience
large motions, and must be large in size. Such large diaphragm motions
are not possible in the typical structures illustrated.

Close spacing between the electrodes is necessary to obtain max-
imum signal sensitivity from the device and to get reasonable polarizing
effects from the voltages found in the average power supply of the
amplifier or radio. These conditions of intimate contact and close spacing
between the electrodes place natural restraints upon the motion of the
movable diaphragm, and low frequency response is entirely eliminated.
Consequently, the electrostatic speaker cannot be used as a single all-
purpose speaker, but only as an upper range speaker to supplement
a speaker capable of adequate bass reproduction.

There is another fundamental difference between the electrostatic
speaker and the dynamic type of speaker. The dynamic loudspeaker
has its own “powerhouse” (the magnet), which gives the weak voice
coil signal a powerful ally in getting its message across. The electro-
static speaker has no such ally. It must broadcast its message entirely
by the strength of the signal applied to it. Having no reservoir of
auxiliary “push” power upon which to draw, the output level of the
electrostatic speaker seldom reaches that of the dynamic type. How-
ever, there are features that may be built into the electrostatic speaker
that in some measure overcome some of its limitations, and make it
suitable for hi-fi systems.

Electrostatic Speaker is Voltage Sensitive: High Impedance
Since the electrostatic speaker is a true capacitor and is energized

by voltage rather than current, it is a “high impedance device.” This
means simply that for optimum performance it must be connected to
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a source that is also of high impedance. Amplifiers, however, have out-
put transformers that are low impedance devices designed to match
the low impedance dynamic loudspeaker, a current fed device. This
output transformer must still be employed for the woofer (low-fre-
quency) speaker in the system employing the electrostatic speaker as
a tweeter, as shown in Fig. 2-18. However, the electrostatic speaker
cannot be connected to the low impedance output transformer. It must
be connected to the high impedance circuit of the output tubes of the
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Fig. 2-18. Since the electrostatic is a bigh impedance, voltage operated
device, it must be connected 10 the source of bigh signal voltage at the plate
of the output tube, from which it may also obtain its polarizing voltage.

amplifier. Since some amplifiers use pentode and some triode output,
the impedance the electrostatic speaker sees is different, from amplifier
to amplifier, depending upon what tubes are used in the output stages.
Its output efficiency and frequency response will accordingly change
from amplifier to amplifier. This factor makes it difficult to properly
match the electrostatic speaker to an amplifier, unless the manufacturer
of the speaker gives the user the circuit coupling information necessary
to enable him to properly couple the speaker into the high impedance
side of the set, while the woofer is still connected to the usual low
impedance side.

Because of these “matching” problems (the dependence of the
electrostatic speaker upon the existing power supply and the necessity
of coupling it with a woofer low enough in efficiency to correspond to
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that of the electrostatic speaker), the electrostatic speaker has found
widest acceptance as a tweeter in ready made small radio, phonograph,
and television equipment, where it may be integrally designed into the
system by the manufacturer.

The Crystal Loudspeaker

There is another type of loudspeaking device, which, although
voltage actuated, is not of the electrostatic type. This is the piezo-
electric, or crystal loudspeaker. The principle behind the crystal loud-
speaker is one of contraction and expansion of a certain crystal material
(usually Rochelle salt) under the influence of an alternating electric
field applied to the surfaces of the crystal. No polarizing voltages are
necessary for the crystal loudspeaker as the flexural motion of the crystal
follows directly in step with the polarity of the applied voltage. How-
ever, crystals are rather fragile devices, and it is not possible to drive
them sufficiently hard to obtain useful output power for loudspeaker
performance, especially on the low frequency end. Therefore, they are
at present used only for earphones and for pillow speakers. In this
laccer application the listener lies with his ear pressed down upon the
pillow to hear the loudspeaker.

The low frequency response of this type of loudspeaker is limited
because any reasonable excursion of the crystal is not possible without
fracture. For general communication or restricted range music it is
perfectly satisfactory, however. A bank of crystal loudspeakers could
be used as a tweeter to supplement a woofer, but the woofer would
have to be low in efficiency to properly balance the output of the crystal
bank. Like the electrostatic loudspeaker, the crystal unit must be tied
in directly to the high impedance tube circuit ahead of the output
transformer; however, no polarizing voltage is necessaty for the crystal
speaker. It encounters the same complications, however, of proper
matching to the output tubes and of affecting the loading of these
tubes, and the same integral amplifier connection problems that con-
front the electrostatic speaker.

The lonic Loudspeaker

The newest working addition to the loudspeaker field is the Iono-
phone. However, a study of patent history will show that loudspeakers
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working on the principle of ionized air particles are not at all new. In
fact this type of loudspeaker is an offshoot of another phenomenon, just
as the electrostatic loudspeaker was an offshoot of the singing capacitor.
Actually, the first “ionic” loudspeaker was the “singing arc.” In the
early days of wireless transmission, radio waves were generated by
electric arcs jumping across gaps in high voltage circuits. It was soon
noticed that these arcs would “sing” as the voltage producing them
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Fig. 2-19. A dielectric field placed around the quartz cylinder produces

intense heat in the quartz, which in turn beats the high emissivity electrode.

The ionic atmosphere boiled off from the electrode is modulated by a sur-

rounding modulated radio frequency field and pulses accordingly to put
the air into motion.

changed. Thus was born the “lonophone” — a loudspeaker utilizing
the principle of an ionized (electrically charged) gas. Today, however,
the Ionophone has come far from the days of Nernst, Duddel, DeForest,
and the “singing arc.”

Charged Air Particles Vibrate as a Diaphragm

In its present form it consists of a mechanism by which air particles
are given an electric charge. After the air molecules have been charged,
they form an “atmo:phere” of ions, the ions in this case being, of
course, charged air particles. A modulating voltage is then applied to
this atmosphere, making it pulsate in accordance with the signal-modu-
lated voltage. This pulsing gives rise to an actual sound wave (in the
air), which is then propagated in the usual manner. This mode of
operation makes the Ionophone truly a “diaphragmless” loudspeaker.
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The air molecules are actually agitated electrically without anything
physical pushing them.

As shown in Fig. 2-19, the heart of the system is the small, narrow,
slowly expanding quartz tube located within another quartz tube, with
the space between them evacuated. There is no electrical function served
by this evacuated area. It is a heat barrier to keep the inner section of
the quartz cone reasonably protected from outside temperature changes
that might work their way into the apex area of the inner section of
the ionizing chamber through wall conduction. In the apex of the
quartz tube is fixed an electrode of very high ionic emissivity character.
This ion-producing electrode is made of a special platinum compound
that, when heated, throws off large amounts of charged particles. The
ions bubble away from the electrode surface and impart their charge to
the air particles in the immediate vicinity of the heated electrode. Thus
is formed an “"atmosphere” of charged air particles around the emissive
electrode.

The method of heating the electrode is dielectric heating, as used
in diathermy equipment. A high voltage of very high frequency is ap-
plied to the quartz capsule that supports the electrode. By diathermy
principles, the high frequency high voltage induces heat in the outer
and inner quartz tube, which closely surrounds the electrode. This
pocket of heat, in turn, causes the electrode surface to be heated, and
the charged particles “"boil off” forming the “ionic” atmosphere.

The voltage required to produce the necessary dielectric heating
effect is quite high, in the order of several thousand volts. It is obtained
from an external power supply and high frequency radio modulating
device. This power supply also serves as the modulator unit, which
receives the audio signal and converts it into the radio frequency field
that surrounds the charged atmosphere.

Under the influence of this field, the atmosphere of charged parti-
cles is pulsed back and forth to form the genesis of the sound wave. A
horn system must be coupled to the ionic generating element to provide
an acoustic load for the small sound source.

Ionic Loudspeaker Requires External Power and Modulator
The lonophone requires its own booster amplifier to feed the

modulator device so that the performance of the system may be balanced
with the auxiliary woofer that must be used with it. The Ionophone is
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not a complete system by itself, but forms a high frequency adjunct to
existing systems. The life of the system is limited by the life of the
ion emissive element, which (like a vacuum tube) may be replaced
when deteriorated. The high frequency range of the Ionophone is theo-
retically unlimited, because there is no motion of anything physical in
the system. The low frequency range is specifically limited by the
nature of the horn load applied to it. In its present prototype form, the
low frequency limit is about 500 cps.

Summary

In this chapter we have covered four basic types of loudspeaker:
the dynamic, functioning by interaction of magnetic fields; the electro-
static, functioning by means of electrostatic fields; the crystal, function-
ing by stresses produced within crystal formations; and the ionic, func-
tioning by the electromagnetic pulsing of a gaseous atmosphere.

We have attempted to carry this discussion only far enough to
indicate the general modes of operation of the various types, so that
we may, in the next chapter, use these introductory principles to deter-
mine what modifications must be made for the hi-fi variations within
the basic types.

There are several schools of thought concerning high fidelity — the
“play it exactly as performed” school, the “play it so it sounds real”
school, and the “play it the way I like to hear it” school. There is logic
in all three approaches. Someday, perhaps, they will all be synthesized
into one, but until such time as the controversy is resolved we must
accept the proposition that there are as many types of high fidelity as
there are listeners. In order to satisfy these many concepts, it is necessary
to provide a sufficient variety of component parts to make possible many
different kinds of system. Accordingly, we shall discuss speakers from
the point of view of their general application to the hi-fi field and then
concentrate on the more specific and specialized units that become
component parts in the more expanded hi-fi reproducer systems.




cuarrer 3:  Hi-Fi Variations of Basic
Loudspeaker Types

Dynamic Loudspeaker Most Versatile for Hi-Fi

The speaker that is most common in hi-fi systems is the dynamic
type. It is simple to install, simple to connect, may have a wide or a
narrowly restricted frequency response as desired, may be used as a
direct radiator or converted into a horn loaded system of high efficiency,
and may be obtained in a variety of sizes to fit any equipment layout
or budget. For this reason, the primary loudspeaker for hi-fi is the
“general purpose” dynamic speaker.

The general purpose speaker is one that, when used with other high
grade electronic equipment, provides reasonably good musical perform-
ance over the complete musical spectrum. This means that the same
speaker must reproduce the low notes of the bass violin as well as the
high creble notes of the piccolo, and these notes must be reproduced
with adequate cleanness, clarity, and precision, permitting no un-
pleasantness to the listener other than to create in him the desire to
own an even more elaborate reproducer system.

When one realizes that the single loudspeaker is called upon to
reproduce the whole gamut of notes and tones originally produced by
some 75 to 100 instruments ranging in size from the diminutive piccolo
to the ponderous tuba and the double bass violin, it becomes nothing
short of miraculous that such good quality is obtainable from one com-
paratively small speaker. One must look with respect upon even the
single general purpose speaker.

43
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In any loudspeaker the diaphragm is perhaps the most important
factor in the actual sound reproduction because it is the prime vibrating
element in contact with the air to be set in motion. The magnetic
circuit is important in determining how well the diaphragm is vibrated.
Consequently, we find that the intensity of the sound produced and the
frequency range of the sound produced will in a large measure be linked
to the magnet circuit design and the diaphragm shape, size, and con-
struction.

The General Purpose Loudspeaker Produces Lows and Highs

Good reproduction of low frequencies is made possible by large
diaphragm size; reproduction of good high frequencies by small diaph-
ragm size. In the general purpose speaker, these performance character-
istics must be combined into one structure, one “cone” size; conse-
quently, somewhere along the line compromises must be made between
low frequency and high frequency extension of range. The eight-inch
speaker is perhaps the smallest size that will reproduce low frequencies
with reasonaule efficiency; its high frequency reproduction is in general
excellent. The twelve-inch speaker gives better lows but is usually
somewhat less effective in the high frequency region. The fifteen-inch
speaker provides the best lows of the three, but in its high end is the
most limited. Figure 3-1 shows in a general way the frequency over-
lapping areas of these three popular sizes of loudspeakers.

Where space for housing the speaker is at a minimum, the eight-
inch size does a reasonably good job; where space is ample the larger
speakers give considerably better low frequency performance. It should
be realized that, even though the small speaker may actually reproduce
the same low tones as the larger ones, it does so with much less efficiency.
A violin may struggle to make a low note sound loud, but its big
brother, the cello, produces that same note with ease and with greater
loudness. This is not meant to infer that the eight-inch speaker cannot
make good sound, even in a small enclosure. Although there are low
notes that this speaker may not reproduce very well, they are not entirely
absent. They are reproduced, but with less emphasis. Over 90 percent
of the musical spectrum may fall easily within the range of the eight-
inch speaker, and the other 10 percent is only partly reproducible at
reasonable volumes. This is the compromise (not a severe one at that)
that must be accepted when the smaller speaker systems are used.
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The response of any speaker is, of course, greatly dependent upon
the enclosure with which it works. Therefore, compensations may be
introduced into the speaker-enclosure combination to extend the low
end of the smaller systems. These applications are discussed in Part 2.

Dual Cone Features Built into Single Diaphragm
for Lows and Highs

Because the general purpose loudspeaker must reproduce both
lows and highs, it must be designed so that the diaphragm is stable
enough to be moved as a single whole piston, for good low frequencies
depend on the amount of active diaphragm area available to push the
air into vibration. At the same time the diaphragm must have built
into it at its apex “uncoupling” or disconnecting devices, so that smaller
segments may be effectively isolated from the main body of the dia-
phragm for efficient high frequency reproduction. (See Fig. 3-2.)
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Fig. 3-1. The popular sizes of speakers have overlapping characteristics
of response. The large speakers have more extended lows, the smaller
ones more extended highs.

It may be helpful to point out how a cone may vibrate at low
frequencies and at high frequencies at the same time. The uncouplers
that make such a dual cone action possible are very much like shock
absorbers on an automobile. When you go over a long low swell on
the road, the car follows the contour of the road; the action of the
shock absorber is at a minimum. If, however, the car meets a section
of the road that has many little bumps in it, the car will ride smoothly
over it while the shock absorbers quickly take up the small bumps. Thus
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SECTION TO VIBRATE 8Y
ITSELF INDEPENDENTLY OF
THE OVERALL MOTION OF
THE WHOLE CONE WHICH
VIBRATES ON ITS “MAIN
SPRING”

/ AT HIGH FREQUENCIES, THE
APEX DECOUPLERS ACT AS
SPRINGS INSERTED INTO THE
CONE ALLOWING THE APEX

Fig. 3-2. In the general purpose speaker the diaphragm reproduces both
bigh and low frequencies. In many instances the cone is designed with apex
area "decouplers” to allow more efficient bigh frequency response.
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Fig. 3-3. Various means of uncoupling the apex area of a cone for better
high frequency performance.
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the wheels of the car vibrate at a high rate while the car body itself
vibrates at a slow rate. The shock absorbers are the “uncoupling”
devices between the lower and upper sections of the car.

The actual shape of the cone of the loudspeaker itself may pro-
duce the necessary uncoupling effects; or uncoupling devices may be
incorporated in the cone; or the material of the cone may produce the
uncoupling effect. The “curvilinear” cone is a popular shape for the
general purpose wide range speaker because its slowly curving surface
near the apex allows the apex area to “unhinge” itself gradually, as shown
in Fig. 3-3. This illustration also shows the built-in type of uncoupler,
which is like a small spring built into the cone. (Actually, the un-
coupler takes the form of a ridge or corrugation molded into the paper
cone.) This spring serves to disconnect the small apex area from the
main cone, but does so more abruptly than the curvilinear shape.
Finally, there is the segmented cone, in which the central area is com-
pletely separated from the main cone except for a soft rubbery bond
at the place where they meet.

Diaphragm Apex Area Originates High Frequencies

When the proper uncoupling point has been determined it is
usually to the advantage of the loudspeaker performance to provide
an auxiliary apex dome to the area where the uncoupling takes place.
This apex dome is frequently made of a very rigid but lightweight
duraluminum or stiff paper cap. This dome cap serves two purposes.
It closes up the voice coil area, protecting that very vital section from
foreign particles. This function is, of course, important for longevity
of the loudspeaker. Of more importance, however, is the effect of the
dome cap upon the acoustic performance of the loudspeaker. It serves
to provide better “polar response” (wide angle response) than the
sharp angular section of the cone itself. The apex area of the cone is,
in effect, a small megaphone, and like a megaphone will tend to direct
its sound into a very sharp directional pattern. In order to minimize
this effect, the dome is placed in such a position that it is vibrated by
the uncoupled apex area of the cone. Being curved outwardly the
radiation it provides is more uniformly circular in pattern than is the
conical apex radiation. Thus better wide angle dispersion, in some
degree, is obtained by transferring the sound radiation to the more
“forward-looking” dome.
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High Gap Flux Improves Efficiency and Transient Response

Outside of diaphragm considerations of the general purpose loud-
speaker, the other important factor affecting performance is the mag-
netic circuit. The magnetic circuit, which is made up of the magnet
itself and the iron around it that completes the path in which the
flux exists, should provide as high a gap flux as possible. It should
be recalled, however, that gap flux by itself does not determine total
performance, because a very heavy diaphragm of improper design can
be inferior in performance to a lighter diaphragm of good design in-
tegrated with a weaker magnetic gap flux. For fuller treatment of
this problem, the reader is referred to Chaps. 4 and 5. However, as
a rule, optimum performance may be expected from good magnetic
circuit design.

The heavier the magnet, the higher in the Alnico series the magnet
is, and the better the grade of the return iron in the circuit, the higher
will be the gap flux. The Alnico V, or “Gold Dot” magnet is in general
use today for the better type of speaker. The return iron circuits are
usually made of high grade electrical iron such as “Armco”, which is
steel subjected to special heat treatment in its manufacture so that it
may carry heavy values of flux without saturating. High gap flux,
which is dependent on magnet type and weight plus good magnetic
circuit design results in high conversion efficiency and good transient
response. High conversion efficiency simply means getting more out
for what is put in. The magnet is the powerhouse; it drives the
speaker. The more there is of it, the more it makes itself felt when it
interacts with the field set up by the voice coil current.

Transient response of the loudspeaker is the ability of the loud-
speaker to follow faithfully sharp attacks of notes and to let go of a
note once the signal has stopped. The staccato strike of the piano key
hammer on the string is a sharp attack; the fading away of the tone
is the decay. If the loudspeaker cannot follow the sharp atcack of the
tone, it will reproduce softer, less staccato tones; and if it doesn’t
let go of the tone (if there is “hangover”) it will introduce 2 muddiness
into the sound, because it is still playing one note when the next one
has already started. (See Fig. 3-4.) A heavy magnetic field provides
a strong magnetic impulse to start the speaker moving when the attack
comes, and it acts as a strong magnetic “brake” when the signal stops.
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Thus the overall magnet conditions of the general purpose speaker
determine its tonal fidelity as well as it power efficiency.

Addition of Separate High Frequency Diaphragm
to Cone Improves Highs

Although the general purpose loudspeaker may be built to pro-
duce acceptable musical reproduction, it may be varied greatly to
provide specialized designs for improved reproduction. One of the
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Fig. 3-4. Transient response of a loudspeaker is the ability of a loud-
speaker to follow sharp sudden signals, and to let go of the sound as soon
as the signal stops.

first variations that may be made upon the general purpose speaker is
to convert it into a “two-way” speaker. Multi-speaker systems will be
discussed in detail in Chap. 6, where their advantages and means of
compounding the systems will be detailed. For the present we may
easily accept the fact that two speakers are usually better than one,
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and that a single speaker converted to “two-way” action is better than
a single one unconverted.

The purpose behind this conversion is to provide more effective
high frequency response from the speaker than is possible by the
simple decoupling means previously discussed. Through “mechanical
crossover” networks it is possible literally to drive two separate dia-
phragms, a large one for the low frequencies and a small one for the

WOOFER
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DIAPHRAGM RESPONSE
REGION OF
MECHANICAL—

OUTPUT

CROSSOVER (C)
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Fig. 3-5. Two-way speakers employing mechanical crossover between
woofer diaphragm and auxiliary high frequency diaphragm. {(A) Courtesy
Electro-Voice. (B) Courtesy Goodmans}

high frequencies, from one voice coil. Speakers of this type are easily
recognized by the fact that there is a separate diaphragm affixed to
the apex area of the main diaphragm. Two versions of this type of
speaker are illustrated in Fig. 3-5. A crossover network (See Chap.
7) is a device, either electrical, acoustical, or mechanical, for slicing
a frequency spectrum into separate parts or “bands” for purposes of
providing better performance characteristics within the individual bands
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by separate components than is possible with a single component
covering the entire band. In the case of the general purpose speaker
previously discussed, the built-in decoupler in the diaphragm actually
performed the job of a mechanical crossover; it separated, by means of
a mechanical “shock absorber,” the high frequency vibrations from the
low frequency vibrations, and directed them into separate sections of one
diaphragm. In a very general sense, then, even the general purpose
speaker is a two-way speaker of sorts.

High Frequency Diaphragm Separated from Main Diaphragm
by Mechanical Crossover

But now we are going to approach the problem of mechanical.
crossover from another angle. Providing two separate diaphragms, rather
than making two out of one, is of advantage in that the high frequency
diaphragm may be more precisely controlled in dimension, weight,
shape, and size, for improved high frequency response than if it were
physically integral with the main diaphragm. If the reader were to
examine the constructions shown in Fig. 3-5 “in the flesh,” he would
see that not only are the two diaphragms of one speaker completely
different in geometric shape, but the auxiliary high frequency dia-
phragms are, in addition, made of a paper stock different from the
woofer diaphragms.

The woofer diaphram is made entirely of the paper stock best
suited to low frequency performance, and the smaller high frequency
diaphragm is made of the paper stock best suited to high frequency
reproduction. If the woofer diaphragm is fabricated of soft stock,
no special decoupling devices are necessary to isolate the high fre-
quency vibrations of the voice coil from the woofer. Its own softness
will prevent the high frequency vibrational energy from getting any
appreciable distance up the main cone. The cone material in this case
is in its own decoupling agent; it provides the mechanical crossover
that admits low frequencies into the woofer but discriminates against
highs.

What then prevents the low frequency vibrations from being
transmitted to the small diaphragm? Actually, nothing prevents the
small diaphragm from being driven mechanically by the low frequency
vibrations. But as far as contributing to the production of low fre-
quency sound energy, the small diaphragm plays a very small part.
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It is too small physically to reproduce low frequency sound adequately.
The mechanical crossover thus works in two ways. High frequency
vibrations are kept out of the woofer cone by its own decoupling
characteristics, and thus it does not radiate them. Low frequencies do
tend to get into the high frequency diaphragm, but are not radiated
because of the small size of the diaphragm. Thus the mechanical
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Fig. 3-6. A cone speaker tends to concentrate the high frequencies on
the central axis of the speaker, causing loss of fidelity off the axis.

crossover is completed. Figure 3-5(c) gives the typical response of
the woofer and tweeter sections of assemblies such as those illustrated.
The overall frequency response of this type of structure is usually
considerably better than that obtained from the general purpose cone.
The low frequency response of he two-way mechanical crossover system
is improved because the large diaphragm does not have to be com-
promised in design to handle high frequencies. In addition, the high
frequency radiator may be designed for optimum high frequency radi-
ation without being compromised by the woofer diaphragm proper.
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Separate High Frequency Apex Diaphragm Aids
Dispersion of Highs

The reproduction of high frequencies poses another problem
besides that of the level of acoustic output. High frequencies do not
spread out as easily as do low frequencies; they tend to beam straight
ahead. The higher the frequency, the tighter the beam. This means that
if the listener were to be seated to one side of the speaker (“off axis”), he
would hear much less high frequency sound from his loudspeaker than if
he were sitting directly in front of it. This effect, illustrated in Fig. 3-6,
may be minimized in multi-speaker systems that employ special tweeters

WOOFER CONE
HIGH FREQUENCY DIAPHRAGM

DIFFRACTION RING

Fig. 3-7. A two-way speaker with mechanical crossover between woofer

diaphragm and high frequency diaphragm, using a diffraction ring to

aid the diffusion of the bigh frequencies over a wider angle. (Courtesy
University)

providing “wide angle coverage.” However, in the single speaker
structure such as the extended range speakers just discussed, high fre-
quency beaming may occur unless special additional elements are built
into the speaker design.

One of the high frequency spreading devices added to an auxiliary
high frequency diaphragm with a mechanical crossover system is illus-
trated in Fig. 3-7. This is the "Diffusicone” construction. The aux-
iliary diaphragm is driven by the voice coil, with the main diaphragm
effectively uncoupled from it for these high frequencies by its shape
and material construction. The treble diaphragm now radiates high
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frequency sound from its forward surface. However, as in all loud-
speakers, there is also sound coming from the back of the treble
diaphragm. Before this rear sound can emerge, it passes through a
diffraction ring containing many relatively small holes. When the sound
from the back of the auxiliary high frequency diaphragm tries to squeeze
through these holes, it “spurts out” in many directions, giving the
overall high frequency response a wider angular coverage.

WOOFER CONE

METALLIC SPREADER
AND REFLECTOR FOR
HIGH FREQUENCIES

Fig. 3-8. Spreading of the bigh frequencies from the apex area of this

cone is accomplished by the stationary metal co-spiral structure placed in

the center of the cone, acting as a scattering reflector for the hbighs.
(Courtesy Stephens)

Another diffusion scheme is the spiral deflector shown in Fig.
3-8. This structure consists of spiral metal deflectors within the apex
area of the cone proper. Sound waves that hit this deflector are spread
out over a wider angle than if the deflector were not used. Being placed
at the apex area, this deflector will be most effective for those frequencies
that are generated at the apex, i.e., the high frequencies. It will be
observed, however, that there is no auxiliary diaphragm in this struc-
ture, hence it falls in the category of the general purpose speaker rather
than in the mechanical crossover class.
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It is hoped that what has been accomplished so far is an apprecia-
tion of the general purpose hi-fi speaker and the extension of its
principles into the wider range two-way systems with mechanical cross-
over features. Accordingly, we are now ready to discuss in detail such
components as woofer, mid-range, and tweeter speakers which go into
the making of such multi-speaker systems.

Specialized Limited Band Speakers Improve System Performance

Although the wide extended range speaker has certain qualities
that make it a fine speaker for simple hi-fi systems, there are definite
limitations to its performance. There is a wastefulness of precious high
frequency audio power (see Chap. 7) despite the fact that there is
definite mechanical crossover. Furthermore, there may be mechanical
intermodulation between the two portions of the two-diaphragm
speaker. The answer to better utilization of audio power obviously lies
in the use of more highly efficient units.

Increased efficiency may be obtained by making the reproducer
units more specialized, within limited bands, rather than spreading their
power out over a wide band. Thus “woofers” are narrow band speakers
that are highly efficient for low frequencies; similarly, “tweeters” are
narrow band speakers that are highly efficient for high frequencies.
A combination of a specialized woofer and tweeter thus makes a multi-
speaker system of higher efficiency than is generally obtainable from a
wide range single speaker. In addition, the use of two separate speakers
considerably reduces the possibilities of intermodulation distortion (the
interaction between two different notes, one high, the other low, both
emanating from the same moving structure when it is not completely
linear in its motion). Problems such as wide-angle response, presence,
brilliance, and balance, may also be more effectively treated by means
of multi-speaker systems. Accordingly, we are now ready to discuss
the elements of multi-speaker systems — the woofer, midrange, and
tweeter reproducers.

Woofer Designed for Maximum Efficiency at Low Frequencies

Although a woofer is an integral part of a good high fidelity
wide range speaker system, it is not in itself a wide range unit. It is,
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on the contrary, a loudspeaker that is very restricted in range; it is
limited to the reproduction of the lower part of the acoustic spectrum
— the bass notes. But, because it is restricted, it may be designed to
provide much more efficient and clean bass reproduction than would
be possible from a single wide range speaker in which compromises
must be made between highs and lows to obtain reasonably good all-
around reproduction. The fact of the matter is that when a speaker
is designed for specialized work, we may give special consideration
in the design to those factors which are specific and peculiar to the
range in which the speaker is to operate.

Whereas a single wide range speaker must be compromised in
size to obtain both good lows and good highs, the woofer is concerned
only with the reproduction of the low frequencies. Therefore, it is
characterized generally by the same features that characterize musical
instruments designed to create the bass notes. The woofer is large in
size, rugged in construction and attuned to (or has a resonant fre-
quency falling in) the very low end of the audible range. It is also
capable of producing large amounts of sound. All these factors are
integrally related to one another in the final design of the speaker. It
is possible, however, to dissect then separately to understand the gen-
eral bearing they have upon the performance of the speaker.

Woofer Diaphragm is Large, Has Low Resonance

Pethaps the cornerstone upon which all the other design para-
meters are buile is that of the natural resonance frequency of the
woofer. Woofers have low resonance frequencies; that is, they are
“tuned” to resonate and to be most efficient in the low frequencies.
Low resonance frequency is obtain by heavy diaphragms lightly sus-
pended as shown in Fig. 3-9. The heavier the diaphragm, the lower
the resonant frequency. The looser the edge compliance that holds
it in place, the lower the resonance.

There are specific limits to weight of diaphragm and looseness
of suspension that are determined by the mechanical problems involved
in good hi-fi speaker design. Even though a diaphragm may have low
resonance and be attuned to the low frequencies, it has to have a
large vibrating surface for the low notes to be efficiently radiated and
adequately projected into the listening area. The bass violin, for
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instance, has a large vibrating body. The bass drum has a large vibrating
membrane. The tuba pushes out a large volume of air. Similarly,
the woofer must actuate a large volume of air. Its diaphragm is
therefore made as large as possible, consistent with the other factors
of the weight of the diaphragm and the actual structural mechanics
of its design. The larger the diaphragm, the more efficient the repro-
duction of the low frequencies. If it were possible to build a speaker
as large as a bass violin, it would reproduce the original tones of that
instrument with comparative ease. However, such a speaker would
pose other problems in design that would make it impractical. We
must be content with a reproducer somewhat smaller,

It will be realized, then, that in accepting a vibrating body that
is smaller than the original instrument, either a compromise must be

—
\

& LOOSELY SUSPENDED ————
N~

HEAVY DIAPHRAGM

FOR WOOFER:
INCREASING DIAPHRAGM WEIGHT LOWERS RESONANCE
LOOSENING OF SUSPENSION LOWERS RESONANCE
INCREASING DIAPHRAM AREA IMPROVES LOWS

Fig. 3-9. To achieve low natural resomance, woofers have beavy dia-
phragms loosely suspended. To achieve efficient low frequency radiation,
woofer must be large.

made in performance or other characteristics must be buile into the
design of the reproducer to compensate for the necessary reduction
in diaphragm size of the woofer as compared to the original instrument.
The acoustic power output of any vibrating instrument is, first, directly
proportional to the area of the vibrating surface. The larger the vi-
brating membrane, the more air is set into motion. Secondly, the
power output is proportional to the displacement of the diaphragm in
a given short period of time, for the more the diaphragm moves and the
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faster it moves, the more air will be set in motion. If, then, we cannot
have a vibrating body as large as a bass violin as a reproducer, and
we have to be satisfied with a smaller vibrating instrument, such as the
diaphragm of a 15-inch woofer, we may compensate for the small
size of the diaphragm by making it move over larger distances than
did the panels of the body of the original bass violin. Thus the

DIAPHRAGM | RESONANT | DIAPHRAGM | DIAPHRAGM |PEAK EXCURSION
SIZE FREQUENCY MASS COMPLIANGE |FOR IWATT AT
(IN) (CPS) (GRAMS) | (CM/DYNE) [i00 CPS (IN.)

15 45- 55 18-20 1.8 x 1077 .055
12 60-70 9-1 2.0 x 107 .10
8 90~ 10 4-6 2.5 x107 .19

Fig. 3-10. Physical characteristics of typical loudspeakers of popular sizes
showing relationship of size to resomant frequency, diaphragm weight,
and excursion mecessary L0 generate one acoustic wast.

woofer diaphragm is characterized by large available vibrational ex-
cursion, in addition to as large a physical size as it practical, plus a
low resonant frequency obtained from a heavy diaphragm loosely sus-
pended in relation to its mass, so that large amounts of low fre-
quency acoustic power may be generated. Figure 3-10 indicates the
general physical characteristics of some typical loudspeakers in terms
of these factors.

Woofer Voice Coil Carries Most of Audio Power

Acoustic measurements made on live orchestral performances show
that by far the largest amount of sound power produced by a symphony
orchestra resides in the lower bass registers. We would naturally
expect, therefore, that the woofer would be constructed to handle the
largest proportion of the amplifier power representative of the original
program source. Accordingly, the voice coil of the woofer is generally
large and heavy.

The woofer voice coil must be able to dissipate the heat generated
in ic by the large proportion of electrical power fed to it; otherwise,
the cement binding it to the coil form would soften or overbake to
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a crumbling crispness. The form on which the coil is wound may be-
come overheated, charred, and therefore weak and brittle. All of these
effects would rapidly shorten the life of the speaker. However, the
larger the coil, the more radiating surface is available for the generated
heat to escape and the cooler the coil.

There is another more important reason, acoustically speaking,
for the voice coil of a woofer to be large. In order to drive the com-
paratively heavy diaphragm of the woofer, a considerable driving force
on the diaphragm must be developed by the reaction of the voice coil
current with the permanent magnet gap field. This reaction is obtained
by providing a voice coil with many ampere-turns. This means that
we want to get as much current (amperes) as possible through as many
turns (of coil) as possible in order to develop a large voicé coil
magnetic field, which will then interact with the gap field. Thus the
more turns we can put on the voice coil the more ampere-turns we can
have with a given current. Also, the larger we make the wire size,
the more current can be forced through the wire; again we have more
ampere-turns. Thus more wire turns of larger size wire means more
driving force developed by the voice coil, and it also means a larger coil.

However, there is a practical limit beyond which it does not pay
to increase the voice coil mass, because, after all, the voice coil has to
move itself as well as the diaphragm. If most of its developed driving
force is used up in moving itself, its usefulness has been wasted as
far as developing acoustic power is concerned. Therefore, in practice
there is an optimum weight of voice coil dictated both by the necessary
power handling capacity and the mass of the moving diaphragm.

Dense Gap Flux Needed to Drive Heavy Woofer Moving System

In view of the relatively heavy diaphragm and voice coil of the
woofer, it is important that there be sufficient magnet power available
to drive adequately this heavy mass. The large low frequency currents
flowing through the woofer voice coil will produce only feeble results
if the field it produces cannot reach out and react with a dense gap flux.
Dense gap flux means a high degree of reaction between the gap flux
and the voice coil field, and large resultant motions will occur. Con-
sequently, woofer magnetic structure are heavy and massive.

The density of the gap flux not only imparts drive to the system,
but also serves a very important function as far as cleanness of response




60 THE LOUDSPEAKER

is concerned; namely, the damping of the loudspeaker (see Chap. 5).
A heavy magnetic field provides a good sturdy propulsive force for the
attack of the notes, and also provides a good magnetic brake for the
speaker when the signal note has stopped. The heavier the gap flux,
the better the electromagnetic propulsive force and damping effects. In
woofers where the inertia of a heavy moving system is relatively great,
these effects of dense magnetic gap fields in overcoming the inertia of
the heavy moving system both in starting and in stopping its motion
are of great importance.

In summary then, the general characteristics of woofers are low
resonant frequencies achieved by large heavy diaphragms and loose
suspensions, large acoustic outputs achieved by large diaphragm ex-
cursions, high power handling capacity through large voice coils necess-
ary to drive the heavy diaphragms, and large magnet structures and gap
flux for adequate driving force and damping control.

Tweeter Designed for Maximum Efficiency at High Frequencies

For the high end of the acoustic spectrum there is the tweeter.
Again, because the tweeter is restricted in range, it may be more spe-
cialized in design in favor of improved high frequency efficiency, with
sacrifices being made in areas where good performance is not expected
of the speaker. Since the tweeter is to reproduce the high frequencies,
or the treble notes, it must be attuned, or resonated, in the high fre-
quency region. High resonant frequency is obtained with structures
that are light in weight and stiffly supported, as indicated in Fig. 3-11.
Consider, for instance, the very light, tightly stretched E string of the
violin, which produces the very high treble notes, compared to the long,
loose, heavy G string of the bass violin, which produces the low bass
notes. Thus in the tweeter the diaphragm is very light, and relatively
stiffy supported.

Tweeter Diaphragm is Small, Has High Resonance

Naturally, if we wish to make the diaphragm light in weight, it
must become small in size. Therefore, in contrast to the large 15-inch
woofers, we usually find cone type tweeters in the 3-inch class. By
reducing the diaphragm both in size and in weight, it becomes neces-
sary to proportionately reduce the voice coil to get optimum drive of
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the diaphragm by the coil. As a result of the entire moving structure
of the cone type tweeter being so diminutive, it becomes almost a
scaled down model of the larger woofer, but with a high resonance
frequency.

It is fortunate for the design of the tweeter voice coil that only
a comparatively small amount of electrical power resides in the high
frequencies. Therefore, the small voice coil found to be mandatory
for acoustic reasons will not be subjected to excessive electrical power
beyond the capacity of the scaled down voice coil structure. Invariably,
the tweeter voice coil is wound with aluminum wire or ribbon because
of the lighter mass of such a coil as compared to a copper coil. Inas-
much as lightness of moving system is the prime requisite of tweeters
(along with stiffness of suspension), the lightweight aluminum wire
affords specific high frequency advantages over copper voice coils.

Cone Type Tweeters Produce High Frequency Beams

In our discussion of the general purpose of wide range speakers,
we touched upon the problem of the beaming effect of high frequencies
from cone type speakers, which tend to concentrate those high fre-

V LIGHT DIAPHRAGM

FOR TWEETER:
“ DECREASING DIAPHRAGM WEIGHT RAISES RESONANCE

] TIGHTENING OF SUSPENSION RAISES RESONANCE
‘—TIGHTLY SUSPENDED

Fig. 3-11. To achieve bigh natural resonance, tweeters have small, light
diaphragms, stiffly supported.

quencies along the axis of the speaker. This means that a single cone
type tweeter does not produce even distribution of high frequency
sounds into the listening area it serves. It “lobes” the higher frequencies
out directly in front of it and discriminates against high frequencies
at the sides. This condition may be overcome by arranging two or more
cone type tweeters in an arced array (Fig. 3-12) so that several
individual lobes coming from the separate speakers cover the listening
area. This provides some measure of desirable wide-angle response,
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DISTRIBUTION

————
- - - ~.

K RESULTANT ANGULAR

-~

Fig. 3-12. Cone type rweeters may be arranged. in an arc array to improve
the angular radiation by providing multiple beams.

although there are irregularities in distribution because of the spacing
of these lobes, as shown.

Horn Loading Permits Diaphragm Size Reduction
and Increases Efficiency

In order to get reasonable output from an acoustic radiator, we
must vibrate large volumes of air; in order to vibrate large volumes
of air, we must usually have large vibrating surfaces. However, this
is true only of the direct radiator, the type of loudspeaker that faces
the listener directly as it plays. In the direct radiator, the larger the
diaphragm surface the greater the output, if the excursion is maintained.




HI-FI VARIATIONS OF BASIC TYPES 63

M
S\ pNa
j_J % THROAT MOUTH
\
LARGE HEAVY, SMALL LIGHT
DIAPHRAGM DIAPHRAGM
THIS SIZE OF DIAPHRAGM ——————THIS HORN RADIATOR WHEN
WHEN USED AS A DIRECT DRIVEN WITH APPROXIMATELY
RADIATOR WILL PRODUCE ONLY 20% OF THE DIRECT
APPROXIMATELY THE SAME RADIATOR POWER BECAUSE
SOUND OUTPUT AS; —— | OF THE SMALL LIGHT

DIAPHRAGM OF THE
COMPRESSION DRIVER

Fig. 3-13. The compression type driver has a small, lighe diaphragm,

which is easier to drive than a large cone diaphragm. The pulsations pro-

duced by the diaphragm at the narrow throat are transmitted to the born
mouth, which becomes the radiating surface.

However, if the diaphragm must be made small to have a high resonant
frequency, only a small volume of air is moved and reduced acoustic
output occurs.

However, increased acoustic output from any type of diaphragm
may be obtained if it is coupled directly to a horn, converting the
system to a horn loaded system. Furthermore, by the addition of a
horn, the size and mass of the diaphragm of the driver unit may be
reduced even further.

Figure 3-13 shows in general how the size of the diaphragm may
be diminished, when driving a horn, in contrast to the size of a direct
cone radiator. The driving force of the voice coil of a horn loaded
driver is imparted to a small diaphragm and the expanding air column
of the horn. The mouth of the horn may actually be considered to
be the final vibrating diaphragm. The driving force in such a system
may thus be considered to be distributed between the mass of the
diaphragm, which has been greatly decreased, and the mass of the air
in the horn. However, since air is so much lighter than paper, the
overall load of the hotn column on the voice coil, for the same acoustic
outpus as a direct radiator cone, may be greatly reduced and the efficiency
of the system correspondingly increased. Conversely, of course, for
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Fig. 3-14. In compression driver, back of diaphragm is sealed off, creat-

ing an acoustic stiffness, which belps raise the resonance of the unit into

the pass band of the born. (C) Shows a cutaway photo of part of the
structure tllustrated at (B).

the same electrical input, the horn loaded system will produce more
output than the direct radiator type.

As will be shown in Part 2, a horn is essenrially a baffle. It pro-
vides an acoustic load for the actual mechanical driving system. Horns
are “high-pass” filters; ie., their high frequency range is generally
unlimited, but the low frequency range is determined by the acoustic
design of the horn. (See Fig. 3-14.) Therefore it is necessary to
make sure the driver unit is designed to be most efficient within the
range in which the horn is to operate, and not spread out in efficiency
over a non-usable range.

Accordingly, we find that driver units for horn systems are of the
compression type, with the back of the unit completely sealed to pro-
vide acoustic stiffness (a stiff air cushion for the back of the diaphragm).
This added stiffness raises the resonance of the unit and makes it
more efficient in those high frequency ranges where the horn is most
efficient. Thus the combination of the compression driver horn loaded
system becomes an extremely efficient high frequency reproducer. Fig-
ure 3-15 illuscrates the use of the important phase correcting plug
that is found in high frequency driver units. This plug serves to
equalize the path lengths of the sound “rays” from the diaphragm so




HI-FI VARIATIONS OF BASIC TYPES 65

-
=)
a
[
=N N
O |-
THESE UNEQUAL PATH HOLE DUE TO PHASE
LENGTHS FROM THE DIA- I

PHRAGM TO THE THROAT

OF THE HORN WILL CAUSE (A)
PHASE CANCELLATION AT

SOME BAND OF FREQUEN-

CIES PRODUCING A HOLE

IN THE RESPONSE

OuUTPUT

THE PHASE CORRECTING

PLUG HELPS TO EQUALIZE

PATH LENGTHS FROM THE
DIAPHRAGM TO THE HORN (B)
THROAT, PRODUCING

SMOOTH HIGH FREQUENCY

RESPONSE
THROAT
OF HORN
PHASE
CORRECTING ‘
DEVICE

.7

DIAPHRAGM \SUSPENSION

(€)

Fig. 3-15. The phasing plug in the acoustic circuit of the compression

type driver unit eliminates holes in the bigh frequency response due to

path length differences from the diaphragm to the throat. Another type
of phasing device is shown in the cataway photo at (C).
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that they all meet in-phase at the throat of the horn, giving maximum
high frequency efficiency, without frequency cancellation effects.

Tweeter Horn Design Provides Controlled Angular
Dispersion of Highs

However, there is more to acoustic reproduction than just effi-
ciency. There is the all-important matter of angular dispersion. The
characteristic lobing effect of the cone type tweeter in the high fre-
quency region may be overcome by the use of horns designed for wide
angle distribution. In fact, the horns may be designed so that they may
actually mold the sound field into various patterns as desired, giving a
controlled wide angle distribution. Horns for such application are
generally “cobra” shaped. They are not round, but rectangular in mouth
configuration. Several of these horns are shown in Figs. 3-16 through
3-20, and it will be observed that they obviously function on different
principles. The four general types ate the maulticellular, diffraction,
acoustic lens, and reciprocating flare horns.

The Multicellular Horn

The multicellular horn as shown in Fig. 3-16 is essentially a group
of horns all radiating by themselves as separate and distinct lictle
horns, but energized by a common driver unit. The method by which
this type of horn distributes the high frequencies depends on the
manner in which the individual horns are stacked, and not at all upon
the design of the individual horns. As will be observed from the illus-
tration, the multicellular cluster is made up of small square-mouthed
horns. Since these individual component horns have symmetrical mouths
and symmetrical expansions in both the horizontal and vertical direc-
tions, the single horn element itself does not determine the direction
in which the sound propagates. That is, the sound from the individual
horn spreads out equally into the vertical and horizontal directions.
The elemental horn of the cluster does not by itself produce wide angle
dispersion of the high frequencies. However, since these component
horns are stacked in any array, which is broader than it is high, as
shown in Fig. 3-16, more horns throw sound into the horizontal direc-
tion than in the vertical. Thus wide angle dispersion of the sound is
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Fig. 3-16. The multicellular horn field pattern is made of separate sound
beams radiated by small individual horns arranged in an arc.

effected in the horizontal plane. The effect is materially aided by the
fact that the horns are swung around in an angular array.

Since the multicellular horn is made up of individual radiators,
it is to be expected that the radiated field pattern of each individual
horn will overlap those of its adjacent horns. The result of the inter-
actions of the individual field patterns is an overall radiation pattern
characterized by lobes and valleys not too different from those which
occur when cone speakers are ganged into an array. Each little horn
mouth sends out a more or less directional lobe similar to that from
a cone. Arrays of this type are usually described by the number of
horns in one direction as against the number in the opposite direction.
Thus the one shown in the illustration is a “three by two” horn.

There are some types of tweeter horns used in coaxial assemblies
that give the appearance of being multicellular but are actually com-
posed of a simple flared horn with fins inserted in the mouth of the
horn. These fins sometimes serve to reflect the sound into a wider
pattern, but here again, the fins cast acoustic shadows just as easily
as they cast acoustic reflections; consequently, the field pattern of the
latter type of “pseudo-cellular” horn is also characterized by lobar
irregularities.

The Diffraction Horn

The diffraction type of horn, illustrated in Fig. 3-17, works on the
principle that sound coming out of a narrow slit that is small compared
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to the wavelength acts somewhat as a "point source,” and the sound
coming through it will consequently emerge in a cyclindrical wave-
front pattern from the slit, as shown in the illustration. Especially
will this be true if there is no baflling on the sides of the narrow slit.
The absence of the baffling allows the cylindrically formed wavefront
to flow around the side walls of the narrow mouth of the horn. In
more precise terminology, the wavefront diffracts out of the narrow
slit around the mouth edges; thus the term “diffraction” horn.

THE DIFFRACTION HORN

= —— HORN EXPANDS UNIFORMLY
@ = IN VERTICAL DIRECTION,
IS UNFLARED IN HORIZONTAL
‘ DIRECTION
=<
MAJOR DIRECTION __,| 7
OF DISPERSION B(| | THIS DIMENSION IS FLARED
i TO PROVIDE PROPER CUT-
3 B OFF EXPANSION OF HORN
THIS MOUTH DIMENSION

SMALL COMPARED TO WAVE-
LENGTH MAKES MOUTH
A “SUT” SOURCE

Fig. 3-17. The narrow mouth bebaves as a “slit” and wavelengths that
are large compared to the slit emerge as from a point source, diffracting
into a cylindrical wave.

Because the mouth diameter is so small in the horizontal direction
(with the horn mounted as shown in the illustration), it must flare out
rapidly in the vertical direction to provide the proper overall horn
expansion for the cutoff frequency for which the horn is designed.
Thus in appearance it may seem that the greatest horn dispersion will
be in the vertical plane because the mouth contour seems to greatly
favor this direction. Actually, however, the reverse is true, and for
the diffraction horn of this variety, the major energy distribution is
in the horizontal plane. However, since the slit effect exists for con-
ditions in which the width of the slit is small compared with the
wavelength of the sound, the effective dispersion will be variable with
frequency. As the frequency goes up (smaller wavelength) the slit
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“opens up” and there is comparatively less diffraction. However, despite
this reduction of the dispersion of the higher frequencies, in this type
of horn there is smooth angular response devoid of lobes or valleys
because of the absence of beaming cells.

The Acoustic Lens

The acoustic lens is a means of controlling the directional spread
of sound by placing in the sound beam arrays of obstacles arranged
in specific geometric pattern. As a point of interest, the acoustic lens
was an outgrowth of research on microwave radio transmission. In
the course of studying the behavior of electromagnetic lenses for the
purpose of focusing and beaming these very high frequency waves,
certain difficulties were encountered in constructing suitable laboratory
models and equipment with which to carry on the work in an ex-
peditious manner. Since the actual wavelength of the electromagnetic
microwaves was very similar to that of ordinary high frequency sound
waves, it was found that valuable laboratory time could be saved and
the study accelerated if acoustic models of focusing devices were used
along with beams of acoustic energy to replace the electromagnetic
focusing devices and the electromagnetic wave. From these studies
emerged the acoustic lens as a means of aiding the distribution of high
audio frequencies over a wide horizontal plane.

One form of the acoustic lens is shown in Fig. 3-18. It consists
of stacked layers of perforated screening with discretely enlarged open
areas in the center of the disc. The spacing between the screens, the
size and separation of the individual small holes in the screen, and the
progressively changing large opening in the center of the screens all
determine the exact manner in which sound dispersion takes place.
Although the axact analysis of the manner in which this dispersion
takes place is founded on optical theory, we may readily understand the
function of the lens by examining what happens to a sound wave as
it hits an obstacle array. It will be realized of course that a screen with
many holes in it is as much an array of obstacles as would be the case
if a lot of little discs were placed in the beam. In the case of the
perforated screen, the holes are “free space,” and the material between
the holes constitutes the “obstacle” of the obstacle array.

What then happens when a sound wave hits an array of obstacles
in its path? Naturally, where there are openings through the obstacle
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array, the sound wave will try to squeeze through these openings. Where
there are obstacles, the sound wave will not get through, but will be
stopped and reflected back in the general direction from which it came.
Thus, we may say that if only part of the sound wave got through the
obstacle array, and the other part were stopped within the array, the
density of the air in the array would increase, due to part of the sound

THE ACOUSTIC LENS

APPARENT INCREASE OF
DENSITY OF MEDIUM DUE
TO OBSTACLES IN PATH
SLOWS UP ENDS OF WAVE
FRONT CAUSING THEM TO
TWIST FROM PLANE WAVES
TO SPHERICAL WAVES

Fig. 3-18. The acoustic lens converts a plane wavefront to a curved
wavefront.

wave being retained momentarily while the next one came in on top
of it. There is thus an apparent increase in the density of the medium
(in the vicinity of the obstacle array) through which the sound wave
must travel. Since the velocity of sound decreases as the medium
through which it flows increases in density, the speed of sound when
passing through the array becomes less than that of sound in free
space. If now the obstacle array is fashioned so that it slows up only
a portion of the wavefront, the wavefront will be bent and the direction
of the propagation will be changed. Inspection of Fig. 3-18 indicates
how this differential slowing up of the wavefront at its edges causes
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the overall direction of the front to become more circular and con-
sequently more spread out.

Since the scattering effect of the acoustic lens is a function of
many critical factors concerning the spacing of the obstacles, the size
of the obstacles, and the frequency involved, it will be found that the
dispersion produced will have large side lobes of energy, which in
some cases exceed the amplitude of the on-axis response. The acoustic
lens thus furnishes wide angle response, but at the expense of some
smoothness of response in the desired plane of dispersion.

The Reciprocating Flare Horn

The reciprocating flare horn accomplishes wide angle distribution
of sound through the expedient of reversing the direction in which the
pressure builds up within the horn and maintaining a mouth config-
uration that minimizes undesirable diffraction in the vertical plane.
All horns are pressure controlling devices. At the throat of the horn
the pressures are greatest; at the mouth they are the smallest. At any
point along the horn between the mouth and the throat, the sound
pressure will be of some value intermediate between these two ex-
tremes. The manner in which the sound pressure throughout the horn
will vary depends upon the growth of the cross-sectional area of the
horn. Thus, by controlling the manner in which the horn expands, it
is possible to “contour” the sound pressure into any direction. To
perform useful acoustic work, however, the sound pressures built up
within the horn must emerge into space through the mouth of the horn.
The mouth of the horn thus becomes the actual sound radiator. Thus the
size and configuration of the horn mouth iz conjunction with the horn
flare, and together with the frequency involved determine the degree
of dispersion.

The reciprocating flare horn is one in which the rate of expansion
of the horn remains constant, but the direction in which it expands
changes from one plane to another for purposes of contouring the pres-
sure fronts within the horn. Reference to Fig. 3-19 will indicate that
the reciprocating flare hotn first expands rapidly in the vertical direc-
tion with practically no expansion in the horizontal direction. A cut
taken across this first horn section would show it to be a fairly well
elongated rectangle oriented vertically. The sound pressure traveling
down a channel of this type of cross-section finds it relatively easy
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to expand into the vertical direction, for the walls flare away in that
direction. In trying to expand into the horizontal direction, however,
the sound pressure meets the side walls of the hotn, which restrict the
wave from expanding, and consequently the sound pressure finds itself
building up at these side walls rather than being allowed to freely
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Fig. 3-19. The reciprocating flare horn builds up high pressure against
the walls in unflared direction; pressure is then released into the front flared
section to produce uniform wide angle dispersion.

expand. We might therefore say that looking into this rectangular
section of the horn, there are high pressures against the unflared vertical
walls, and low pressure against the flared horizontal walls of the horn.

Now, any one cross-section of a horn may be considered to be the
“throat” area of the horn section in front of it; that is, one section feeds
the next, and so forth. Thus we may look upon one horn section as
the “driver” for the next section, with the very important attribute that
it is a driver that is pushing greater sound pressure against the side walls
than against the top and bottom walls. If, at some discrete point along
the horn, we change the direction of the flares so that there is little ex-
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pansion into the vertical direction and more into the horizontal direc-
tion, we have in effect a new horn with a flared directional advantage
for horizontal dispersion, energized by a “driver” with already existing
high sound pressure against the vertical walls anxious to be relieved into
the horizontal direction. The overall effect of this reversal of the flare
direction and the differential pressures at the throat of the reversed sec-
tion contributes to exceptionally wide horizontal dispersion.

In the design of the horn, care is taken to so proportion the horn
expansion that the final mouth of the horn is large compared with the
wavelength of the frequency to be radiated. By this precaution, mini-
mum diffraction of energy into the vertical plane takes place; it is all
concentrated into the horizontal plane. In consequence of the energy
being restricted from radiating into the vertical direction in free space
and being concentrated in the horizontal plane, the overall efficiency
of the horn is increased. In consequence of the combined design of the
reciprocating flares of the horn, its mouth configuration, and total lack
of cells or fins, the reciprocating flare horn delivers high efficiency wide
angle response of the entire high frequency spectrum without acoustical
losses due to diffraction or irregularities due to beaming.

In summary, we see that because of the restricted range in which
they are designed to work, tweeters may be made quite specialized in
their design. They may be made more efficient, and features highly
desirable for high frequency applications may be incorporated. These
features are obrained from small light moving diaphragms with tight
suspensions producing high natural resonance. They usually are of the
sealed compression unit type, operating with horn loaded systems de-
signed for high efficiency and wide angle response.

The Midrange Speaker is a “Band Pass” Speaker

There are many good high fidelity systems that consist only of
a woofer and a tweeter. The more elaborate systems utilize in addition
a midrange speaker for even more controlled acoustic performance.
This midrange unit may be either a cone speaker or a horn driven
system. Its design is again covered by the principles that control
loudspeakers in general, but in this instance, they are adapted to more
specialized designs, because of the restricted range over which the
mid-frequency speaker is to perform. Those factors governing the
choice of the type of mid-frequency loudspeakers are integrally tied
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A WIDE ANGLE MID RANGE PROJECTOR FOR USE WITH
A COMPRESSION TYPE DRIVER UNIT, SHOWING HALF
SECTION VIEW

Fig. 3-20. For low frequency extension of the midrange horn projector,
the reflex type of structure gives good horn length in small space for bigh
efficiency operation with compression type driver. (Courtesy University)

up with the overall design of the system, because such speakers must
bridge the gap between the woofer and the tweeter and must be de-
signed to be compatible with them. Therefore, the more detail con-
sideration of the midrange speaker will be presented in Chap. 6, which
covers multi-speaker system design. We may treat the midrange speaker
more generally at this point so that it may be fitted into the complete
picture of these hi-fi variations from the basic types.

Midrange Speaker Range Determined by Woofer
and Tweeter Limits

The midrange speaker begins to operate in that frequency region
where the upper range of the woofer section becomes attenuated
either by itself or through the intermediate devices of networks. Thus
the expected low frequency response of the midrange speaker is usually
fairly high in the acoustic spectrum. The upper range of the midrange
speaker is governed by the lower range coverage of the tweeter, for
the midrange unit generally need go up in frequency only far enough
to provide a smooth overlap with the tweeter range.

The midrange speaker may be either a direct radiator cone speaker
or a compression driver horn loaded system. The choice will be gov-
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erned by the design of the system as a whole. If the woofer and
tweeter sections of the system are direct radiator cone types, a midrange
speaker of the cone type will match them in efficiency and provide a
balanced system. If the woofer and the tweeter are high efficiency
horn loaded sections, the midrange unit should preferably be a horn
type, although as we will see in Chap. G, there are other important
considerations governing the choice of speaker components. If it is
a cone type, the midrange speaker may preferably be of the wide range
type so that it may be operated low enough in frequency to match the
woofer and at the same time give good high frequency reproduction
up to the area where the tweeter takes over.

In the case of the compression driver horn type of midrange pro-
jector, the low frequency extension is limited by its natural cutoff fre-
quency, and its efficiency is governed by the length of the horn. Figure
3-20 shows a typical midrange horn projector designed to extend down
to 350 cps. This horn, of the reflex type, provides a long acoustic
column in a short compact space which results in a high efficiency de-
vice for use even in restricted sizes of enclosures. The high end
performance of a horn system is determined, in general, by the number
and type of bends of the hotn, and by the driver unit performance. A
driver unit for operation down to the low frequencies required of a
typical midrange reproducer will be of such size as to compromise the
extreme high end efficiency. However, since this upper end may be
taken over by the separate tweeter, this compromise is petfectly accept-
able. In fact, the compromise breeds specialization. In order to get
optimum performance over the restricted middle range, the horn driver
system is designed for maximum efficiency within that range.

Summary

Woofers are low frequency reproducers, large in size and low in
resonant frequency; tweeters are treble reproducers, light in size and
high in resonant frequency, and usually of the compression driver horn
loaded type; and in between the two are the midrange speakers, chosen
on the basis of low end and high end response compatible with the
woofer and tweeter portions of the reproducing system.



cuarrer 4: The Mechanics of Good Hi-Fi
Loudspeaker Design

Speaker Performance Depends Mostly Upon Mechanical Design

The acoustic designs of the specialized hi-fi loudspeakers dis-
cussed in the previous chapter stem directly from the principles of
good mechanical design. In that chapter we touched briefly on dia-
phragm weight, diaphragm stiffness, and related matters simply to lay
out the broad boundary conditions for the design of the various types
of loudspeakers. In the present chapter, we will show how these general
conditions are specifically met through the proper mechanical design
of the component parts. We will see that even though the loudspeaker
is a device to be used with electronic equipment, it has very litte
about it that is specifically electronic in nature. If we discount the few
turns of wire on the voice coil, the entire loudspeaker is an integrated
system of mechanical parts in motion relative to one another. The
quality of performance of the speaker, the range of its frequency re-
sponse, its sensitivity, its angular dispersion will, in large measure,
be dependent upon the design and mechanical structure of its parts,
and the precision with which these parts move.

It will come as a revelation to the newcomer to acoustics to learn
that when the loudspeaker is working it may undergo stresses and
strains far in excess of the stresses and strains that airplanes undergo
in coming out of very steep fast dives. In analyzing these stresses and
strains, we shall start with the diaphragm because the diaphragm is

76
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the major element; it is (more specifically) the one and only element
that actually provides the sound we hear. The operating conditions
prevailing about the diaphragm will naturally be determined by whether
the speaker is a large woofer structure or a small tweeter structure. As
we have seen, the woofer diaphragm is comparatively heavy and large
and undergoes high degrees of excursion, whereas the tweeter diaphragm
is small and light and undergoes restricted degrees of excursion. It will
be only natural, therefore, to find a different set of mechanical prop-
erties for the woofer moving systems than for the tweeter.

Diaphragm Withstands Tremendous Mechanical Stresses

The electrical power fed to the voice coil of a speaker is trans-
formed into mechanical power, which moves the diaphragm, and the
mechanical power of the moving diaphragm, in putting the air into
vibration, is converted to acoustic power. For instance, it may be shown
by acoustic calculations that a 12-inch diaphragm has to move to a
peak excursion of 4-inch when vibrating at 60 cps in order to radiate
one acoustic watt of power. When it reaches its peak excursion, it has
to come to a complete standstill for an instant, and then start going
backward to complete its vibration cycle. In other words, it has come
out of its dive as the airplane does, and reverses its direction. By
the laws of physics, it may be calculated that when the diaphragm comes
out of its “dive,” under the above power conditions, it experiences a
maximum acceleration equivalent to 93 “g’s.” More astounding yet,
if similar calculations were to be made for this speaker when repro-
ducing 10,000 cps, we would come up with the fantastic figure of
2060 g's for its acceleration. When we consider that ordinary airplanes
may virtually come apart when subjected to more than 10 g's, we must
look with deep respect upon the vibrating paper diaphragm of a
loudspeaker.

Diaphragm Stability Determined by Size, Shape, and Paper Stock

In order to ensure that diaphragms withstand these tremendous
stresses and strains, great care must be exercised both in the design
of their physical shapes and the selection of material out of which
they are made. As shown in Fig. 4-1, a flat piece of paper supported
at its edges will be rather weak at its center. It will readily give under
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the gentle press of one’s finger. On the other hand, if that same piece
of paper is rolled up into a conical shape and placed with its wide
base down on the table, it is possible to exert considerable pressure
upon the point of the cone before it collapses. If we apply this concept
to loudspeaker diaphragm design, we find that, in general, the deeper
the loudspeaker diaphragm, the more rigid it becomes, and the more
it will move as one whole piston. This is actually the condition we seek

A FLAT PIECE OF PAPER THE SAME PIECE OF PAPER
SUPPORTED AT ITS EDGES ROLLED UP INTO THE SHAPE
WILL READILY SAG AND OF A CONE WILL EXHIBIT
DISTORT UNDER PRESSURE GREAT STRENGTH WHEN A
APPLIED TO ITS CENTER FORCE IS APPLIED TO

ITS APEX

A SHALLOW DIAPHRAGM :\Egﬁmc&fv N e
WILL BE UNSTABLE FOR

LARGE APPLIED VIBRATIONS LARGE APPLIED MOTIONS

<<\

WHERE PISTON ACTION
IS DESIRED WHERE PISTON ACTION

IS DESIRED

Fig. 4-1. Where complete piston motion of a diaphragm is required,
maximnm mechanical stability may be obtained by a deep conical structure.

in a woofer. We want the diaphragm to move as a whole without
flexing of the vibrating surface itself so that we may get as much
active radiating surface as possible. Therefore, we find that woofers,
which have to move large volumes of air, obtain great mechanical
stability by means of deep cone structures.

The stability of the cone is also greatly determined by the paper
stock from which the cone is made. Almost all of today’s hi-fi speakers
use diaphragms compounded by a molding process or a flotation process
by which it is possible to blend in the mixing vats many ingredients
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to get a paper stock that will perform in the acoustic manner desired.
Many kinds of fibers, cloth, wool, and paper go into the making of the
diaphragm. By choosing the proper compound, we may get a soft-stock
cone, or a hard-stock cone, or any variation between the two. Obviously,
the type of stock used will also determine both the mechanical sta-
bility of the cone and its acoustical performance.

A soft material will not transmit a force as well as a hard material.
This is especially true where vibratory motion is concerned. The soft
material acts as a cushioning factor for the force applied to it, and
the higher the frequency the greater is this cushioning effect. Thus a
loudspeaker cone made from a soft material will vibrate at its apex
area when driven at its apex by a high frequency signal, but the rest
of its diaphragm area will stand relatively still, due to the cushioning
effect of the soft material along its body length. This cushioning pre-
vents the driving force from being transmitted to the body of the dia-
phragm as a2 whole. The soft material has been instrumental as a
decoupling factor for the high frequencies. Actually, if the diaphragm
material is of a very soft nature so that the high frequencies are lost
even before they activate the apex area of the cone, the speaker will
not reproduce the highs at all and the cone will be of the woofer class.

If the cone is made from a hard material, which transmits the
vibrating forces throughout its body, there will be less uncoupling of
the body of the cone, and the cone will tend to move as a piston for
all frequencies. However, this also results in rather inefficient high fre-
quency reproduction, because the diaphragm is too heavy to be ade-
quately moved as a whole by the weak high frequency driving forces.
Thus a compromise must be made by the designer of the loudspeaker
in the selection of paper stock for the loudspeaker on the basis of the
expected balance between lows and highs and on the basis of whether
the speaker is to be a woofer or a tweeter. (See Fig. 4-2.) Often the
compromises between hard and soft material are quite visible to the eye.
Some cones appear to be treated in their apex area with a stiffening
impregnation. This is usually referred to as an “apex dip.” It is an
application to the apex of the cone of a substance that flows into the
fibers and stiffens them, thus producing a relatively hard but small
apex area for good high frequency transmission. Beyond the treated
area, the cone retains its soft state, and uncouples itself as far as the
high frequencies are concerned, but remains fully active along with
the apex for the reproduction of the low frequencies. Hence we
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see that between cone shape and cone material are many of the design
paramenters of the loudspeaker performance characteristic.

The loudspeaker manufacturer must compound a design (as far
as shape and stock of cone are concerned) that will not only produce the
proper acoustic response with maximum mechanical stability, but will
also prevent cone “break-up.” Break-up is a term applied to the tend-
ency of a weak membrane to separate into separate vibrating sections

IN “HARD” CONES, HIGH
FREQUENCY VIBRATIONS ARE
TRANSMITTED THROUGHOUT

IN “SOFT” CONE, HIGH
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-~ QUICKLY DAMPED AND -— CONE, BUT DUE TO LARGE
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Fig. 4-2. The type of pulp formulation of the cone will determine its
acoustical performance, as well as its mechanical stability.

(Fig. 4-3) where the frequencies of these induced vibrations are not
harmonically related to the main driving frequency. These spurious
vibrations, because they are not harmonically related, result in a “cry”
of a very unmusical nature, usually falling somewhere in the middle
region of the musical spectrum. Such cone break-up may be partly
controlled by cone material, cone shape, and cone reinforcement. This
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reinforcement may consist of structural ribs placed circumferentially
about the midsections of the cone to apply a stiffening factor running
over those sections which would normally tend to vibrate independently.
(See Fig. 4-4.) These strengthening ribs are put in not for appearance
buc for performance, and go hand in hand with diaphragm weight,
shape, and stock in determining mechanical and acoustic stability.

Woofers Need Large Deep Diaphragms, Tweeters
Small Shallow Ones

Thus in woofers, where the diaphragm is large and moves as a
whole with large excursions, we find deep cones for strength and
rigidity during these large motions. However, in the case of cone type
tweeters, where lightness of moving system is highly important, but

THE SECTIONS MARKED 4
MAY MOVE IN ONE DIREC-
TION AND THE SECTIONS
MARKED “—*" MAY MOVE
IN THE OTHER AS THE
DIAPHRAGM VIBRATES

BACK AND FORTH

Fig. 4-3. Diapbragm "break-up” may occar in a weak vibrating mem-

brane, causing large sections of the membrane to vibrate at frequencies not

barmonically related 10 the fundamental. This results in cone “cry” at the
middle frequencies.

where, fortunately, diaphragm size is small and motion greatly reduced,
the diaphragm may be made considerably shallower and of thinner
stock. In contrast to the deep mechanically rugged and massive ap-
pearance of woofers, cone tweeters have a flat-faced and frail appearance.

In the case of the compression type driver units, the diaphragms
are usually made of molded, laminated phenolic impregnated woven
cloths. Diaphragms of this nature are molded under pressure and, in
addition, are considerably smaller than direct radiator cones. Hence
these may be designed to give extreme mechanical rigidity with light-
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Fig. 4-4. Cone break-up may be minimized by the application of stiffen-
ing ribs as well as proper diaphragm weight, shape, and stock.

ness of weight. This makes for overall increased efficiency and clean-
ness of response.

Diaphragm Suspension Must be Linear

Thus far we have been discussing the mechanics of the diaphragm
itself. However, the diaphragm must be supported in its basket by
means of its “rim compliance,” or edge suspension, as shown in Fig.
4-4. Tt will be recalled that the heavy woofer cone is comparatively
lightly suspended in order to realize the necessary low resonance fre-
quency. “Lightly suspended” means that the paper spring or compliant
rim around the edge of the cone, which holds it to the basket, is very
loose. One very important characteristic that every rim compliance
must have is that of linearity; it must stretch evenly. If it were to pull
out too tautly while the cone tried to continue its motion, the motion of
the cone would become "flat-topped” and nonlinear motion would re-
sult, introducing undesirable harmonic distortion. This is illustrated
in Fig. 4-5. Thus we see that a term normally applied to electronic
devices is in this case the result of mechanical design of a speaker.

By providing many folds in the paper (Fig. 4-GA), linear spring
action may be obtained, so that the diaphragm may move out fully to
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DISTORTED OR FLAT-TOPPED
OUTPUT

Fig. 4-5. For clean peak signal reproduction, edge suspension must have
mechanically linear motion for full diaphragm excursion.

its maximum position without stretching the spring beyond its linearity
limits. It might appear that the larger the spring the better. Not so,
however. If the spring is made up of many folds, we immediately re-
move considerable active area from the overall diaphragm, leaving
less active piston area. Secondly, the large spring begins to exhibic a
resonance of its own because it also has its own mass, with the result
that somewhere in the middle frequencies the larger rim compliance
and the diaphragm piston may actually vibrate out-of-phase with one
another. Thus a depressed area in the frequency response, usually
referred to as edge resonance effect, will occur (Fig. 4-6C). In order
to minimize this effect, the rim compliance may be designed to be small
in area, but with large spring loop as shown in Fig. 4-6(B). Although
this expedient will eliminate much of the edge resonance effect, it has
the disadvantage that, because the edge is restricted, its motion can-
not be maintained as linear as with the larger spring. Here again, com-
promise must be made, and the acoustic conditions of operation are
once more determined by the mechanics of how well a piece of fibrous
material may be flexed.

Minimizing Rim Resonance Effect
This edge resonance may be minimized by treating the rim com-

pliance with a mechanically resistive material that will effectively
dampen the self resonance of the rim area. One very successful means
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of accomplishing this damping is to coat the edge compliance with
special compounds that are "dead” and have no resilience, compounds
that tend to stay where they are put. When such a material is applied
to the edge of the cone, it imparts its characteristic lack of resilience to
the rim, so that even though the rim may still want to vibrate at its
own natural resonance, it does so very sluggishly, with the result that
edge resonance effects are generally reduced. This edge treatment is
easily recognized by the shiny surface that covers the rolled section of the
diaphragm. Another means of accomplishing this damping effect is
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Fig. 4-6. The design of the rim suspension must give good mechanical
linearity, but not at the expense of smoothness of response or vibrational
equillibrium of cone.

to cement sections of resistive material (such as rubber) over the
compliant area sections to provide mechanical damping of these areas.
Thus a judicious choice of the edge roll configuration, with proper
damping added to it, will give maximum linearity of motion with min-
imum edge resonance effect.
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Woofer Voice Coil is Large, to Dissipate Heavy Audio Power

Due to the fact that most acoustic power resides in the low fre-
quencies, woofers must be designed to produce large amounts of
acoustic power. However, they must accordingly be able to take large
amounts of electrical power. No piece of machinery is 100 percent
efficient. There are losses of power in all physical systems, and loud-
speakers are no exception. A great proportion of the electrical power
fed to a loudspeaker is not converted into acoustic energy. It is lost as
heat or in other ways. The voice coil structure of a woofer must be
designed to dissipate large amounts of heat, or it may suffer serious
damage and cause failure of the loudspeaker. Accordingly, we find
that the voice coils of woofers are usually large in diameter, at least
2 inches, and that the coil is wound of comparatively heavy wire so
that maximum dissipation of heat may be accomplished. However,
there are limits to the size of coil that may be designed. Obviously,
we could design a large massive coil that would easily accept and dis-
sipate all the heat we required. However, when we realize that in
addition to dissipating heat, the coil has to move itself under its own
force, it will be realized that sooner or later we would have good heat
radiation but, due to the massiveness of the coil, no motion and no
sound. There is a definite relationship between the weight of the coil
and the weight of the diaphragm for optimum acoustic performance,
which determines the overall size of the voice coil for a given weight
of diaphragm.

Within this general size, the loudspeaker manufacturer must de-
sign his voice coil structure to give optimum acoustic output with
most efficient electrical power handling capacity. Since metals are
good conductors of heat, voice coils wound on dural coil forms add to
the effective heat dissipation of the coil by absorbing the heat from the
coil through conduction. The large dural surface of the voice coil form
then radiates the heat into the surrounding iron parts of the speaker
structure.

Power Capabilities Depend Also Upon Diaphragm Stability

The power handling capacity of a loudspeaker is not a function
only of the heat its voice coil can dissipate electrically. Its power rating
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is also governed by the ability of the vibrating system to withstand
continuous cyclic motion without physical change. Thus, even though
a loudspeaker voice coil may be able to take 25 watts of electrical
power, the diaphragm itself may move so violently that its compliant
edge quickly cracks or tears away, or the voice coil may ride erratically
in the air gap of the magnet and scrape itself to destruction against
the walls. Thus power handling capacity is an overall figure that must
cover not only the electrical characteristics but the physical character-
istics of the speaker as well. The mechanical power handling capacity
of the cone itself is usually determined by the design of the rim com-
pliance and the ability of the cone to vibrate without acoustic break-up.
If the rim is designed to be able to withstand constant and excessive
flexing without breakage, the diaphragm as a whole will last for the
life of the speaker.

However, the mechanical precision with which the suspension
holds the whole assembly together determines the mechanical longevity
of the voice coil itself. The voice coil must be kept perfectly aligned
mechanically in its magnetic gap at all times during its vibration cycle.
If, during its vibration, it sways or twists sideways, it may scrape itself
against the walls of the gap, causing rubbing of the voice coil, which
in turn resules in distortion, in shorted turns, and sooner or later, in an
open voice coil. Although the spider is normally the device that keeps
the coil centered in the gap when no motion is involved, it is the com-
bination of the spider and the outer cone suspension that dictates how
the coil behaves in the gap under motion. Obviously, from Fig. 4-7 (A)
it will be seen that, even though the spider may keep the coil centered,
if the cone tilts, it will tile the coil and cause rubbing. Where small
motions are involved, as in tweeters, this condition does not present a
problem. However, in the case of woofers, where voice coil motions
of the order of 3% inch or more are prevalent, added insurance against
voice coil misalignment may be had by the double spider suspension
shown in Fig. 4-7 (B). The addition of the second stabilizing spider
part way up the cone of the speaker acts as a second guide to the linear
in-and-out motion of the voice coil, keeping the voice coil not only
rigidly centered, but also moving in a rigidly proscribed axis.

In loudspeakers in which the voice coil travels a straight and narrow
path, and in which the side play of the coil is rigidly controlled, the
clearances between the overall gap walls and the voice coil may be
reduced, with resultant improved magnetic circuit efficiency, because of
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Fig. 4-7. Where mechanical vibration is precisely controlled, greater
magnetic gap efficiency may be obtained.

the reduced gap cross-section. Thus we see again that the final acoustic
performance of the loudspeaker is a function of the mechanical toler-
ances permissible between controlled moving parts.

Magnetic Circuit Construction Determines Gap Flux
In connection with magnetic circuits and their dependence upon

mechanical design, a type of magnet structure has been developed
that is designed for high magnetic efficiency, and which at the same
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time provides means of forcibly cooling the voice coil that rides in its
magnetic gap. This is the “W” magnet illustrated in Fig. 4-8. In any
magnetic circuit, the more breaks there are in the circuit, the lower is
the efficiency. No matter how well two adjoining surfaces of a magnetic
circuit are in contact, such contact is made only through a large number
of small areas, because no surface is absolutely smooth. Thus, two
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Fig. 4-8. Magnetic circuit efficiencies may be increased by reducing num-
ber of surfaces.

facing surfaces are actually a break in the circuit, and even though it is
small, this represents a loss of magnetic flux. There are usually four such
contact breaks in the magnetic circuit, but in the “W” magnet assembly
there are only two, and greater magnet efficiency is therefore made
available.

The open center of the “W” magnet, working in conjunction with
the apex area of the diaphragm, and closed by means of the dural cap,
provides a forced cooling system for the voice coil. As the diaphragm
pulses back and forth, the air is sucked in and out of the voice coil area
through the rear filter screen.
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Heavy Magnetic Circuits and Voice Coil Alignment
Require Sturdy Baskets

The size of the magnet of a loudspeaker is, in a large measure,
dependent upon the size of the speaker. Large woofers are driven by
heavy magnet circuits of perhaps 7 to 10 pounds. These magnet circuits,
which are invariably located at the very rear of the speaker, represents
a heavy dead weight on the structure holding the entire speaker together.
If this speaker basket, or housing, is not properly designed, the weight
of the magnetic circuit may cause the basket structure to be deformed
to the extent thac the entire alignment between diaphragm, voice coil,

STRUCTURAL

i GIRDER BASKET

DOUBLE SPIDER ASSEMBLY

Fig. 4-9. Girder basket construction and double spider construction en-

sure minimum basket deformation and precision voice coil alignment.

(Courtesy Audio Engineering Society, July 1954, "Mechanics of Good
Loudspeaker Design”)

and gap is upset. Furthermore, improperly designed housings may also
become warped out of round when they are screwed down to irregular
baffles or plates. This stressed warping of the basket causes misalign-
ment of the voice coil in the gap. Today’s loudspeakers, designed for
good high acoustic output at low frequencies, call for more and more
pounds of magnet. More pounds of magnet means greater strain on
the supporting structure. Where the design calls for high conversion
efficiency at low frequencies, it is desirable to build the basket as
structurally strong as possible, so that it may carry the weight of the
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magnet necessary to power the speaker. Figure 4-9 illustrates in a cut-
away view the structural girder design that a modern loudspeaker
should use to insure optimum resistance to mechanical stress on the
basket structure.

Summary

We have now examined all the component parts of a loudspeaker,
from the voice coil, which first receives the electrical impulse, down to
the basket, which supports the whole assembly. Also, we have seen
that those elements of design that are necessary to provide structural
and motional stability for the loudspeaker also bring about improved
acoustical performance. We must conclude that good loudspeaker
performance can only stem from good mechanical design.




cuarrer 5:  I'he Meaning of Loudspeaker Resonance,
Impedance, & Damping

Loudspeaker Impedance Varies with Frequency

The performance of a loudspeaker is greatly affected by its im-
pedance characteristic. There is far more to the matter of loudspeaker
impedance than simply that of its 8- or 16-ohm nominal specification.
The impedance of a loudspeaker is not a constant. It varies considerably
with frequency. The impedance of a speaker at its low frequency resonant
point may be four to five times its rated impedance At high frequencies
it may again be more than four to five times the rated impedance. Since
the power a loudspeaker can accept from an amplifier is dependent upon
the speaker impedance, it is apparent that the output of the loudspeaker
will be greatly affected by the manner in which its impedance varies
from point to point throughout its operating range.

Rated Impedance Usually Taken in 400-cps Area

The rated impedance of a loudspeaker is actually the value taken
at one small narrow band of the overall impedance curve. Figure 5-1
illustrates an impedance curve of a typical 12-inch speaker as taken in
free air; the speaker is unrestricted by any baffled conditions. The
standard method of rating the impedance of a loudspeaker, according to
RETMA standards, is to choose the value of the impedance at the bottcom
of the trough immediately following the first peak of the impedance
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characteristic. It so happens that in the conventional 15-, 12-; and 8-
inch speakers, this trough falls in the general neighborhood of 400 cps.
Therefore, the rated impedance of the speaker usually holds at this
general mid-low frequency. However, the impedance characteristic
may convey a great quantity of information, in addition to the rated
impedance, that will be extremely helpful in understanding the per-
formance characteristics of a loudspeaker.

POINT OF MAXIMUM

PEAK %AOK-EMF IS HIGHEST
IMPEDANCE IN
| RESONANT AREA
8 |
z
b=
[=]
w
a
2

LR ot
=71 «——RATED IMPEDANCE
= 7 ABOUT 20% HIGHER THAN
=== "7} — = t™—D-C RESISTANGE
t
E
1 |

S
=1
m
o

1

RESONANT FREQUENCY

L e e — —

D-C
RESISTANCE

e

= =
0000 CPS
oCPS l 400 CPS FREQUENGY 10000 G
NCE | 1_REGION OF
EESgUEANgY AREA RATED IMPEDANCE

IMPEDANCE CHANGES HERE DUE
TO MOTION OF DIAPHRAGM

Fig. 5-1. The impedance characteristic of a loudspeaker will determine
the power that the speaker will accept at low and at high frequencies in
relation to the power at its rated frequency and the damping required.

Actually, the rated impedance does tell us what the matching
impedance of the amplifier should be to get the best power match to
the speaker at approximately 400 cps. At the low-mid frequency
range, an 8-ohm speaker should be connected to the 8-ohm output tap
of an amplifier in order to obtain the best performance from the
combination. The rated impedance of the loudspeaker is also a means
of determining what power is fed to the loudspeaker. Thus, when 8
volts is applied across an 8-ohm speaker, 8 watts will be delivered to
the speaker. These are some of the simple facts conveyed by the rated
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impedance of the loudspeaker. However, we must approach these facts
with considerable caution, realizing that they apply only for a relatively
narrow frequency band (specifically, the low-middle and middle fre-
quency ranges).

Impedance Varies Greatly at Resonance

The greatest variation in impedance of a speaker is in the vicinity
of the resonant frequency. All mechanical vibrating systems have a
natural resonance. At this natural resonance, they vibrate most freely.
The degree to which any mechanical body vibrates at its natural fre-
quency is dependent upon the mass of the body, the springiness by
which the mass is held, and the mechanical resistance to motion within
the system itself or to resistance externally applied.

If a weight were hung by a spring suspended from the ceiling,
and the weight were pulled down and then released, it would bob up
and down at some rate, or frequency, which would be determined by
the actual weight of the mass and the stiffness of the spring. If the
spring were a very loose one, the weight would bob up and down slowly
over large distances. The system would then have a low natural reson-
ance, and a large “excursion,” or amplitude of motion. If the spring
were a very stiff one, the weight would bob up and down rapidly over
small distances. The system would now have a high natural resonance
and small excursion. On the other hand, if the spring were kept un-
changed and the weight were reduced, the resonance would rise and the
excursion would decrease. Therefore, for mechanically vibrating bodies,
the heavier the mass, the lower the resonant frequency; the stiffer the sus-
pension, the higher the resonant frequency. In general, then, if we
have a large ratio of stiffness to mass, we will have a high resonant
frequency. If we have a low ratio of stiffness to mass, we will have a
low resonant system.

These factors are determining elements in the natural resonance
of the loudspeakers, and they help to explain why larger speakers have
lower resonant frequencies and smaller speakers higher resonant fre-
quencies. In a 15-inch woofer, the cone is relatively heavy because
of its size. In order for it to be able to move over the considerable
distances necessary for good low frequency reproduction, the cone must
be rather loosely suspended in relation to its weight. The woofer
diaphragm system, therefore, has a small ratio of stiffness to mass,
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and has a low natural resonant frequency. Smaller speakers intended
for higher frequency operation have smaller and lighter diaphragms,
but these are more tightly held in relation to their mass. There is a
high ratio of stiffness to mass, and consequently small speakers and
tweeters have a high resonant frequency. The important consideration
of this resonance characteristic is how it affects the impedance and
operation of the loudspeaker.

Impedance is a highly descriptive term. It obviously refers to
the property of blocking or stopping something. In electrical termin-
ology, impedance of an item is essentially a measure of how the flow
of alternating or changing current is restricted through it. A high
impedance permits only small values of current to flow and, con-
versely, a low impedance allows large values of current to flow. There-
fore, let us examine the highly variable impedance characteristic of
the loudspeaker as it pertains both to the electrical circuit with which
the loudspeaker has to cooperate and to the way in which the perform-
ance of the loudspeaker itself is affected by its mechanical resonance.

High Back-emf at Resonance Blocks Current: High Impedance

The diaphragm of a loudspeaker is attached to a voice coil balanced
in the gap of the magnetic circuit of the loudspeaker. Now let us
apply a signal to the loudspeaker and examine how it behaves as we
change the frequency of the signal. (See Fig. 5-1.) If we start ac one ex-
treme, say “zero” frequency, we are applying direct current to the loud-
speaker voice coil. Under the influence of this zero frequency (or
direct) current, the voice coil is displaced from its equilibrium posi-
tion and remains displaced without subsequent motion. Under this
condition the voice coil appears as a simple resistance, and its “imp-
edance” is therefore only the actual direct current resistance of the voice
coil. Now, as we leave the point of zero frequency, and begin to cycle
the current, vibration of the diaphragm will take place. As soon as this
happens, the voice coil, which now moves in the magnetic gap, acts as a
generator of electricity and produces the well known “back-emf.” This
is the electromotive force generated by the voice coil while in motion
in its surrounding magnetic field. According to basic electrical laws,
this electromotive force is generated in opposition to the applied
voltage. If this internally induced voltage bucks the actual external
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voltage applied to the voice coil, it is obvious that less current can get
to the speaker. Its impedance is thus higher than ac the resc condition.

As the voice coil vibrates more energetically over larger and larger
distances, and at a faster and faseer rate, the back-emf induced in the
voice coil rises higher and higher, effectively causing a furcher increase
in the impedance of the loudspeaker. The maximum excursion of the
vibrating diaphragm occurs at the frequency of its natural resonance,
i. e,, where it is most free to vibrate. At this resonant frequency, where
the diaphragm is under-going maximum excursion, the back-emf is
largest and the impedance highest. As the applied frequency continues
to increase, the point of resonance is passed and the diaphragm excursion
begins to grow smaller. There is less back-emf produced in the coil,
and the impedance begins to drop.

Due to the fact that in the area of resonance the change in ap-
parent electrical impedance of the speaker is almost wholly due to
its motion, this impedance is usually referred to as its motional im-
pedance. Since the effective motion of the voice coil is dependent
upon the interaction of the field due to the voice coil current with
the strength of the fixed magnetic field, we may expect two results
if the weight of the loudspeaker magnet is increased. First, the driv-
ing force on the voice coil is increased, causing greater motion of
the voice coil. Secondly, the back-emf is greater because of the more
violent voice coil motion in a denser magnetic field. We should
therefore expect the resonant frequency smpedance of the loudspeaker
with a heavier magnetic structure to be higher in value than for the
same loudspeaker with a light magnet. The effect is illustrated in Fig.
5-2. This impedance variation with magnet weight is very important
as it affects damping, efficiency, and load regulation upon the ampli-
fier, and will be covered in later sections of this chapter after we have
finished analyzing the impedance curve as a whole.

Trough (Rated) Impedance is Lowest A-C Impedance

As the input frequency to the loudspeaker is now further increased
the resonance area is left behind and the motion of the coil in the mag-
netic gap becomes gradually limited in excursion while the back-emf is
correspondingly reduced. The reduction of the back-emf results in a drop
from the high resonance impedance value down to the trough, or rated
impedance. (Refer back to Fig. 5-1). This trough impedance is higher
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than the original d-c resistance of the coil, for now there is added to the
coil's d-c resistance the inductive reactance of the coil carrying the
alternating current. The total impedance of the voice coil to the flow
of alternating current through it is the (vector) sum of its d-c
resistance and its inductive reactance, which is a function of the fre-
quency.

In the trough area then the impedance drops to a value cluse to the
d-c resistance of the coil, but somewhat raised by the inductive react-
ance of the coil at this trough area frequency. In this area the actual
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Fig. 5-2. A heavier magnet raises the resonant frequency impedance caus-
ing power input discrimination in this area unless the combined speaker
enclosure and amplifier system are properly damped.

impedance may be between 15 and 20 percent higher than the d-c
resistance. It is therefore easy to ascertain the rated impedance of a
loudspeaker by measuring its d-c resistance with a simple ohmmeter
and then increasing this measured value by 15 to 20 percent. Thus a
speaker whose d-c resistance measures 612 ohms probably has a rated
impedance of 8 ohms.

Voice Coél Inductance Raises High Frequency Impedance

After this trough area has been passed, the increasing frequency
of the voltage applied to the voice coil causes it to exhibit higher and
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higher inductive reactance, which effectively causes the impedance
characteristic of the loudspeaker to rise at a fairly steady rate. Thus, at
low frequencies, the effective impedance of the speaker (and its result-
ant electrical performance) is greatly dependent upon its physical
motion; while, at the higher frequencies, its effective impedance (and
its resultant electrical performance) is greatly dependent upon the voice
coil winding characteristics.

Speaker Most Efficient at Resonance

However, before we are in a position to analyze the true meaning
of the loudspeaker impedance characteristic and to see how the overall
acoustic response of the loudspeaker is affected by its preponderantly
motional impedance at the resonant area and its preponderantly in-
ductive impedance at the higher frequencies, we must examine one
further property of vibrating systems that affects the freedom with
which the system vibrates. This factor is the mechanical resistance of
the system.

When a system goes into resonant vibration, the frequency at
which it vibrates is such that the inertia effects of the dead weight
of the mass and liveness of the spring are balanced out and the system
wants to continue to vibrate indefinitely. If there were no internal
resistance in the system, and no external resistance applied to it, the
system would vibrate forever even after the driving force had been
removed. However, all mechanical vibrating systems have inherent
mechanical resistances which limit their motion. Yet, no matter what
the magnitude of the restraining resistance may be, the vibrating system
still works most efficiently at the resonant point, because of the self
cancellation between the mass of the system and the springiness of its
suspension. At resonance the driving force has to overcome only the
internal resistance of the system. Therefore, at the resonant frequency
the vibrating system is working at top efficiency. Consequently, in the
case of a loudspeaker, where we look for optimum low frequency
efficiency, we look for low resonant frequency.

Power Input is Minimum at Resonance

We must not me misled by the fact that because the loudspeaker
is most efficient at its resonant frequency it is being operated upon
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most efficiently by the amplifier. In fact, because of its high impedance
at resonance, the loudspeaker may suffer severe power input discrimina-
tion unless proper bafling and damping considerations are followed.
If the loudspeaker is connected to an amplifier of a constant-voltage
type (such as one having much negative feedback), no matter what the
amplifier sees as a load impedance, it will always deliver the same voltage
to the load, regardless of its impedance. If the resonans impedance of
a loudspeaker is 32 ohms, while its trough (or rated impedance) at 400
cycles is 8 ohms, the loudspeaker will receive only one-quarter of the
power at the resonant point that it would receive at 400 cycles from a
constant voltage amplifier. Thus, despite the fact that the loudspeaker
may be most efficient at its resonant point, in combination with its am-
plifier its power input efficiency is low.

Now the question may be asked whether maximum acoustic ef-
ficiency and minimum power input at the resonant point do not cancel
each other. In a general manner, the increased efficiency of the speaker
at resonance is balanced by the decreased power getting into the circuit
of the speaker. The exact manner in which this balance would take
place would be a function of the manner in which the amplifier output
voltage changed with the changing load presented to it by the changing
impedance of the speaker, and also of the efficiency characteristic con-
tour of the speaker.

Figure 5-3 shows the efficiency characteristic of a certain direct
radiator loudspeaker and its corresponding impedance curve. Let us
make some sample calculations of expected power output for this loud-
speaker when connected to an amplifier that maintains perfectly con-
stant voltage. The impedance at resonance is 24.7 ohms, its efficiency
at resonance is 6.5 percent. If we assume that the amplifier voltage is
10 volts, the power input to the speaker is (E2/Z) or 100/24.7, or
4.05 watts. If the speaker efficiency (at resonance) is 6.5 percent the
acoustic power output will be 405 X .065, which equals .263 watt. At
400 cps, where the impedance is 5.5 ohms, the input power will be
100/5.5, which is 18.2 watts input. Note that this power input of
18.2 watts at 400 cps is considerably greater than the 4.05 watts input
at the resonant point. If we now apply the 400-cps efficiency factor
(which is 1.2 percent) to this value, we get 182 X .012, which equals
218 watt. Thus, although the power into the speaker at 400 cps is
almost 415 times the power input at resonance, their different efficiencies
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Fig. 5-3.  Althongh the bigh impedance at resonance discriminates against
power getting into the speaker, the higher efficiency at resonance may over-

come this input power deficiency.

virtually balanced out the system to produce nearly equal acoustic out-

put — .263 watt compared to .218 watt,

Now let us apply the same problem to an amplifier whose voltage
regulation is not perfect. As an example, let us allow the voltage of
the amplifier to go up by 25 percent as we go from the rated low load

impedance to the much less heavily loaded condition (2

4.7 ohms). Thus,

if the voltage across the speaker impedance of 5.5 ohms at 400 cps were
10 volts, the voltage across the speaker at the resonant point would be

25 percent higher, or 12.5 volts. Now the power in

to the speaker at
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resonance would be 12.52/24.7, which is 6.3 watts. Applying the ef-
ficiency factor of 6.5 percent for the resonance frequency, we get
6.3 X .065, which is 410 watt. In this case the different power input
characteristics of the speaker are not balanced out by the respective
efficiencies — .410 watt output at resonance compared to .218 watt
at 400 cps.

Damping Equalizes Power Input to Speaker

From the illustrated numerical example, it can be readily seen that
more electrical power would be delivered to the voice coil of the speaker
if the resonant impedance peak were subdued, and that the extent of
this increase in input power would be dependent upon the character-
istic regulation of the amplifier and the actual degree to which the
resonant impedance peak were to be lowered. However, whether this
increase in power input would result in a subsequent increase in acous-
tic output depends upon the manner in which the resonant peak is
minimized and upon the baffling of the speaker. Thus, for instance, a
speaker may be designed with a large value of mechanical resistance
in the moving system, which will tend to restrict both the excursion
and the impedance peak. However, much of the electrical power de-
livered to the speaker under these conditions of high mechanical resis-
tance is wasted in overcoming this resistance. There is thus no essential
gain in acoustic output. However, if the speaker is damped through
proper enclosure loading, in which useful acoustic output is obtained,
as in a true horn baffle, the diaphragm moves very little at resonance,
though it still delivers full power at high efficiency.

The reason why the diaphragm moves only small distances under
a horn load stems from the fact that the large horn mouth is actually
the vibrating surface that communicates with the air, and it is quite
large in comparison to the actual diaphragm. Hence, in a horn load,
the mouth of the horn may be many times greater than the actual
piston diameter. For instance, in a typical horn loaded enclosure, the
mouth may be at least 14 square feet in area. By horn transformer action,
which is discussed in more detail in Part 2, it will be seen that this
large “diaphragm of air” at the mouth of the horn is transformed into
a high acoustic impedance at the throat of the horn by the “squeezing-
in” action of the horn as one looks down the horn toward the throat
area. The diaphragm sees this high impedance of the air load of the




LOUDSPEAKER RESONANCE, IMPEDANCE, DAMPING 101

horn and is consequently restricted from moving over any great dis-
tances. It is, as we might say, highly damped by the acowstic load of
the horn. But because this acoustic load is one that actually is effective
in radiating acoustic power into the surrounding air, the subdued peak
is then representative of useful loading upon the diaphragm; that is,
the resonance of the diaphragm is subdued due to the load, and repre-
sents useful power consumption. Similarly, but to a lesser degree, in
the case of the bass-reflex enclosure and speaker, the final impedance
characteristic peaks are considerably lower than the original free air im-
pedance peak because of the acoustic load imparted to the speaker by
the baffle and the air which is driven by the baffle conditions. The im-
pedance peaks are not only lowered but actually distributed and spread
out over a larger area. This condition is again representative of, and
due to, the radiation load as seen by the system, and thus represents
good acoustic efficiency, although not of the same order as that of the
horn-loaded speaker.

In both of these cases, then, the damping of the impedance peak is
due to useful acoustic power being radiated without power being wasted
in mechanical resistance. Thus it will be seen that the increased power
into the loudspeaker, due to resonance damping, is converted into use-
ful acoustic power to a degree governed by the nature of the damping.
Acoustic radiation damping will convert input power to acoustic output,
Mechanical or acoustic Joss methods of damping will only convert input
power to heat.

In the case of the horn, additional power gets into the speaker
(either for constant power or for constant voltage) at the resonant
frequency, due to the extreme damping of the diaphragm motion because
of the horn, and this increased input power to the voice coil results
in smooth power input to the speaker at resonance, with increased
acoustic output at high levels. However, this does no# represent a peaked
acoustic output but rather a smooth acoustic output because the input
power to the speaker is smoothed out and the horn itself represents a
smooth acoustic load. Over the broad resonance area, there will be
an increase in acoustic output due to the acoustic loading and improved
power input in contrast to the one specific peak of efficient acoustic
output in the case of the unloaded speaker. Similarly, in the case of
the bass-reflex enclosure, the speaker diaphragm, although not as bene-
ficially loaded, still exhibits lowered resonance peaks on either side of
the normal free-air resonance. The power input to the loudspeaker is
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thus smoothed out over a considerably broader area than that originally
accepted by the free-air resonance peak of the speaker.

One cannot categorically state, however, that there will necessarily
be improved acoustic output because of the damping of the speaker,
unless one has the complete data concerning the extent of acoustic
damping and the manner in which it is applied, and the regulation of
the amplifier. Hence one might find that, in a horn-loaded system
operated from a perfectly comstans voltage amplifier, the power input
to the speaker might not necessarily be as high in the resonant areas
as the power input to a speaker in a bass-reflex enclosure fed from a
constant power source.

To summarize this problem, then, in order to obtain high efficiency
it is beneficial to damp the impedance peak of the speaker for purposes
of allowing more power to be admitted to the loudspeaker. The means
of damping should be that of good acoustic loading and not resistive
mechanical loading or acoustic loss loading. By damping the im-
pedance peak of the speaker more uniform power input and more
uniform power output are obtained in sharp contrast to the peaked
output of the undamped speaker; and the regulation of the amplifier
is markedly effective in determining the smoothness of power input
to the speaker.

Damping Improves Transient Response

Efficient damping of the resonant peak, however, does more than
equalize the power input to the speaker. It also improves the transient
response of the loudspeaker. The moving system of a loudspeaker has
a certain amount of inertia. It takes time for a force to overcome the
inertia of the moving system when the latter is standing still. When a
suddenly applied electrical signal is fed to the voice coil, the force of
the interaction between the field it produces and the gap flux tends
to move the voice coil. It takes a certain time for the inertia of the
voice coil and its diaphragm to be overcome before the system can
begin to move. Accordingly, there is some delay between the instant
when the signal is applied and the time when the diaphragm responds to
the signal. This time delay between the action and the reaction con-
stitutes a form of transient distortion.

The delay time may be reduced by increasing the magnetic field,
for then the driving force on the voice coil becomes greater. The in-




LOUDSPEAKER RESONANCE, IMPEDANCE, DAMPING 103

ertia of the moving system will be overcome faster, and consequently
there will be a shorter delay between the originating signal and the
resultant motion of the diaphragm. It is much like the case of two or
three people pushing a stalled car into motion slowly compared to a
sudden jar applied by a tow truck. Thus a strong magnetic field im-
proves the “attack” time of a note. However, once started, some notes
stop sharply, some slowly. Whatever the rate at which the tone decays,
the loudspeaker should stop producing that note when the signal stops,
or the loudspeaker will continue to “ring” or “hang over” after the
signal has stopped.

Here again, for the decaying note there will be faster reaction to
the signal if the magnetic field is stronger. Once a system is moving,
it will continue to move unless it is stopped. Inertia is just as effective
for a body in motion as it is for a body at rest. In the loudspeaker from
which the signal has suddenly been removed, there is no voltage driving
the voice coil. It immediately stops acting as a motor. However, due
to the inertia of the moving diaphragm, the system continues to vibrate.
The loudspeaker voice coil now acts as a pure generator, whereas before
it had generated a “back-emf.” The current generated in the voice
coil now flows back énto the low impedance output transformer of the
amplifier. This constitutes a closed circuit for the loudspeaker voice
coil and interaction is now set up between the voice coil generated cur-
rent and the magnetic field, bringing the coil to a stop by means of
magnetic braking effects. Thus, if the magnet is weak, there will be
a small degree of magnetic braking and the diaphragm will continue to
vibrate for some time after the signal has been removed. This condi-
tion is usually termed “hangover.” If the magnetic field is strong,
there will be heavy braking action and the diaphragm will come to an
immediate stop, reducing hangover. Thus it is seen that by the use
of a heavy magnet field, both attack and decay time response of a loud-
speaker are considerably improved, which means that the loudspeaker
transient response is improved.

Inspection of the two impedance curves in Fig. 5-2 will show that,
despite the fact that the resonant impedance peak of the heavy magnet
is higher in peak amplitude than that of the weaker magnet, the two
impedance curves come together at the middle and ac the high fre-
quencies. This means that for a given voltage applied to both speakers
the heavy magnet speaker will allow less current to enter the voice
coil in the resonant area than will the weaker magnet structure. There-
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fore, in this resonant area, the speaker with the heavy magnet will
receive less power input than the speaker with the lighter magnet (al-
though the former will be more efficient than the latter).

However, at the middle and the high frequency ranges, where the
impedance curves are governed more by the electrical characteristics
of the voice coil than by the motion of the voice coil, these impedance
curves, being alike, will result in equal power getting into both voice
coils. If equal power gets into both speakers, the one with the more
powerful magnet will deliver more acoustic power output. There-
fore, we want to maintain all the benefits of a powerful magnet at those
middle and upper frequency areas, but in addition find some means
to overcome the high impedance peak at the resonance area so that
the same power input efficiency may be obtained for the heavy-magnet
speaker at resonance as is obtained at other frequencies.

Critical Damping Provides Optimum “Transient Response

There are several means of reducing this high impedance peak. A
great deal may be accomplished with the aid of the enclosure into
which the loudspeaker is to work. Also, much can be done through the
amplifier that drives the speaker. Whatever the means employed, how-
ever, the end effect of any compensation is optimum when the combined
circuit of the loudspeaker system and the amplifier has a Q of unity.
This means that the effective resistance in the total electroacoustical
circuit as related to the mass reactance is such that there is just enough
resistance in the circuit to prevent the speaker from running wild and
overshooting on a signal pulse. (See Fig. 5-4.) When the system is
underdamped (running wild and overshooting), the @ is high; when
the circuit is overdamped (held way down), the Q is low; when the
circuit is operating just right (optimum output without overshoot),
the circuit is “critically damped” and the Q is unity.

The amount of damping necessary will, in part, be determined
by the extent to which the resonant impedance peak of the speaker
rises above the rated impedance of the speaker. This is just one of the
important facts evident from the impedance curve. That curve also
presents an overall picture of the efficiency of the loudspeaker over the
entire frequency spectrum. It tells us the degree to which the input
power at low frequencies would be restricted because of the high
motional impedance; it also tells us how the input power to the loud-
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speaker is restricted at the high frequencies due to the rising inductive
reactance characteristic. We might, therefore, say that the impedance
curve of a loudspeaker is the clue to its overall performance.

Amplifier Regulation Also Determines Power Input
In the light of the above discussions, it would be worthwhile to

discuss in a little more detail the combined effect of this varying im-
pedance curve and the amplifier performance. It was previously seen
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Fig. 5-4. Proper damping will make the loudspeaker respond to a signal
without excessive overshoot, and without loss of output.

that constant voltage amplifiers operate in a manner to push the least
power into the speaker where the impedance curve is high, as it is
at resonance and at the high frequencies. Consequently, there will be
comparatively poorer response in these areas. On the other hand, con-
stant voltage amplifiers obtain that particular characteristic by means
of large amounts of feedback, which effectively reduces the internal
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impedance of the amplifier. Reduced internal impedance of the am-
plifier simply means that there will be improved damping of the loud-
speaker. The overall resistive component of the combined circuit of
the constant voltage amplifier output and the loudspeaker itself will
not be so high that it will exceed the value needed for critical damping
of the loudspeaker-amplifier combination.

On the other hand, there are amplifiers that may be adjusted to give
constant power instead of constant voltage. These amplifiers are sen-
sitive to changes in impedance of the loudspeaker. This means that
regardless of how the impedance of the loudspeakers changes, the loud-
speaker always receives the same amount of power for a given setting
of the amplifier volume control. In amplifiers of this sort, however, the
internal impedance of the amplifier is not always kept low, and optimum
damping is not always obtained.

Amplifier Compensation Only Partly Overcomes Poorer
Speaker Efficiency

The question of damping has recently attracted attention from
amplifier manufacturers because it is fairly easy to accomplish good
damping by electrical means. The introduction of these various damping
means into the amplifier may make the combined amplifier-speaker
combination sound becter. However, we must not let this approach
make us lose sight of the fact that, if the loudspeaker itself is inefficient,
the system as a whole will not operate to optimum satisfaction. For
instance, it is true that there are amplifiers that may take a speaker
with a very weak magnet and, through the amplifier’s greatly extended
variable damping capabilities, produce just the right amount of damp-
ing on the speaker to give it good transient response and input power
regulation. Howevet, the overall efficiency of the speaker with the
weak magnet is so low that the amplifier may have to be turned way
up in gain in order to obtain reasonable output. This may result in
overdriving the amplifier on high sudden program peaks with resulting
distortion. Therefore, despite the fact that the amplifier can take care
of certain deficiencies in loudspeakers, it is better policy to start with
the best we can obtain in the way of loudspeaker performance and then
use the amplifier compensation to supplement the loudspeaker char-
acteristics rather than to replace them.




cuarter 6:  Multi-Speaker System Design

Multi-Speaker System Provides Flexibility

Multi-speaker systems have much to offer for good high fidelity
reproduction, in the way of characteristics that are virtually impossible
to obtain from a single wide range speaker. Advantages derived from
the multi-speaker system are due to the fact that with two, three, or
four speakers in the reproducing system, we have better control of the
overall performance characteristic of the system through control of the
individual component speakers. The situation may be likened to the
difference between having only one ceiling lighting fixture in a room
to provide overall illumination, and using several lamps in corners and
on tables to provide more adequate light coverage in specific areas where
light is most needed and in degrees best suited to those areas.

Special Purpose High Efficiency Components Conserve
Audio Power

One important point concerning multi-speaker systems, which we
have already covered in the treatment of the specialized speaker, is
the greater degree of efficiency that may be obtained from a special
purpose speaker. Since multi-speaker systems are composed of com-
binations of these special purpose speakers, the multi-speaker system as
a whole is a very efficient system.
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Fig. 6-1. A low efficiency speaker requires a bigh amplifier gain setting
producing distorsion on peaks. A high efficiency speaker permits low am-
plifier gain setting resulting in less overdriving of amplifier on peaks.

But just what does efficiency mean in this case? Primarily, it
means greater utilization of the electrical power in transforming it into
sound. It means more conservative use of available amplifier audio
power, resulting in more adequate reserve in the driving amplifier to
take care of sudden bursts of signal. This point should be clearly under-
stood, for it may make the difference between good listening and poor
listening. Consider the case of a system with only one low efficiency
speaker as a reproducer connected to a 10-watt amplifier. Speaking
broadly, 10 audio watts is more than enough to fill the average listening
room. In fact, only a small portion of this available power is actually
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used under normal conditions. The actual setting of the volume control,
however, depends upon how loudly one wants to hear the music. The
ultimate loudness that the ear hears, however, depends upon more than
the amplifier capabilities. If the speaker used is low in efficiency due
perhaps to small magnet weight, the sound reproduction may be too
low in power, making it necessary to turn up the amplifier volume con-
trol. If the room is full of overstuffed furniture and drapes, the high
frequencies will be absorbed and the listener will probably compensate
for this condition a# the amplifier by boosting the treble gain control.
Thus, despite the fact that it doesn’t take many acoustic watts for com-
fortable listening, the overall listening conditions, plus the speaker
sensitivity, may dictate rather more than moderate audio wattages to
be fed to the loudspeaker.

Let us, for the sake of discussion, say that the volume control of the
10-watt amplifier has been turned up so that 5 watts of audio power
are fed to the single low efficiency speaker system for a given set of
listening conditions, and that the music is playing at an even level.
Suddenly there is a burst of signal voltage into the amplifier. Perhaps
the cymbals of the orchestra have clashed loudly, or maybe the trumpets
have blared forth with a loud fanfare. Or suppose the whole orchestra
has erupted into sudden fortissimo chords. This sudden signal voltage
may in its peak value be four or more times higher than the average
signal level before the sudden and momentary onslaught of power.
What happens to the amplifier? Having been originally set to deliver
5 watts of audio power, it is now overdriven far beyond its rated power;
its output will be severely distorted. The natural consequence is that
the speaker will reproduce distorted sound on this momentary high
burst of power. (See Fig. 6-1.)

Now let us change the conditions and replace the low efficiency
speaker with a much more efficient speaker. What shall we consider
a much more efficient speaker? We shall be conservative, and apply the
common rule of thumb. If you can just barely detect a difference in the
general loudness of the sound, the output from the more efficient
speaker is 3 db higher. In actual power measurement, this 3 db repre-
sents twice as much acoustic power developed. If we now turn down the
volume control of this 10-watt amplifier (which was previously de-
livering 5 watts) to deliver 215 watts (half its previous power), we
get the same sound output from the high efficiency speaker that we
previously obtained with the low efficiency speaker for the S-watt setting.
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Now, with this reduced gain setting, let a sudden tone burst of four
times the average power be applied to the amplifier. It will be driven
just about to its peak power (215 X 4 =10) and its output distortion
under these conditions will be far less than when it is more than 100
percent overdriven, as it was in the first case.

Note that this comparison was made between two loudspeakers
in which one could barely hear the difference in sensitivity. It is obvious
that an amplifier feeding an exceptionally efficient speaker could op-
erate at a tiny fraction of its rated output, with virtually no danger
of being overdriven on even the most severe peaks.

Reserve Power Handling Capacity Necessary for
High Program Bursts

Thus we see that no part of the electro-acoustic circuit may stand
alone. All parts must be considered as one integrated system. It is
interesting to note that there are on the market many hi-fi amplifiers
intended for the home that have power ratings of 20 to 50 watts. When
used with high efficiency systems, the actual average power drawn from
these amplifiers for home consumption is in the order of only 2 to 3
watts or less. The reserve power of as much as twenty-five times the
average lies in reserve for those sudden impluses and bursts so that
they may be transferred to the loudspeaker with a minimum of dis-
tortion. However, these benefits of reserve power in the amplifier may
not be reaped without the aid of such high efficiency loudspeakers as
the woofer, midrange, and tweeter units designed for multi-speaker
systems.

Multi-Speaker System Reduces Intermodulation Distortion

In addition to their ability to conserve valuable audio power, multi-
speaker systems also give cleaner reproduction than single speaker
systems. There is less intermodulation distortion in a multi-speaker
system. This type of distortion occurs when a single vibrating dia-
phragm tries to reproduce a high frequency note while straining itself
to the limit to reproduce a low note. Any irregularity of performance
of the diaphragm in reproducing the low note will be imparted to the
high note, because the high note, in a sense rides “piggy-back” on the
low note, as shown in Fig. 6-2. The high note is thus modulated by
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Fig. 6-2. Intermodulation distortion may occur where high frequencies
are carried by a low frequency diaphragm into regions of non-linearity
of motion.

the low note. If, however, the high note has its own private loudspeaker,
it becomes completely free, mechanically, of any low frequency effects,
and come what may out of the woofer, the tweeter sounds clean; that
is, there is no intermodulation between the lows and the highs. Ob-
viously, then, the more separate speakets there are in a system, each
with its own restricted range, the cleaner will be the overall sound.

Multi-Unit Speakers May be Balanced Against Each Other

Thete is one more general advantage to the multi-speaker system,
and that is the ease with which the acoustical picture may be balanced
to suit the ear of the individual. Speakers may be balanced, one against
the other, by means of volume controls to give that particular feeling
of concert hall reality that most pleases the listener. The “presence” of
the midrange speaker and the brilliance of the tweeter may be readily
adjusted to one’s own particular musical caste.
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Fig. 6-3. For maximum smoothness of response, speakers should be
matched in efficiency.

Speakers Must be Matched in Efficiency

The discussion thus far has been concerned with the benefits
that may be obtained in listening pleasure from multi-speaker systems.
There are, however, prerequisites that must be met by the components
of the multi-speaker system in order to produce these advantages. The
speakers must all be matched in efficiency so that a smooth overall re-
sponse may be obtained, without holes or bands of silence in the
audible spectrum. Thus, for instance, if a high efficiency 15-inch woofer
were to be installed in a folded horn enclosure (which would further
raise its operating efficiency), it would be necessary to balance these
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heavy lows with a tweeter equivalently high in efficiency (for example,
a compression type horn loaded system, such as that illustrated in Fig.
6-3). A small cone type tweeter of the direct radiator type would be
completely lost in listening perspective. There would be a complete
absence of brilliance and life in the music. On the other hand, a cone
type tweeter may be a perfectly good adjunct to a 12-inch moderate
efficiency woofer when the latter is used in a bass-reflex enclosure. If
the system is a three-way reproducer, all three units should be matched
in efficiency so that the listener may have a flat system to adjust in
accord with his individual preferences.

Speaker Ranges Must Overlap

Not only must the speakers of a multi-speaker system be matched
in efficiency; they must also have compatible “roll-off” or “cutoff” char-
acteristics; if they don’t there will be holes in the response curve.
Every loudspeaker, no matter how well designed, has limits to its per-
formance. It has a low frequency limit, below which it loses output
rapidly, and it has a high frequency limit, above which output also
falls rapidly. The more specialized the loudspeaker the narrower the
range within which it works, and consequently, the closer in frequency
are the low frequency cutoff and high frequency roll-off points. We
must be careful, in choosing the components of multi-speaker system,
that one speaker’s response doesn’t fall short of meeting that of the
other speaker. Thus, as illustrated in Fig. 6-4, if the woofer horn
circuit response fell off rapidly above 500 cps, we could not employ a
midrange speaker that started to operate at 1000 cps. If we did there
would be a whole octave of depressed response between 500 and 1000
cps. On the other hand, a minimum overlapping of the areas of opera-
tion of the components of a multi-speaker system is necessary for smooth
response, although more extensive overlapping may be permissible
under certain conditions. There is, of course, no hole in the response
where such overlapping exists; thus smoothness is maintained.

However, other effects not necessarily either desirable or unde-
sirable enter the picture. If the overlapping area of response between
the two speakers is very great, the audio power in this region is divided
between the two speakers in equal proportions. If both speakers are
equally efficient in this common overlapping area, and further, if each
speaker is able to handle the additional power at frequencies that may
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be slightly outside its normal operating range, perhaps nothing has
been lost, except that some degree of intermodulation may have crept
in due to the increased bandwidth now covered by the overlapping
speakers. However, if the overlapping area is not desired, it may be
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Fig. 6-4. For maximum smoothness of response, speakers should bave
compatible roll-off and cutoff slopes.

controlled by means of a crossover network (which should be part of
every multi-speaker system).

Crossover Networks Determine Speaker Overlapping

The crossover network (Chap. 7) functions very much like a
traffic policeman, channeling the various bands of frequencies into
speakers specifically designed to handle them. Between the speaker roll-
off characteristics and the crossover network attenuation characteristic,
the response of the speakers in the overlap areas may be controlled to
provide the proper degree of overlap. Too broad an overlap and too
slow a roll-off may result in a lack of definiteness of response from the
individual speakers. If the listener wishes clear-cut demarcation be-
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tween the sounds of the various speakers, short overlap and fast roll-off
are prescribed. This may produce a feeling of separation of the in-
struments, producing an illusion of a close-up view of the orchestra. If,
however, the listener desires an overall blending of sound, as if he were
seated well back in the concert hall, greater overlapping and slower
roll-off are required so that there will be no sharp demarcation of sound
between the individual loudspeakers.

Those factors which actually determine the roll-off and cutoff char-
acteristics of the speakers are, in general, those of enclosure and baffling
conditions, and will be treated in the chapter on the baffle as a crossover
element. (See Part 2.) Of immediate importance is the necessity of
choosing the individual speakers so that they definitely overlap suffi-
ciently in their respective performance ranges to be subsequently con-
trolled to proper advantage to provide the specific amount of overlap
desired by the individual.

Speakers Must Overlap in Angular Distribution

Thus far we have discussed the necessity of matching the speakers
of a multi-speaker system in terms of efficiency and compatible over-
lapping areas of response. In addition to these, there is a third condition
of performance that speakers of a multi-speaker system must meet —
that of polar response, or angular distribution of the sound, especially
at the upper frequencies. This criterion applies to the overlapping
area of the midrange speaker and the tweeter of a three-way system, or
of the upper end of the woofer and tweeter of a two-way system.
Angular distribution is most likely to be a problem when a cone type
speaker is used, as is often the case for the midrange unit.

We have seen (Chap. 3) that as the frequency of reproduction of
a cone speaker goes up the energy becomes more tightly beamed, with
the result that the overall angular performance of the cone drops off.
In order to maintain effective smoothness of response projected into
all parts of the listening area without holes, it is desirable to bring
into play a tweeter of the wide angle type to provide uniform angular
dispersion of those frequencies at which the cone distribution begins
to deteriorate. Thus, for instance, if we find that at 8000 cps the
midrange cone is 10 db down in level for an angular dispersion of 45
degrees off axis, as shown in Fig. 6-5, it may be desirable to roll off the
speaker output well below this frequency, say at 5000 cps (where the
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polar response is faitly good), and bring into play at that frequency
the wide angle tweeter, which will carry the high frequency response
into the angular position with far less loss than the cone.

By satisfying these three conditions of compatability for the multi-
speaker system (equal efficiency, overlapping frequency ranges, and
compatible polar response crossover points), we obtain an overall
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Fig. 6-5. When used as a midrange speaker, the useful upper range
of a cone is determined by its high frequency beaming effect. At the fre-
quency where the beam narrows down, a wide angle nweeter should be used.

response that is smooth both in level and in angular distribution with
clean performance and a feeling of concert hall reality for the system
as a whole.

“Presence” is Determined by Middle Frequency Performance

In describing concert hall realism, a term commonly used in audio
terminology is presence. This is a neat and specific word signifying
a feeling that the performer is actually present in the room with the
listener. This feeling is created by the middle frequencies of the re-
producing system, a phenomenon that may be easily demonstrated with
a three-way speaker system in which the midrange speaker volume is
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adjustable. When a vocal selection is being played and the midrange
speaker level is turned down, producing some appreciable lowering of
sound from this speaker, the vocalist appears to have receded into the
background, while the rest of the music remains predominantly un-
changed. Turn the midrange level back up a little and the performer
seems to step right back into the room. The same is true of instrumental
selections. When the middle frequencies are lowered in level, the music
seems to have lost its reality, its “presence.” Presence is an important
quality in any single loudspeaker or multi-speaker system. It is more
readily obtainable with the more efficient horn type projectors. The
very fact that the midrange speaker is a real horn causes the middle
frequencies to be projected right into the listener’s lap. A stage full
of violins, for instance, doesn’t have nearly the sound projecting power
as a handful of trumpets and trombones.

However, as we explained in the opening chapters, high fidelity
is a personal thing governed by one’s own personal makeup. There is
nothing essentially right or wrong about strong presence in music. If
one likes 2 more remote effect, the cone speaker will provide the proper
middle. It must, of course, be realized that this remoteness will be
the result of the comparatively low efficiency of the cone speaker as
compared to a horn system. There will also be a more subtle difference
than that of efficiency. There may be a difference in quality as well.
There are those who like horn sounds, and there are those who like
cone sounds. If we could provide a set of horn reproducers to play
back only the music originally produced by the actual horn type in-
struments, and cone type reproducers to play back only the music of
instruments whose sound is produced by vibrating panels (like the
violins), perhaps we would have better fidelity. However, we have
to choose one type or the other to play back sounds of bozh horn and
membrane instruments. The choice is specifically a personal one, but
the source of presence is indisputable. The middle frequencies have it.
When they are reduced, presence is reduced. When they are increased,
presence is increased.

Multi-Speaker Systems may Grow from Single
Wide Range Speaker

Although it is true that multi-speaker systems are made up of
special purpose speakers, it is nevertheless possible to develop a multi-
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speaker system from a single wide range speaker, adding other com-
ponents as means permit, or as one becomes more familiar with the
art. Hence it is possible for the beginner in high fidelity to start out on
a modest basis with a single speaker and enjoy it without feeling for-
ever bound to that system, or fearing its obsolescence should he want a
more extensive system. Recently there has been a trend to the “pro-
gressive speaker expansion” system, which permits the hi-fi fan full
enjoyment of that initial choice until he is ready to add further com-
ponents. It enables him to grow in the art in stages and learn exactly
what he wants out of his high fidelity system. We are now in a position
to discuss examples of such systems, having already covered the elements
of muldi-speaker systems.

Added Tweeter Gives Improved and Better Controlled
High Frequencies

_ As an example, let us assume that one’s finances have dictated that
he start his adventures in hi-fi with a single 12-inch wide range speaker,
such as the one shown in Fig. 6-6. Although this speaker by itself
may give commendable performance, we know from our listening ex-
perience that there are certain limitations in its petformance. Perhaps
the most fertile area of improvement in a reasonably good 12-inch cone
is the extension of high frequency response and of high frequency
angular distribution. In order to accomplish the improvement in these
directions, we obviously must look to the use of a tweeter. Therefore,
to the already existing wide range speaker, we now add a wide angle
compression driver horn loaded tweeter that will accomplish both of
these objectives. More high frequencies will now be available in the
region in which the cone speaker was beginning to roll off; and these
newly added high frequencies will be dispersed more uniformly through-
out the room.

The addition of such a tweeter is accomplished through the use
of a network or a high-pass filter for optimum utilization of the high
frequencies of audio power. By adding a tweeter to the wide range
speaker, we have expanded our system in frequency, and we have literally ’
added a new listening dimension. Albeit the original speaker may
have given adequate and pleasing high frequency response, the addi-
tion of the tweeter adds a tingle and a sparkle; a new brilliance possible
only with a speaker designed specifically for such reproduction.
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Added Woofer Gives Improved Low Frequencies

Having now added to the high range and spread of our system, we
may stop there for a while, and enjoy the improved performance for
weeks or months. The time may come, however, when awareness of the
improvement in the high frequency performance of the system fosters
a desire for low frequency improvement. Knowing that better low fre-
quencies may be obtained with a 15-inch woofer speaker, it becomes a
simple matter to provide a broader base (or bass, if you prefer) for
the original system by the addition of such a specialized low frequency
speaker as that shown in Fig. 6-6. Again it is desirable that a network
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be used between the new adjunct and the original speaker to provide
the necessary frequency separation between the two.

Original Wide Range Speaker Now Becomes
Improved Midrange Unit

In fact, with networks tied to both sides of the original speaker
(one at the high end, relieving it of the high frequencies, and one at
the low end, relieving it of the low frequencies), the original wide
range speaker has now become a specialized midrange speaker. It now
reproduces only a restricted middle band of frequencies and does so
more cleanly than if it were carrying the whole spectrum. Furthermore,
by being relieved of the necessity of reproducing the low frequency
range, the speaker may be put into a much smaller enclosure. This
smaller midrange enclosure will boost the middle range efficiency of
the original general purpose wide range speaker above what it was
when matched to the large enclosure. The smaller midrange enclosure
acts as an acoustic stiffener to the speaker, raising its resonance fre-
quency and giving it increased efficiency in the middle range. Once
again, by restricting its range, we have added more specialization to a
speaker, and as a consequence we have obtained better performance
within that range. Now we have progressively expanded our system
from a single wide range speaker system to a multi-speaker system of
specialized components without obsolescence of the original equipment.

Coaxial and Triaxial Speakers are “"Packaged”
Multi-Speaker Systems

Up to this point we have been treating the matter of multi-speaker
systems from the standpoint of separate components. Multi-speaker
systems may of course be packaged, or integrated into a single structure,
as in a coaxial or a triaxial speaker. There are advantages and disad-
vantages to both systems; we shall deal with these in due time. Essen-
tially, the coaxial and triaxial multi-speaker units are a combination
of specialized speakers, all integrated into one design by the manu-
facturer of the loudspeaker. If the speaker is a coaxial unit, it has
two units, a woofer and a tweeter. If the speaker is a triaxial unit, it
has a woofer, a midrange section, and a tweeter. Figure 6-7 shows two
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typical 12-inch coaxial speakers, with cross-sectional views of both.
These structures have their own matched networks to provide the
necessary frequency separation between the sections. In one, it is pack-
aged directly with the assembly and there is a continously adjustable
cweeter level control. In the other the network is mounted externally,
and tweeter volume is adjusted by choosing the proper tap on the net-
work. Thus the manufacturer of each of these two packaged speakers
has integrated the components in the manner he deems to give the best
balance, for the particular size and price of the speaker.

Multi-unit Speakers are Systems “Balanced” by the Manufacturer

In Fig. 6-8 are shown two triaxial assemblies. In one structure
there is a 15-inch woofer section, a midrange diffusion section coupled
to the woofer and using the mechanical crossover principles described
in Chap. 3, and a tweeter concentrically arranged through the woofer
and midrange sections. The other consists of a woofer, a separate mid-
range speaker, also concentrically mounted with the woofer, and a
tweeter unic mounted at the front, off center, so as not to impede the
sound issuing from the mouth of the midrange horn. In both structures
the manufacturer has provided specifically coordinated three-way systems
in which the components and the integrated crossover network are
matched to each other in efficiency, in overlapping frequency areas,
and in angular distribution. These three factors have been integrated
by the manufacturer to provide what appears to him to be the optimum
in listening balance, smoothness, and cleanness of response.

However, it is recognized that, despite the fact that the manu-
facturer has built into his system the ultimate in listening performance
as he sees it, the listener should be provided with a means of adjusting
the speaker system to suit Ais particular needs and desires. Therefore,
controls have been added to the upper frequency portions. It is seldom
that the bass end needs any compensation. The actual fact is that we
always seem to want all the bass we can get out of a speaker system,
and we adjust the treble to match. Volume controls are usually provided
as integral pares of the whole assembly of the coaxial or triaxial units
to allow the listener to strike his own balance between the highs and
the lows.
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Fig. 6-8. Two typscat 15-inch triaxial speakers showing construction and
network placement. {(A) Courtesy University; (B) Courtesy Jensen}
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Tweeter *Brilliance” Control Affects Level, Not Range, of
High Frequencies

It is interesting to note that these tweeter controls do not function
as do the treble controls on an amplifier. The tweeter control does not
roll-off the high frequencies progressively as it is turned down; it main-
tains the entire plateau of the frequency range of the tweeter, but
subdues the overall level of this plateau, as indicated in Fig. 6-9. Thus
we still maintain full frequency coverage but balance the overall level
of the various parts of the spectrum.

Packaged System Has Compatible Units, and Needs
Direct Radiator Enclosure

Obviously, the complete packaged speaker system leaves nothing
to chance as far as the ultimate user is concerned. The system is com-
pletely engineered as far as compatibility of the components goes. These

=

L~
WOOFER OUTPUT ,° | _TWEETER OUTPUL

'____.————-——

R Rt ol o

N\

TWEETER BAND
REMAINS
UNCHANGED

OUTPUT

Fig. 6:9. Volume controls of tweeters are usually arranged to raise or

lower the entire band of response, thus keeping the tweeter frequency band

unchanged but simply altered in level. This retains full fidelity coverage
at any level of operation.

components are matched in all their important parameters. All the
user has to do is to connect two wires between the packaged speaker and
the amplifier. For the man who wants a complete integrally engineered
and packaged multi-speaker assembly, the coaxial or triaxial speaker is
the answer. In addition, simplicity of enclosure design lends itself to
speakers of this type. Due to the fact that these integrated assemblies
contain their treble reproducers on their front faces, it is absolutely
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necessary that this type of speaker be mounted in a type of enclosure
that permits full unobstructed front radiation from the speaker at
all times, so that the high frequencies will flow out directly into the
room unobstructed. For this type of radiator, the convenient and ef-
ficient bass-reflex cabinet and all its variations make very compatible
enclosures. The bass-reflex enclosure affords good balanced bass re-
sponse, and permits direct forward radiation from the speakers. The
bass-reflex enclosure is easy to build and relatively inexpensive to buy.
The combination of an engineered package and simplicity of operation
makes life easy for the man who wants balanced listening with a
minimum of “do-it-yourself.”

Multi-Speaker Systems Are Flexible

Although it is not as simple in construction or in choice of com-
ponents, the separate multi-speaker system has its own definite and
specific advantages. A major advantage, of course, stems from the fact
that the system may be built progressively from small beginnings. More
important, however, the units may be selected on a personal basis.
The system may be engineered or put together in ways that will afford
the hobbist the widest opportunity to play with the various compo-
nents until he has nurtured the system to the conditions in which he
thinks it sounds best. Such matters as choice of crossover points, at-
tenuation rates of networks, and physical placement or displacement
of speakers for different acoustic perspectives make the high fidelity
field what it is.

Fortunately, the constructor of a multi-speaker system need not be
entirely on his own in selecting the proper components. Many man-
ufacturers have selected combinations of speakers as components for
a multi-speaker system on the three point compatibility system (efh-
ciency, overlapped area, and angular spread). The systems shown in
Figs. 6-10, 6-11, and 6-12 are considered by their manufacturers to be
balanced and compatible three-way systems.

Comparative Packaged Systems
It is of interest to note the approaches of different manufacturers

to system design. In the University system, shown in Fig. 6-10, the
components responsible for the middle and high frequency ranges are
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Fig. 6-10. A three-way multi-speaker system comprising components se-

lected by the manufacturer on the basis of compatible efficiencies, over-

lapping areas, and angular dispersion, with marched network. System uses

wide angle reciprocating flare horns and crossovers at 350 and 5000 cps.
(Courtesy University)
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members of the family of horns, which give wide angle dispersion
through the principles of their reciprocating flares. In the Electro-Voice
system (Fig. 6-11) horizontal dispersion is accomplished through the
diffraction type horn. Figure 6-12 shows a Jensen system in which the
middle frequency band is dispersed by a horizontally flared horn and the
high frequencies are permitted to radiate in all directions by the sym-
metry of the high frequency horn. In the University system the cross-
over points are at 350 cps and 5000 cps, in the Electro-Voice system
they are at 800 cps and 3500 cps, and in the Jensen system they are
at 600 cps and 4000 cps. In all these systems, crossover points were
chosen to be compatible with the cutoff characteristics of the horns.

In choosing components such as these, which have been engi-
neered by the manufacturers to be the equivalent of a package, the
home constructor is faced only with the choice of the enclosure; the
fact that the units are separate components gives the listener a rather
wide choice. He may use a bass-reflex enclosure, and employ direct
radiation from the woofer, or he may use a horn system to load down
the woofer. As far as the midrange speaker and the tweeter are concerned,
they require no baffling, because they are horn loaded. They may be
mounted on any convenient panel such as the front baffle board of the
bass-reflex enclosure, or they may be boxed in a simple open-front en-
closure covered by a grill cloth to be mounted directly on top of the
bass enclosure. They may be hung in the mouth of the low frequency
horn if a horn loaded woofer is used.

Separate Speakers Provide Acoustic Breadth of Sound

Some measure of increased acoustic perspective may be obtained
by actually separating the three speakers from each other by two or
three feet, either within the same enclosure or in adjacent equipment
cabinets. The physical separation of the speakers, added to the fre-
quency response distribution between the speakers, provides greater
appatent acoustic breadth for the reproducing system. The different
sounds coming out of the expanded area of, say, 5 feet in width,
become much more real than the same sounds struggling to emerge
from a single hole in the baffle. If we may speak of this matter
rather lightly, the physical separation of the woofer, midrange uni,
and tweeter enable the reproduction of violin and trombone music with-
out the violinist’s bow getting tangled up with the trombonist’s slide.
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Fig. 6-11. A three-way multi-speaker system in which compatibility of

components is accomplished by properly designed diffraction type horns,

with the crossover points falling at 800 and 3500 cps. (Courtesy Electro-
Voice)
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Fig. 6-12. A three-way multi-speaker system using components that are
compatible for crossovers chosen by the manufacturer at 600 and 4000 cps.
(Courtesy Jensen)
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Adijustable Units Aid Hobbyist in Balancing System

If the hobbyist wishes to make his own selection of component
parts, he must be guided by the manufacturer’s specifications for fre-
quency range, angular dispersion, and efficiency. Often the hi-fi lis-
tener has a tweeter with which he is throughly satisfied, but to which
he would like to add a new and improved woofer. He must then be
sure, for instance, that the cutoff frequency of the tweeter in the low
frequency overlapping area falls below the point where the woofer
begins to lose output. One way of meeting this objective is to choose
the woofer so that it considerably overlaps the tweeter and then to
interconnect them with a network that makes available a choice of
crossover points within that overlapping area. This will ensure a system
having smooth transition of response between the two components at
the frequency chosen by the crossover networks. Then, as shown in
Fig. 6-13, there are two specialized components for multi-speaker sys-
tems, an adjustable response woofer, and a variable-crossover adjustable
high-pass filer. The woofer has built into it the low-pass elements
of a crossover network that inserts actenuation into the woofer circuit
at the different frequencies noted, so that it may be rolled off in output
at the frequency most compatible with the tweeter to be used. Now
if a tweeter is chosen whose cutoff is at least as low as the lowest tap
of the adjustable woofer, and if a high-pass filter is used to connect the
tweeter to the woofer, the listener has a wide adjustable overlapping
area of both speakers from which he may pick at will the response
he prefers. If he wants good forceful middles and strong horn tones,
he will crossover at about 700 cps, and let the tweeter horn reproduce
these middles and trebles. If he wants subdued presence and mellow
middles, he will crossover at some higher frequency such as 5000 cps,
and let the cone reproduce the lows and middles and the tweeter only
the trebles. Moreover, along with the high-pass filter, the level control
allows the listener to balance the spectrum in efficiency, while the taps
balance it in crossover. Thus we see that, because of the multiplicity
of combinations of specialized speakers for multi-speaker systems, it
becomes possible for the hi-fi devotee to “play” the instrument, to make
tonal changes, to “voice” in much the same manner that an organist plays
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or at 5000 cps. (Courtesy University)
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by setting the stops in the console and swelling the various voices. How-
ever, if the listener is of the type who would rather buy a ticket to the
concert and let the experts do the playing for him, he will buy the
manufacturer’s complete integrated speaker system and sit back and
enjoy his home “concert hall.”




cuarter 7: Networks in Multi-Speaker Systems

Networks Separate Frequency Bands

In multi-speaker systems in which specialized speakers are used
for different frequency bands it is necessary and desirable to segregate
these different bands of frequencies into the respective speakers de-
signed to handle them. As discussed in the previous chapter, this
segregation of the various bands of acoustic energy insures optimum
utilization of audio power, resulting in better overall performance of
the system.

Networks are composed of elements which allow to pass, or per-
vent from passing, certain bands of frequencies. A capacitor will pass
high frequencies and block low frequencies. Therefore, it is to be
found in high-pass filter sections (Fig. 7-1). A choke or inductor
will block high frequencies and pass low frequencies. It is therefore
found in low-pass filter sections. If both a low-pass element and a
high-pass element are in series in a single branch of a circuit, a band
of frequencies is passed. The band has its low frequencies restricted by
the high-pass element and its high frequencies restricted by its low-
pass element. Those frequencies in between these two restricted ends
become the “pass band.” From these simple concepts we may derive
almost all the popular networks.

133
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Fig. 7-1. Networks are composed of elements which allow to pass, or
prevent from passing, certain bands of frequencies.

High-Pass Filter Keeps Lows out of Tweeter

The frequencies at which the filter elements become active de-
pend upon their particular electrical values, and the effectiveness of
the network as a whole depends upon the number of elements in the
network. Applying the above concepts, let us lay out the various types
of networks, and apply each to a particular situation. The simplest
popular network is the high-pass filter. This type of network is em-
ployed where there is an existing speaker or speaker system, to which
a tweeter is to be added. The high-pass filter is connected to the tweeter
as shown in Fig. 7-2. The high-pass element blocks the low frequencies
from getting into the tweeter, allowing only a certain range of high
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Fig. 7-2. Method of connecting bigh-pass filter to amplifier and rweeter.

frequencies to pass through, the lower limit depending on the size
of the capacitor. A smaller capacitor will pass the highs, with some
middles. A large capacitor will pass the highs with more middles.

Low-Pass Filter Keeps Highs out of Woofer

If we desire to keep the high frequencies out of the woofer (and
pass them to the tweeter, where they will be more efficiently reproduced),
we put an inductor into the woofer circuit, as shown in Fig. 7-3. Such
an inductor (choke) will be a low-pass filter. Now the woofer will
reproduce only a certain range of lows, as determined by the size of
the choke. A large choke will pass fewer highs, a small choke will pass
more highs. The choice of the choke will therefore determine the limit
of the low pass. By the addition of the choke to the woofer circuit we
have converted the simple high-pass arrangement shown in Fig. 7-2 to
a two-way system with a crossover network, because now the high-pass
band and the low-pass band cross over at some particular frequency.
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Fig. 7-3. Low-pass filter plus high-pass filter form a crossover network.
(Network shown bas a 6 db per octave astenuation.)

Obviously, the frequency at which they cross over will be determined
by the electrical values of the filter elements involved.

Crossover Networks are Composed of High-Pass, Low-Pass,
and Band-Pass Filters

The problem of constructing a three-way crossover network is
only slightly more involved. Figure 7-4 illustrates a simple three-way
network. As before, the response of the woofer is cut off in the high
end by the low-pass choke. The middle frequency band has its lows
limited by the high-pass capacitor, and its highs limited by the low-
pass choke, thus allowing only the middle frequency band to be passed.
The tweeter reproduces only the highs passed on to it by its capacitor.
The characteristic bands of output of the three sections cross each
other in succession so that we have in this three-way network a low
crossover point between the woofer and midrange sections, and an




NETWORKS IN MULTI-SPEAKER SYSTEMS 137

HIGH-PASS
5
a
(=
5 (11AAf
o |
TWEETER — e
HIGH-PASS
BAND-PASS
| | =g
g T 111
3 \'H‘w\m\a‘\u’
MID RANGE MIDDLE PASS
LOW-PASS
[
=7
Q. [
Sla
ol ‘r' 1
LOW-PASS

A )
LOW CROSSOVER HIGH CROSSOVER
POINT POINT

Fig. 7-4. A three-way crossover network is made by combining separate
pass band elements that individually cover different sections of the band.

upper crossover frequency between the middle and high treble fre-
quencies. In this case, as in the previous one, the crossover points will
be determined by the electrical values of the filter crossover elements
involved.

Number of Filter Elements in One Circuit Determines
Attenuation Rate

Crossover networks have another characteristic in addition to
their low-, high-, or pass-band features. They have an “attenuation
rate” at the crossover point. The attenuation rate simply signifies how
decisive the filter action is. Figure 7-5 shows the high-pass filter re-
sponse with two different attenuation rates, a slow one and a fast one.
A sharp cutoff filter may be made by combining two filter elements
of opposite types (a high-pass element and a low-pass element) in
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the same branch circuit with one element in series with the speaker,
the other in parallel with the speaker. In Fig. 7-6 is shown a sharp
cutoff high-pass filter. The series capacitor will allow high frequencies
to get into the tweeter, but the choke across the tweeter, being a low-
pass element, will detour around the tweeter the lower frequency end

SLOW ATTENUATION RATE
CUTS OFF SLOWLY

-
p=] . o
a Fig. 7-5. High-pass char-
3 HIGH ATTENUATION RATE  @cteristic with two different
CUTS OFF SHARPLY altenuation rates.
FREQUENCY

of the high frequency band passed on by the capacitor. The highs,
however, will not be bypassed by the choke, so they will continue to
go into the tweeter. Accordingly, by adding a low-pass element across
the tweeter, we have effectively sharpened the high frequency pass band
that the tweeter sees. We have increased the attenuation rate of the
network. In a similar fashion the attenuation rate of a low-pass filter
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Fig. 7-6. A sharp cutoff bigh-pass filter is made by adding a low-pass
element across the tweeter circuit.

may be sharpened by shunting the load with a high-pass element as
shown in Fig. 7-7. By combining these sharper cutoff high-pass and
low-pass elements into the previously discussed filter circuits we obtain
sharp cutoff two-way networks, as shown in Fig. 7-8, or three-way
networks, as shown in Fig. 7-9.
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Sharpness, or attenuation, of a crossover network is usually given
in terms of db’s per octave in the crossover region. The term 44 is an
abbreviation for the word decibel. The decibel scale provides a con-
venient way of compressing large changes into small changes so that
they may be easily handled and so that they bear a closer relationship
to the manner in which the ear responds to the intensities of sounds.
Precisely, it is a “logarithmic ratio.” (See Fig. 7-10.) Every time
power is doubled, we say there is a 3-db gain. If the power has dowbled
itself 10 times, then there has been a 30-db increase. If the voltage has
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Fig. 7-7. A sharp cutoff low-pass filter is made by shunting a bigh-pass
element across the woofer circuit.

doubled itself, we say there is a 6-db gain. Thus, if the voltage has
doubled itself 10 times, there has been a 60-db gain. Reference to
Fig. 7-10 will show how conservative these db values are in relation
to the actual growth of the power or voltage figures.

Thus, getting back to the network, if the characteristic of the
circuit is such that the voltage across the speaker branch of the network
drops to one-half that of the total voltage input across the network in a
space of one octave, causing a power drop to one-quarter of the original
power, the attenuation rate is 6 db per octave. If the voltage drops to
one-quarter in the same octave span, causing a power drop to one-
sixteenth of the original power, there is a 12 db per octave roll-off.
(Refer to Fig. 7-11.) Obviously, the 12 db per octave roll-off is the
sharper, and the 6 db the slower. The former is produced by the type
of network shown in Fig. 7-8, and the latter by the network in Fig. 7-3.

The actual design conditions for a particular network are governed
by the choice of crossover frequencies and the attenuation rate desired.
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tion is 12 db. If this drop takes place in a span of one octave, there is
either a 6 or a 12 db per octave attenuation.
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These factors, in turn, depend upon more subtle considerations con-
cerning the type of speakers that make up the system, and what is
actually desired from the system. Therefore, we shall now give full
consideration to those factors which govern the choice of network, and
then we shall present some practical design data.

Networks Conserve Audio Power

In breaking up the total reproducible spectrum into various bands
and then directing these bands into separate specialized speakers, we
may realize a great degree of conservation of audio power. Let us refer
back to the simplest system of Fig. 7-2, where the tweeter is connected
across the audio signal line through a simple high-pass filter.

Let us assume, however, for the sake of illustration, chat the ca-
pacitor in this high-pass filter has been eliminated. This condition of
direct parallel operation of the woofer and the tweeter means that the
amplifier power now will be egually divided between woofer and
tweeter (if they have the same impedance). If a total of 10 watts of
audio power is available from the amplifier, the woofer will take 5
watts of full frequency range power and the tweeter will take 5 watts
of the same full frequency range power. Obviously, the woofer, which
is a low frequency device, will not be able to do justice to the high
frequencies; nor will the tweeter, which is a high frequency device, be
able to do justice to the low frequencies. Since the total power is
equally divided between the two units, half the high frequency power
is losz in the woofer, and half the low frequency power is lost in the
tweeter. What is more, the omission of the high-pass filter may result
in overloading the tweeter if this loudspeaker is not able to handle the
additional power that would now be applied to it.

Now let us put in the high-pass filter. Immediately, the low fre-
quency power formerly lost in (or possibly overloading) the tweeter
has been stopped from going into this blind alley. Instead, the low
frequency power blocked from entering the tweeter must look for
another route. It must now join the rest of the low frequency energy
going directly to the woofer. Essentially, then, the woofer now gets
twice the audio power it was receiving before the insertion of the high-
pass filter in the tweeter circuit. As a result, the woofer now plays
louder for the same power output from the amplifier. If, however,
one wished to maineain the previous listening level, the amplifier gain
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control must be turned down, resulting in more conservative operation
of the amplifier and consequent reduction of distortion.

We may go one step further, and prevent the highs from being
lost in the woofer, by inserting the low-pass choke into the woofer
circuit, as in Fig. 7-3. This blocks the highs from the woofer but lets
the lows through. Accordingly, we now realize a saving in high fre-
quency power, for the highs, blocked from entering the woofer, na-
turally take the path of least resistance and go to the tweeter. The
tweeter now receives twice as much treble energy for the same setting
of the amplifier. Thus we see that a well-designed crossover network,
usually hidden away somewhere where it cannot be seen, in its own
unobtrusive way goes far toward increasing the available power from
the amplifier, by simply routing the energy where it will do the
most good.

Networks Reduce Intermodulation Distortion

Of equal importance to the matter of power utilization, however,
is the fact that a well-designed crossover network will improve the
cleanness of the audio reproduction by minimizing intermodulation
distortion. Let us go back to the previous example and briefly examine
the tweeter operation with and without the low frequency isolating
element. With the isolating capacitor left out of the tweeter circuit,
electrical currents of both low and high frequencies are sent through the
tweeter voice coil. Even though the tweeter diaphragm may have a high
resonant frequency, it still has a tendency to vibrate below its resonant
point, especially if these low frequencies are large in magnitude. Thus,
the small tweeter diaphragm tends to bounce back and forth in its
magnetic circuit under the strong low frequency impulses. However,
because the diaphragm is small and is coupled to the horn (which will
not transmit low frequencies) it will accomplish no useful acoustic
purpose. On the contrary, it deteriorates the high frequency perform-
ance of the tweeter by causing the small high frequency vibrations of
the diaphragm to be carried along on these spurious and excessive low
frequency vibrations of the diaphragm. Hence, the irregular and non-
linear low frequency vibrations of the diaphragm modulate the high
frequencies, causing intermodulation distortion. However, if the high-
pass element is now inserted in the tweeter circuit, the low frequencies
do not enter the tweeter; the diaphragm moves only under the insistence
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of the high frequencies and they radiate cleanly, and free of low fre-
quency effects. Thus, in addition to their audio power saving character-
istics, crossover network serve to improve the overall cleanness of
reproduction of the segregated bands of frequencies.

Crossover Characteristics Determined by Network Plus Speakers

The success with which a crossover network accomplishes its pur-
pose is dependent not only upon the network design itself, but also
upon the speaker components with which it must operate. Those
factors which determine how well the network operates are the crossover
points, the attenuation rates at the crossover points, and the compatibility
of these two factors with the corresponding ones for the speakers of
the system.

A G6-db attenuation rate crossover network will separate the fre-
quencies at the crossing bands at a moderate rate but with considerable
overlapping areas between the two different bands. On the other hand,
the 12-db attenuation rate network will separate the channels more
sharply and with less overlapping area between the two. One system
is not necessarily better than the other. What determines the choice
of system, as far as crossover points and attenuation rate are concerned,
is the natural characteristics of the speakers that constitute the system.
All speakers have their own natural high frequency roll-off character-
istics and low frequency cutoff characteristics. These speaker char-
acteristics have to be integrated into the network system for compat-
ibility of their attenuation and roll-off characteristics.

The choice of a crossover frequency is not determined by any
hard and fast rule. The fact of the matter is that, for a given set of
speakers with wide overlapping areas, there may be a wide choice of
crossover frequencies. The example given at the end of the previous
chapter (Fig. 6-13), where there was an adjustable crossover high-pass
filter with a tweeter capable of covering a wide band, was a case in
point; the actual crossover point could be chosen on a listening basis
rather than on a purely electrical basis. Of course, once the listening
objective has been established, the electrical crossover characteristics
may fall right into place if the networks are of the adjustable type. If
we let the matter of listening preference go for the moment, however,
we may examine the more rigorous acoustic basis upon which the
crossover point may be determined.
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At Crossover Point, Speakers Should Have Equal Output

The first criterion of choosing the crossover point of a network
is that at the crossover frequency chosen, the speakers have equal
acoustic output. This simply means that the speakers must have a
reasonable area of overlapping response within which the network
may be applied without causing holes in response. Thus at the crossover
point the speakers will both have equal acoustic output, but will then
be attenuated on either side of the crossover point as dictated by the
network design. The sharpness of the attenuation rate of the network,
plus the natural attenuation of the speakers themselves, will naturally
determine the sharpness of separation of the various acoustic ranges
of operation of the speakers. This acoustic separation raises the ques-
tion of the awditory sharpness of the separation of the individual
speakers of the system as far as the listener is concerned. The present
acceptance of stereophonic sound in professional entertainment houses
is a clear indication that this new dimension is an entirely desirable
one for modern sound reproduction. Any approach to such panoramic
sound in the home may be valued by the listener who wants some
measure of concert hall separation of instruments in his reproducing
system.

While it is true that separation of the music in sharp frequency
bands is not the same as separating the music of one instrument from
the other, there is some feeling, synthetic though it may be, that at
least some of the instruments have been spatially stretched out into
a greater listening area, giving a substantially greater acoustic perspec-
tive to their reproduction. For people who prefer this separation, sharp
separation of the speaker ranges is desired and the network should
have a steep attenuation rate to provide this sharp degree of separation.
On the other hand, where the listener prefers more blended sound, more
unity to the overall reproduction, he will require that the speakers of
the system do not separate sharply but rather that they overlap to some
degree. Accordingly, the network characteristic for this application will
be one of moderate attenuation rate.

Attenuation Rate Determines Sharpness of Acoustic Separation
Between Speakers

In general, then, the problem of slow attenuation rate versus
fast attenuation rate in networks is similar to the problem of the in-




146 THE LOUDSPEAKER

WOOFER TWEETER

[

z NATURAL SHARP NATURAL SLOW
'5 CUT-OFF OF HORN ROLL-QOFF OF
o TYPE TWEETER WOOFER

508 & |zTDs
f .
/ \
h A
/ 500 IKC 2KC
A 6DB ATTENUATION NETWORK ,--A I2 DB ATTENUATION

APPLIED TOA SLOW
ROLL-OFF SPEAKER

APPUED TO A NATURAL SHARP
CUT-OFF SPEAKER MAY RESULT
IN AN OVERALL EFFECTIVELY
SHARPER CUT-OFF THAN------- 4

r
i
1
[}
]
]

Fig. 7-12. The sharpness of the crossover characteristic is determined
both by the neswork and by the speakers of the system.

dividual multi-speaker system types compared to the integrated pack-
aged units. The listener who wants to be “on stage” and hear close-ups
will choose the multi-speaker system made up of individual units, for
then he will have clean separation of instruments. He will also choose
steep attenuation rates for his networks. The listener who wants to sit
way back in the family circle and hear overall sound pictures will
choose the integrated coaxial and triaxial type speakers and slow attenu-
ation rates for the network.

As previously stated, the system crossover characteristic attenua-
tion rate is a combined function of the network attenuation rate plus
the attenuation rate of the speakers themselves. This interdependence
of the network and speaker attenuation characteristics is, however, only
partly related to the problem of overlapping areas. Thus, as is shown
in Fig. 7-12, two speakers may have the same overlapping area of
equal level, but one may have a much steeper cutoff characteristic
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than the other. It is therefore probable that a fast cutoff speaker with
a 6 db per octave network would provide a sharper crossover character-
istic than a slow cutoff speaker with a 12 db per octave network. A
horn type reproducer, such as a compression tweeter, is essentially a
sharp cutoff radiator with virtually no usable output below its theoreti-
cal cutoff frequency. On the other hand, a cone reproducer, such as a
woofer, may have useful energy output extending into the middle high
frequencies. It is quite apparent, then, that even without the benefit
of the crossover networks, the horn to some extent provides its own
crossover networks, while the cone remains relatively unaltered. There-
fore, if the tweeter horn system is now integrated with a 6 db per
octave crossover network, the combined attenuation will be greater
than the cone type system operating with a 12 db per octave network.
Accordingly, the attenuation rate of the network must be integrated
with the speaker characteristic not only for equal ouput level at the
crossover point, but also for compatible attenuation rates of the net-
work and speaker combination.

If relatively long overlapping ateas of performance between ad-
jacent speakers are desired, the combined network-speaker attenuation
characteristic will be chosen on a slow basis. If sharp distinct separa-
tion of adjacent speaker performance is desired, then the combined
network-speaker attenuation characteristic will be comparatively steep.

Speaker Enclosures Are Acoustic Crossover Elements

It will be realized that baffle arrangements are actually acoustic
crossover elements, as is, for instance, the sharp cutoff horn of the
tweeter. Actually, 4/l baffles are acoustic crossover elements, and as
such will be treated more specifically in the section on baffles and
enclosures. For the present, however, it is important to keep in mind
the interdependence of the baffle as an acoustic crossover element, the
natural roll-off or cutoff of the speakers themselves, along with the
network characteristics, determining the sharpness of the crossover
system as a whole.

As for the crossover network itself, sharp network attenuation
specifically means sharper separation of the chosen bands of frequencies.
Accordingly, there will be less interaction of the lower band of fre-
quencies upon the speaker operating on the upper adjacent band (as
illustrated in Fig. 7-13). With less interaction between the bands,
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there will be cleaner reproduction of the upper frequencies, because
the disturbingly large lower frequencies have been eliminated from
the treble speaker.

Networks Affect Transient Response
There is anocher type of distortion, called transient distortion,
which is a measure of the ability or lack of ability of the loudspeaker

to faithfully follow the suddenly applied impulse type of tones, and
to let go of these tones as dictated by the signal itself. The ability of
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Fig. 7-13. The sharpness of the attenuation rate of the system will deter-
mine the degree of intermodulation distortion which may occur if the
speakers are not perfectly linear.

the loudspeaker to function in this manner was treated in the previous
chapter, where it was pointed out that a heavy magnetic gap flux would
tend to minimize such ctransient distortion. In the present considera-
tions, however, we are going to analyze the part that the crossover
network plays in introducing transient distortion into the reproducing
system. Transient distortion in networks is introduced at the crossover
point region due to too sharp an attenuation rate. As we have seen,
a sharp attenuation rate is obtained by the use of several sections of
filter elements in a speaker circuit, whereas low attenuation rate is
the result of a minimum of filter elements. Where a multiplicity of
such elements exists, two effects take place.

First there may be phase shift of the various component frequencies
that make up a complex sound. In any electrical network, phase shift
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of the signal always occurs as the signal passes through a single filter
component. In general, the more components the more drastic the phase
shift. If these frequencies thus become electrically too far displaced
from their original relationships, they may not recombine acoustically
into the same pattern. As a result, the final tone may not have the
same overall sharp form as the original; transient distortion will thereby
have been introduced.

The second effect of steep cutoff networks is their tendency to
cause “ringing.” Complex networks are made up of components that
form resonant circuits. Being resonant they may be “shock excited”
at certain frequencies, causing a momentary self-oscillation or ringing
for some short, but appreciable, time after the original signal has been
removed. On the other hand, the more simple networks, although not
producing as clean a demarcation between the various bands, are less
subject to these types of distortion. For this reason, present practice
is to avoid networks that have an attenuation rate in excess of 12 db
per octave. For modern loudspeaker practice, 6 db and 12 db per
octave attenuation rates provide adequate control, and offer ample
choice to match the particular characteristics desired for most repro-
ducing systems. Before we take up the matter of the actual construction
of networks by the hobbist, it will be of benefit to examine commercially
available networks designed for multi-speaker systems.

Packaged Networks for Packaged Systems

There are available commercial networks of many designs and for
many applications. Many manufacturers recommend specific networks
for use in conjunction with their engineered and matched combinations
of speakers for a multi-speaker system. Such recommended “system”
networks are shown in Figs. 6-10, 6-11, and 6-12. Of great value in
any network application to multi-speaker systems is the incorporation
of controls for adjusting the presence and brilliance of the system. As
will be recalled from Chap. 6, the “presence” of a system resides in the
middle frequencies, and “brilliance” in the upper treble region. For
adjustment of these factors, controls are inserted into the electrical out-
put of the network that will ultimately feed the midrange and the
tweeter reproducer. Thus, where these controls are readily available
to the listener, there is a sort of “acoustical baton,” which permits the
listener to balance his “home orchestra” to best suit his tastes.
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Adjustable Networks Permit Hobbyist to “Tune” System
to his Preference

For the hi-fi enthusiast who chooses his own components, how-
ever, there is a choice of crossover networks or network components
to enable him to get the most out of his system, or to enable him to
experiment with his system at will. Kits of network elements, such
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coiLs VOLUME
CROSS-OVER
FREQUENCY CONTROL

16 2200

IMPEDANCE

CAPACITORS

Fig. 7-14. Network kit that may be obtained for constructing network.
Individual coils or kits are available for the above tabulated requirements.
(Courtesy General Apparatus)

as that shown in Fig. 7-14, are made available for the constructor who
knows exactly what his requirements are for impedance of the system
speakers, crossover points, and attenuation rates. The assembly of these
components is fairly straightforward.

There is also available a very convenient already built multi-put-
pose network design that offers the hi-fi constructor a wide choice of
network parameters with which to work. This network package is
shown in Fig. 7-15. It consists of two independently complete but
also complimentary network systems by means of which it is possible to
select any of a number of crossover points at any of the common speaker
impedances, plus a choice between 6 db or 12 db per octave attenua-
tions. By selecting the proper designated terminals on the terminal
board of the network, he may readily make his choice of the various
conditions of operation. The short table accompanying the photograph




NETWORKS IN MULTI-SPEAKER SYSTEMS 151

MODEL N2A
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Fig. 7-15. Crossover units which permit the wide selection of crossovers,
attenuation rates, and impedances shown from the two single models.
(Courtesy University)

of these multi-purpose networks shows the versatility that has been
buile into the networks to accommodate any selection of speakers.

Adjustable Networks Eliminate Obsolescence of Components

However, there is a more important asset in such diversified net-
works, and that is the elimination of the obsolescence factor. If the
constructor has begun a progressive speaker expansion program, a single
network may meet his immediate need. As his system grows, he may
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simply add the complementary network to achieve a three-way system,
or to realize steeper crossover characteristics at the crossover points if
he desires it. Let us assume that one’s original system was a 15-inch
woofer in a bass-reflex enclosure, with a tweeter crossing over at 750
cps, this crossover being accomplished by the type N2A network shown.
After a couple of years of indoctrination into the hi-fi family, the lis-
tener may decide to expand his two-way system to a three-way system,
using the same woofer and tweeter, but adding a cone speaker as a
midrange reproducer. (See Fig. 7-16.) He may now use the N2A as
the low crossover network and drop the crossover point from 700 to
350 cps by simply connecting the proper terminals on the network.
Then he may add the type N2B network to provide the upper crossover
between the midrange cone speaker and the tweeter. Since the tweeter
originally went down to 700 cps, and since the cone speaker will prob-
ably go well up into the treble region, there will be a large overlapping
area, in which the N2B network may be used to find the crossover
point best suited to the system. Universal networks of this type are
a sort of master key to multi-speaker system design, allowing for ob-
solescence-free system expansion planning and for a choice of per-
sonal operating conditions.

The Home-Constructed Network

There are, however, many hi-fi hobbyists who find pleasure in
building as much of their own equipment as they possibly can. For
these, we will now offer a simple but concise method of building a
workable crossover network.

The design of a crossover network is based on three factors: (a)
speaker impedance; (b) crossover frequency; and (c) attenuation at
the crossover point. These factors determine the electrical size of the
capacitors and inductors that make up the various branch circuits. The
chart in Fig. 7-17 provides a simple means of selecting the proper
value of components for a chosen crossover frequency between any
two speakers whose frequency ranges overlap. The chart also presents
values for either a 6 db or a 12 db per octave attenuation rate. It is not
limited in any way to the number of branch circuits that may be used
in the system. It may be applied to a two-, three-, four-, ot even five-way
system, if desired. This versatility is accomplished by taking the speak-
ers one by one, starting from the lowest frequency range, and selecting
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the proper constants to cross that speaker with the next adjacent speaker
in the frequency range. Then, in a like manner, the constants are chosen
to cross this second speaker with the third speaker. An example will
illustrate its application.

Sample Network Design

Let us design a network for a three-way system, such as that shown
in Fig. 7-4, with crossovers at 350 and at 5000 cps, for speakers of
8-ohm impedance, and to have a 6 db per octave roll-off. (See Fig.
7-17.) We are first concerned with the woofer and the speaker ad-
jacent to it, the midrange speaker. The crossover frequency is to be
350 cps. Locate 350 on the frequency scale. Extend a horizontal line
to the right until it intersects the proper C/L line, which gives the elec-
trical constants necessary for the low frequency speaker circuit —
3.7 millihenries for the coil and 58 microfarads for the capacitor in
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WOOFER m N2A CONNECTEO TO CROSSOVER AT 350 CPS
MOOEL N2A NETWORK CONNECTEO
TO CROSSOVER AT 750 CPS

Fig. 7-16. The maultiple crossover frequencies available from the com-
mercially available networks permit system expansions without obsolecence
of equipment.

the lead to the midrange speaker. Incidentally, if we were concerned
only with a two-way system (as shown in Fig. 7-3) to cross over at
350 cps, these two values would give us the complete design of the
network. However, since we are building a three-way network, we
must now deal with the second crossover point.

To select the constants for this upper crossover frequency of 5000
cps, we regard the midrange speaker as the lower speaker. Entering the
chart from the 5000-cps mark, we again proceed to the 8-ohm C/L




CROSSOVER FREQUENCY

Fig. 7-17.

N al
50004-——--9{-— ———
40001 ols 2
3000 A 1512 a .
2000 013

4

: !

301s ® -1
1000 40 20
900 1 i Lis
0 50
8 I A
5001 b 40
400 1 100 15 5 3
TTTTFRe
200 150 15
200 + 200 3 100
4
30015 150410
1001 40016 200{r2s
B (SO [

40HMS B8OHMS

C IS IN MICROFARADS
L IS IN MILLIHENRYS

Universal chart for finding component values for crossover networks with either G-db or 12-db attenuation, for

350 5000 .

Z-L.s
el C AND L
C AND L SELECTED SIMULTANEOUSLY
o, SIMULTANEQUSLY FOR FDR UPPER CROSSOVER
LOWER CROSSOVER A
51 c N
$115 — = |-
h 58 F !
8l §
5 2
104
3 37MH
151
-4 an
2045 TWEETER
301
wto FOR 6 DB NETWORK, VALUES OF C AND L USED DIRECTLY AS READ FROM CHART
50
15 DETERMINE DETERMINE UPPER CROSSOVER
1.0 LOWER CROSSOVER A
-4 ¢ N
oot
e
16 OHMS

é)ﬂ TWEETER

FOR 1208 NETWORK, MULTIPLY VALUES OF L AS READ FROM CHART
8Y 1.41, AND DIVIDE VALUES OF C 8Y 141

systems of 4, 8, or 16 obms impedance.

149!

qIAVA4LSANOT FHL



NETWORKS IN MULTI-SPEAKER SYSTEMS 155

line and find the value of the choke (.28 millihenry) to be put into
the lower speaker circuit, and the value of the capacitor (4.2 micro-
farads) to be put into the upper speaker circuit. The network design
for a system to cross over at 350 cps and 5000 cps with 6-db attenuation
is now complete.

To design a 12 db per octave network for a three-way system we
proceed exactly as above to select the necessary capacitor and coils,
but this time we apply the factor of 1.41 as specified by the chare. The
value of L is multiplied by 1.41 and the value of C is divided by 1.41.
Thus we have obtained all the necessary electrical values for the making
of the crossover network.

Choosing the Type of Capacitor

The capacitors for the network must be bought; they cannot be
made by the home constructor. The smaller capacitors, those of 4 pf
and under, may be of the paper variety. However, they should be a
good grade, or they may become leaky (low in leakage resistance across
their terminals.) This will result in poor network response. Preferably,
these capacitors should be of the oil-filled paper type, usually obtainable
in the bathtub variety. These are self-healing in case of internal rup-
ture and do not age or deteriorate. The alternating voltage rating of
the capacitors need not exceed 50 volts if the network is designed
for the common speaker impedances of 16 ohms and under. Where
larger values of capacitance are required, the cost of the unit may be
rather high and its size large if the oil-filled type is specified. Fortu-
nately, it is possible to obtain good performance and high capacitance
by using “non-polarized” electrolytic capacitors.

Normally, an electrolytic capacitor is marked “minus” and “plus”
on its terminals, and this is how it is intended to be connected when
used as a filter in d-c power circuits. This is the polarized type. The
non-polarized type is actually two of these polarized capacitors in one
case, internally connected in a series circuit (“back to back”) with their
similarly polarized terminals connected together. This results in a
capacitor that may be put across a line carrying audio voltage. Such
non-polarized electrolytic capacitors, rated in very large capacitances,
are readily obtainable from radio supply houses at reasonable cost.

If the constructor wishes, he may make his own non-polarized
electrolytic combination by simply connecting two equal electrolytic
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filter capacitors back to back. In making this combination it must be
remembered that the effective capacitance of two capacitors in series
is equal to only one-half that of a single unit. Thus, to obtain an 8 pf
non-polarized capacitor, two 16 pf polarized capacitors may be con-
nected in series as shown in Fig. 7-18.

However, there is a precaution that should be exercised when a
small electrolytic capacitor is used for a particular crossover point and
this crossover element is to function out to the very end of the tweeter

e
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Fig. 7-18. Polarized (electrolytic) capacitors may be connected back-to-
back to form a non-polarized capacitor. It should be noted that the total
capacitance of the combination is equal to one-balf of a single uni.

spectrum. In this case one-half the total capacitance in the circuit
should be provided by the electrolytic type and one-half by the paper
type, where the total capacitance of these two is equal to the value
required to obtain the desired crossover frequency. The paper ca-
pacitor is wired in parallel with the electrolytic. The reason for this
precaution is that the electrolytic capacitor becomes less effective as
a by-pass element at the higher frequencies. This is a result of its
higher power factor and increased impedance (it may actually become
inductive) at these higher frequencies.

Making the Coils

The inductor may be made by winding onto the bobbin shown
in Fig. 7-19 the number of turns required for the specific inductance.
The bobbin may be made of wood or any other non-magnetic form
rigid enough to support the necessary turns of wire. It is not necessary
that the wire be accurately layer-wound. The coil may be random-
wound, provided the winding space is evenly filled up.
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Fig. 7-19. Chart for winding inductors for crossover components as read
from universal nomograph of Fig. 7-17.

Volume Controls may be Inserted in Speaker Lines

Volume controls may be inserted between the terminal of the
network and the speakers for the purpose of controlling the presence
and brilliance of the system. (See Fig. 7-20.) These controls may be
either the simple potentiometer type, or the more elaborate constant-
impedance pad types. The potentiometer has the advantages of sim-
plicity in installation and of economy. The value of the potentiometer
should be at least five time the value of the impedance of the speaker
to which it is to be connected. Thus, if the speaker is 8 ohms, a2 50-ohm
potentiometer will be suitable. L- or T-pads may also be used as
volume controls. They have the advantage of maintaining more con-
stant impedance on the amplifier as the level of operation is changed.
They are considerably more expensive than the potentiometer type of
-volume control and somewhat more involved to install. However, con-
cerning the matter of mismatching of impedance when simple potentio-
meters are used, we should not worry too much about it in connection
with crossover circuits. There are several factors affecting crossover
network operation that are not too widely appreciated and are far more
important than impedance matching.

Take first the case of the simple potentiometer volume control.
When the potentiometer is turned on for full volume, the network
is essentially looking into the rated impedance of the speaker, and the
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volume control, which is over five times the value of the speaker im-
pedance, then becomes only a negligible shunt. In this case, there is
no impedance matching problem. Now, when we turn down the volume
control, it is true that the impedance matching between the network
and its load has been upset, but this is now relatively unimportant. If

TO
NETWORK
TO SPEAKER
O

POTENTIOMETER VOLUME CONTROL SHOULD BE
AT LEAST 5 TIMES THE LOAD IMPEDANCE

F===="=7

o2

TO TO
NETWORK SPEAKER
Oo— ©

L- PAD SHOULD BE EQUAL TO LOAD IMPEDANCE

TO TO
NETWORK SPEAKER

o 0
T-PAD SHOULD BE EQUAL TO LOAD IMPEDANCE

Fig. 7-20. Means of controlling the volume of loudspeakers.

we are operating the tweeter at a low level, we are obviously not
seeking to get the most highs out of the system. It becomes unneces-
sary to match to the theoretically correct impedance.

Crossover Frequency of Network Affected by
Variable Speaker Impedance

A word of advice is in order in connection with the values of the
components chosen. Although the desired values are selected on a very
rigorous basis of crossover frequency and speaker impedance, they may
be varied considerably without upsetting the overall performance of
the system. Speakers are not constant in impedance. (Refer to Chap.
5) A speaker rated at 8 ohms may have that impedance only in a
small range of frequencies at about 400 cps; at 5000 cps its impedance
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may actually be 15 ohms. Therefore, if a crossover network is being
designed for this speaker to crossover at 5000 cps, where its imped-
ance may actually be twice the rated value, the values of the crossover
elements may be 100 percent in error. It is therefore apparent that even
the best networks may at time be severely compromised in performance
by the impedance characteristics of the speakers themselves. Moderate
variance in the values of the filter elements themselves will not upset
the crossover frequencies nearly as much as will the varying impedance
of the speaker.

Therefore, in choosing capacitors, and in winding coils, the con-
structor may be up to 20 percent away from the exact values and still
realize substantially good network performance.

Crossover Frequency Affected by Acoustic Efficiency of Speakers

Of equal significance in the matter of network performance is the
accuracy of the crossover characteristic in connection with the problems
of level adjustment and compatible speaker combinations. If the
speakers chosen for a multi-speaker system are widely different in
efficiency, their actual acowustical crossover points may be considerably
different from the electrical crossover points of the networks feeding
them. Properly designed networks will deliver equal voltage outputs
for the various bands, as shown in Fig. 7-4. If these equal voltages are
then fed to loudspeakers of equal sensitivity, their acoustical crossovers
will follow the general pattern of the electrical network crossover char-
acteristic. However, if one of the speakers, say the tweeter, is only 50
percent as efficient as the midrange speaker, the actual acoustical output
of the tweeter will be reduced by 3 db in relation to the midrange
speaker, and the acowstical crossover will have been moved up one
whole octave (as illustrated in Fig. 7-21), if the network has a 6 db per
octave attenuation. If the network is more sharply attenuated at the
"crossover point, the shift in crossover frequencies will be less severe.
In brief, for speakers of equal efficiency the acoustical crossover charac-
teristic is similar to the electrical crossover characteristic. Where speak-
ers are of unequal efficiency, the acoustic crossover may shifc consider-
ably from the electrical crossover point, and this shift may be minimized
if desired by the use of sharper rates of attenuation of the crossover
circuit.
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Fig. 7-21. Where speakers are not of equal efficiency, the actual acoustic
crossover point may be considerably different from the applied electrical
crossover.

Crossover Frequency Affected by Level Setting of Speakers

It will be realized that these shifts in crossover points may occur
even for speakers of equal efficiencies if they are arranged with volume
controls to vary their acoustic output. As soon as the level of output of
the speaker is dropped, a change in acoustical output is produced, and
the acoustic crossover moves around as the level is changed. Thus, for
variable output networks, it may be desirable to use sharp rates of at-
tenuation.

Crossover Frequency Affected by Level of Program Material

There is still another aspect of network performance that is beyond
the control of the user, and that is the actual level of the program re-
corded or transmitted over the various bands. If the instruments of the
orchestra are all playing at full loudness over the entire musical scale,
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the network-speaker-crossover combination obeys a general pattern sim-
ilar to the crossover characteristic designed into the system. However,
if only one portion of the original sound, say the middle frequencies,
drops to pianissimo, the signal to the midrange speaker will drop, the
acoustic output of that speaker will accordingly drop, and there will be
a shift in the acoustical crossover.

Overall Crossover Characteristic Depends on Many Factors

It is for these reasons (commercial tolerances of components avail-
able for use in network, constantly varying speaker impedance, different
efficiency levels of speakers, setting of volume controls, and signal dis-
tribution of the program) that the combined network-speaker perform-
ance may not be pinpointed microscopically. Inasmuch as it is impos-
sible to take all these factors into account in the design of a network,
the logical approach is to design the network to be electrically correct
for the desired crossover points, at the attenuation rate desired, for the
rated speaker impedance of the system, and to use commercially available
components in its construction if the network is being built at home. If
the ability to compensate for these changes in crossover points with
frequencies or levels of speakers is desired, the constructor may use
multi-impedance, multi-crossover adjustable networks.







PART 2

THE ENCLOSURE






cuarter 8:  Basic Enclosure Types

The Enclosure is an Acoustic Circuit for the Loudspeaker

An essential part of any loudspeaker system is the enclosure in
which the loudspeaker is to be used. An enclosure for a loudspeaker
is often called a baffle, and perhaps technically speaking, baffe is a
more descriptive word than enclosure, as the reader will soon see. The
prime purpose of any enclosure is to provide the proper acoustic circuit
for the loudspeaker to work with, so that maximum efficiency and best
performance may be obtained from the combination. In the effort to
provide this acoustic circuit, the sound coming from the loudspeaker
is routed into certain paths and prevented from going into other paths
by blank walls put in its way.

Thus the term “baffle” as used in a technical sense connotes a means
of routing the sound energy. Since most of today’s baffles are built
into more or less complex box-like structures (even though the box
may contain a horn), the words enclosure and baffle are used inter-
changeably. However, in certain instances, we shall specifically use
the word baffle because in no sense will the word enclosure describe
the function of the unit. This situation will arise in the discussion of
horn tweeters as baffle crossover elements, for the horn is directly
and precisely a baffle rather than an enclosure.

The choice of the proper enclosure or baffle for a desired loud-
speaker system is governed by several factors. These factors are the

165
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speaker size, the performance range expected from the speaker-enclo-
sure combination, and the manner in which the speaker is to be operated.
The speaker-enclosure combination may be of the direct radiator type
(such as the bass-reflex enclosure), of the indirect radjator type (such
as the hotn), or a combination of the two. Variations of these basic
types are illustrated in Figs. 8-1, 8-2, and 8-3 respectively. We shall
examine here the general differences between these basic types, and
subsequent chapters will provide a more detailed study of each.

Direct Radiator: Speaker Works Directly Into Listening Space

As will readily be seen from Fig. 8-1, the direct radiator enclosure
allows the loudspeaker diaphragm to be directly exposed to the sur-
rounding atmosphere in which the sound is to be heard. The loudspeaker
radiates directly into the listening area. There are no intervening
acoustic elements between the loudspeaker and the ear other than the
air itself. Despite the fact that there are no restraining elements upon
the forward propagation of the sound, there may however, be some
drastic modification made upon the overall performance of the system
by the degree to which the rear of the speaker is enclosed. Here again,
the word “enclosed” is used rather loosely. For instance, the loudspeakers
shown in (A) and (B) of Fig. 8-1, are by no means enclosed. They
are baffled, however, to the extent that the sound from the back of
the speaker is prevented from spreading around to the front of the
speaker by the extent to which the open baffle walls prevent it from
spreading.

Enclosures Improve Low Frequency Response

Although open baffles of this nature are not usually encountered
in present day high-fidelity practice, a brief discussion of them will
illustrate two important points concerning enclosures. The first con-
sideration, and the one more commonly appreciated, is that the purpose
of the baffle or enclosure is to improve the low frequency response of
the loudspeaker. The baffle accomplishes this by minimizing rear-to-
front cancellation of the energy coming from the loudspeaker. If there
were no obstruction in the way of such roundabout circulation of the
acoustic energy, the loudspeaker would be virtually “short circuited”
upon itself. As soon as the diaphragm moved forward, pushing out




BASIC ENCLOSURE TYPES 167

SABHAIAAIIIIN,

T
%

|
i

SRR

T

D A R MR

e
3§
§
3§
3
§
]
3
§
§
)
)
§\

(B) OPEN BACK (G) CLOSED BAFFLE
BAFFLE

SOMETIMES CALLED
AN "INFINITE BAFFLE"

SIS LA LAIANNL) AL A ARHAE A EARIANG,

%

S

T
00

7
]
bl
/
7
%
Z
2
%

%
7
7
2
7
7
i
Z
2
]
4
Z
z
2z
?

Faran0eaNN

H
]

(D) WALL BAFFLE (E) BASS-REFLEX (F)"HELMHOLTZ"
MORE NEARLY A TRUE BAFFLE RESONATOR
INFINITE BAFFLE (BASS REFLEX)

Fig. 8-1. Forms of direct radiator baffles. The face of the diaphragm
feeds directly into open space.

a forward pulse of sound, the rear of the diaphragm would create a
momentary vacuum in the back, thereby sucking in the sound the
fronc of the diaphragm was trying to push out. Such short circuiting
of the sound from the front to the back would simply result in no
sound being propagated. This effect is most pronounced at the low
frequencies because it takes a comparatively long time for a low fre-
quency wave to become established in the air, and the longer this takes
the more easily the wave is destroyed by the rear “pulling-in” process.

Obviously, if the low frequency wave is given an opportunity to
build itself up in space before it is sucked into the rear, there will be
an improvement in low frequency sound propagation. Any wave, radio
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or sound, once it has been produced in open space will tend to radiate
outward from its source. One way of encouraging the buildup of the
low frequency wave from a loudspeaker is to put some obstacle in its
path so it cannot get back to the rear of the speaker. This is precisely

COMPRESSION
CHAMBER

(A)

SPLIT BENT HORN

® |

Ao IR

\ ¢
GCOMPRESSION |\ comPRressION
(C) \ "~ CHAMBER (D) & \ CHAMBER
\
FLAT FOLDED HORN CORNERLESS CORNER
FOLDED HORN

Fig. 8-2. Forms of indirect radiator baffles. The horn element is inter.
posed between listening area and diaphragm. Compression chamber seals
off rear of diaphragm. (Parts (C) and (D) after University}

what the flat baffle and the folded open baffle of Fig. 8-1 accomplish.
These baffles elongate the path from front to rear of the speaker and
thereby give the sound a chance to develop into some sort of wave
motion before being pulled in around the back. Since low frequencies
are long wavelengths, it follows that the longer the baffle length the
lower will be the minimum frequency the loudspeaker can radiace
before destructive front-to-rear cancellation takes place. This explana-
tion of the baffle effect is considerably simplified, however. In the
next chapter we will discuss the “dipole” effect, which explains baffles
in a more technically accurate manner.
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Fig. 8-3. Combinations of direct and indirect radiators.

Enclosure Shape Affects Performance

The second property of the baffle is to act as a radiating surface
itself in addition to the londspeaker. This statement should absolutely
not be interpreted to mean that the baffle should vibrate. It should,
on the contrary, be as rigid and non-vibratable as possible, so that it
will not wastefully absorb sound power. As the sound comes out of
the loudspeaker and spreads out, hitting the outside surface of the
baffle, it literally should meet a hard immovable wall that will im-
mediately bounce the sound energy into the listening area where it is
needed. Thus the disposition of the baffle surfaces is as important
as the length of the baffle.

Figure 8-4 shows two baffles, a conventional flat one and an
unconventionally open folded one. Although the length of the baffle
walls of both these systems may be identical, the extremely folded one
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will have considerably poorer low frequency response than the flat
open one. The flat baffle will act as an auxiliary “springboard” for the
sound wave being built up in front of it, and give the sound wave an
added send-off into space. On the other hand, the extremely folded
baffle will permit the sound wave being developed to fall in immediately
on the sides of the baffle. Now, although the wave energy will not be

GOOD WAVE FORMATION (A) POOR WAVE FORMATION ( B)

Fig. 8-4. Baffle shape is as important as baffle size. Baffle (A) will pro-

vide proper "sounding board” action and develop good radiation. Baffle

(B) will allow wave motion to diffract around the sides and wave forma-

tion will be deteriorated. This baffle may also become tuned to one fre-
quency depending upon its length.

absorbed into the back of the speaker in this baffle any more than it
was in the flat baffle, it is difficult for that wave motion to be estab-
lished, because of this “falling back™ process. In more technical terms,
the small fromt surface of the above open folded baffle permits “diffrac-
tion” to take place around the baffle for long wavelengths, which de-
teriorates the setting up of the wave motion.

There is still another peculiarity of such an extreme baffle shape.
In the shape in which it is shown, this baffle actually represents a long
tube, which may become resonant (like an organ pipe) to a very small
band of frequencies whose wavelengths correspond to a multiple of
the length of the baffle “tube.” Thus, instead of giving smoothed-out
low frequency response, as should be expected from a good baffle, a
baffle such as this may give a very peaked narrow band response. How-
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ever, when properly matched to the resonance of the speaker and en-
closed in a structure that has a reasonably large front surface as well,
this tuned tube may give quite good low frequency response. Such
an enclosure is the folded tuned column type shown in Fig. 8-3 (D).
It will thus be seen that the shape of the baffle is as important as its size.

The shape of the baffle is an important factor not only in the low
frequency region, but in the high frequency area as well. The shape
of a high frequency horn, which is fundamentally a baffle, has a great
deal to do with the manner in which the high frequencies are distrib-
uted throughout the listening area. The shape of the horn and its flares
will greatly determine the degree to which the necessary high frequency
wide angle coverage is obtainable.

These factors (rigid non-vibratable panels, size of enclosure, and
shape of enclosure) are thus important aspects of baffle design and
will be treated in detail in Chap. 14.

Completely Closed Enclosure Stops Front to Rear Cancellation

Let us return to the concept of the elongated baffle path making it
difficult for the front propagating wave to reach the back of the loud-
speaker. It is obvious that by completely enclosing the back of the
speaker we get an infinite degree of blocking of the front wave. Such
an enclosure is therefore often called an infinite baffle, although in a
strict technical sense, the term is not accurate. An infinite baffle is
one that presents an infinitely large baffle surface and rear volume to
the speaker. Referring to (C) of Fig. 8-1, it will be immediately
apparent that a closed box, if small in size, falls far short of presenting
to the loudspeaker either an infinitely large baffle surface or an in-
finitely large rear volume. In fact, if this box is made small enough, it
may literally function in a manner opposite to that of a true infinite
baffle.

It is of course a physical impossibility to obtain an infinitely
large baffle surface and rear volume. These are only theoretical terms;
but, for practical purposes, they may be effectively approximated within
reasonable dimensions to give performance close to what a true in-
finite baffle would produce. If our closed box were made quite large
[if it were, for example, a large closet or another room with the speaker
mounted in the intervening wall, as in (D) of Fig. 8-11, it would
very nearly constitute an infinite baffle. There would be no rear-to-
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front wave cancellation. Furthermore, the baffle surface would be so
large that it would provide more than enough active surface to allow
the lowest frequency of which the speaker is capable to develop fully
into a well established wavefront.

One thing will immediately be obvious from the above discussion.
It is necessary to “enclose” the speaker in order to get good low fre-
quency response. However, when taken to the extreme, a completely
enclosed box structure or a wall structure will completely prevent the
use of the sound from the rear of the speaker. This rear energy is lost
as far as useful acoustic output is concerned. One way of overcoming
this, among other deficiencies in the infinite baffle, is to provide a vent
in the closed box so that sound from the rear of the speaker may be
given a chance to emerge from its container and do useful work.

Vented Box Makes Rear Wave Aid Front Wave

This type of structure, shown in (E) of Fig. 8-1, is commonly
referred to as a bass-reflex enclosure. The actual operation of this
enclosure is not as simple as it might seem. There is a very definite
relationship between the size of the enclosure, the size of the opening
(usually called the port), and the resonance of the loudspeaker. When
these three factors are properly integrated, the rear wave from the
loudspeaker is delayed just enough so that when it emerges from the
port it is in phase with the wave motion from the front of the loud-
speaker. Thus, the rear wave reenforces the front wave and more
acoustic output is obtained than if the rear of the enclosure were com-
pletely closed; also, through action that will be described in later chap-
ters this structure broadens and extends the low frequency response.

The wave delaying action is actually accomplished by reversing
the phase of the rear wave, as will be explained in more detail in the
next chapter. The bass-reflex enclosure is therefore often called a “phase
inverter.” The principles upon which this type of enclosure were
developed all stem from the work of a well-known pioneer in acoustics,
Dr. H. Helmholtz, who outlined the relationships that determine the
resonance of ported enclosures. Although his work was done in the
late nineteenth century as part of his researches on the sensations of
hearing, his results became extremely useful to the early designers of
loudspeaker enclosures.
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In Fig. 8-1(F) is shown another form of Helmholtz resonator, which
operates in essentially the same way as the bass-reflex enclosure. The
port in this case will be seen to be a channel that surrounds the speaker
and is rather narrow in cross section. In addition to providing the
necessary porting action, this narrow channel provides an acoustic
resistance by means of the slot, as part of the phase reversal system.
The proper amount of acoustic resistance in any enclosure, in addition
to the damping produced by the radiation resistance of the device,
will improve the low frequency damping characteristic of the system.
The R-] enclosure is an example of this type of structure.

The six structures of Fig. 8-1 exemplify some of the speaker
enclosures that are adaptable to direct radiator use. In all instances,
the acoustic load that the loudspeaker sees on its front side is the
whole atmosphere directly. These systems may be used with any type
of loudspeaker, be it a woofer or a complex triaxial type. The fact
that the loudspeaker radiates directly into the listening area means there
will be nothing to impede the forward propagation of the sound from
the loudspeaker. Thus, in the case of a wide range, coaxial, or triaxial
speaker some type of direct radiator enclosure is a must, for these units
with their integral treble and high frequency sections must play directly
to the ear with no intervening walls in the enclosure to obstruct the
direct flow of high-frequency sound.

In contrast to the direct radiator enclosure there is the indirect
radiator enclosure. Here one side of the vibrating diaphragm of the
loudspeaker works into an acoustic load presented to it by a horn,
which acts as an intermediary coupling agent between the diaphragm
of the loudspeaker and the surrounding atmosphere. A few of such
indirect radiator combinations are indicated in Fig. 8-2. It will be
apparent from these illustrations that the horn portion of the system
may take a variety of shapes.

It may be a straight horn, a split bent horn, or a folded horn. The
horn acts as an acoustic transformer that matches the high mechanical
impedance of the vibrating diaphragm to the relatively low acoustical
impedance of the air at the large mouth of the horn. By virtue of
this transformer action, the comparatively small area of the diaphragm
finds it relatively easy to “grab hold” of a large quantity of air by easy
small steps through the gradually expanding cross-sectional area of
the horn through which the sound has to travel outward. Because of
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this improved interaction between the diaphragm of the loudspeaker
and the air, we might say that the horn transformer provides more
efficient coupling between the speaker and the air. The efficiency of
the system may thus be greatly increased. A well designed horn re-
producer may have an efficiency of between 40 and 50 percent com-
pared to a direct radiator efficiency of only about 10 percent.

Another important aspect of the completely indirect radiator sys-
tem is the complete back enclosed volume of the loudspeaker. This
back volume is quite small, so small, in fact, that the rear radiation
from the speaker is considerably cramped. Stating the situation some-
what differently, the rear of the loudspeaker is under acoustic compres-
sion. In general, the purpose of providing the compression chamber
behind the speaker is to adjust the acoustic stiffness of the vibrating
diaphragm so that it operates with optimum efficiency in the area
where the horn becomes effective, and to balance the horn air load
mass. This matter will be treated in more detail in Chap. 10. For the
present, it is important to realize that the compression chamber is an
essential part of the indirect radiator. When the cone speaker is en-
closed in this manner, it becomes what is commonly called a “com-
pression type driver.”

It should be realized, however, that the same loudspeaker in some
other kind of enclosure, such as the bass-reflex type, is not a compression
type unit. It is simply the application in which the speaker is used that
makes it ome or the other. Thus, in the present instance of the indirect
radiators illustrated, we have true compression driver, horn loaded
systems.

Horns (Indirect Radiators) May Take Many Shapes

It will be apparent that the horn may take several different shapes,
depending upon the application desired, or the space available. The
straight horn of (A) in Fig. 8-2 takes up the most space in its con-
struction, but is perhaps the easiest type of horn to build with complete
theoretical accuracy because of the absence of bends. Because of the
space requirements demanded of this straight horn when designed for
low frequency reproduction, it is seldom found in home installations.
However, we may still use this horn type of enclosure in the home if
we rearrange its shape. For instance, it may be put into the corner of
the room if it is of the type shown in (B) of Fig. 8-2, which illustrates
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CUT-AWAY VIEW

Fig. 8-5. The folded horn may be designed to be completely corner
loaded by the walls of the corner of the room. (Klipschorn)

a form of split bent horn. Although the figure shown here is quite
simple in concept, it may be elaborated upon in such corner horns as
the University Classic and Dean systems of Fig. 8-2(C) and (D), the
Klipschorn type of construction (Fig. 8-5), and the Lee Catenoid
system (Fig. 8-6). In these structures the proper length of horn is
obtained (by means of multiple bending) in reasonable enclosure sizes.
Although there are essential differences between these horn structures,
such as the use of walls of the corner of the room to complete the horn
element of the Klipsch and the Lee systems and the self contained horn
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walls of the University systems, they fall into the same category; they
are all indirect radiators (specifically, compression driver, horn loaded
systems), operating on more or less the same basic principles. In

application, there are differences between these systems, which will be
discussed in Part 3.

Indirect Radiator is Anti-resonant

One very important characteristic of such horn systems differen-
tiating them from the “enclosure” type is that, while the “enclosure”
types are resonating devices, the horn systems are anti-resonating de-

3 N \\ Fig. 8-6. Another form of

/ / \ folded horn that utilizes the

! ! corner walls of the room

\ i for completion of the horn

- %  J i load. (Lee Catenoid Horn)
]
!

vices. In the bass-reflex enclosure we try to tune the enclosure to work
in conjunction with the natural resonance of the loudspeaker driving
it; in the horn loaded system we try to eliminate any resonances in the
horn system itself.

It will be realized that the horn type of baffle does not readily lend
itself to use with extended range types of loudspeaker. Note in Fig,
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8-2 that the low frequencies flow readily out of the loudspeaker, through
the horn, and out into space, because low frequencies readily diffract
or bend around corners. Middle and high frequencies, however, will
not travel around bends as easily, and therefore are absorbed or lost
in the maze of the horn. Consequently, folded horn systems using
cone type loudspeakers are suitable almost solely for the reproduction
of low frequencies. To complete the reproducible spectrum it will,
of course, be necessary to use supplementary speakers, such as mid-
range speakers and tweeters mounted in the front of the enclosure so
that they radiate directly into free space, as described in the section on
multi-speaker systems in Part 1.

Direct and Indirect Radiator Characteristics May be Combined

There are several types of enclosure in which the principles of
the direct radiator and the indirect radiator are combined to obtain
some of the advantages of both. These are illustrated in Fig. 8-3. Item
(A) shows the previously-described split horn, now arranged so that
the speaker in its compression chamber may simultaneously radiate
directly to the listening area and feed the rear horn. This speaker may
now be an extended range unit, or a coaxial or triaxial speaker. The
high frequency components have an unobstructed path of operation
into the room, while the low end of the spectrum emerges from the
tear of the speaker through the horn load.

Item (B) is a combination of a bass-reflex enclosure, in which the
low end of the spectrum is re-enforced by the phase inversion action,
and the comparatively small horn that loads the front of the diaphragm,
re-enforcing the middle range of the speaker. (The size of the horn is
compatible with these middle frequency wavelengths.)

Item (C) is a bass-reflex enclosure in which the port is horn
loaded. In this structure, the action of the enclosure is essentially that
of the bass-reflex device in which the cabinet is tuned to the loudspeaker
in the usual manner by providing a port that, together with the cabinet
volume, resonates with the speaker. The port in this structure, however,
does not radiate directly into the listening area, but works into the
horn section that intervenes between it and the listener. The month of
this port horn provides a larger radiating area than the port itself has.
Because of this enlarged mouth, or radiating area, the low frequencies
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that radiate from this section are more efficiently reproduced than they
would be if they were reproduced from the smaller port area.

Item (D) is a folded tuned column structure, which is a combi-
nation of a direct radiator for the front of the speaker and a tuned
column for the reproduction of low frequencies from the back of the
diaphragm. This structure differs from the rear horn in item (A) in
that while the horn is a high-pass device passing all frequencies above
its theoretical cutoff frequency, the folded column is a tube of uniform
cross-section cut to resonate at a particular frequency as dictated by
the resonant frequency of the speaker used in the system. When the
tube is made the proper length, the resonant frequency peak of the
speaker is severely damped and a new lower resonant peak is intro-
duced, which extends the low frequency response of the system.

These short introductory paragraphs have served to acquaint the
reader with the various basic types of enclosure prevalent in hi-fi
practice. More intensive consideration of these various types will be
presented in the following chapters.




cuarrer 9:  The Enclosure Type Baffle

Radiation Resistance of Loudspeaker Determines Power Output

The term circuitry is just as applicable to acoustic devices as it is
to electrical components; a loudspeaker requires an acoustic load, just
as an electrical circuit requires an electrical load, if power is to be
developed. The purpose of any baffle is to provide the speaker with
the proper load, into which it operates to produce acoustic power output.

However, acoustic circuitry is somewhat more complex than elec-
trical circuitry because the sound waves developed are not as easily
confined and channeled as are electrical currents flowing through wired
circuits. On the other hand, there is a very close analogy between sound
wave propagation and radio wave propagation. The student of physics
will find the relationships that describe the propagation of these two
types of energy to be very nearly identical, and one term common to
both fields is “radiation resistance.” The radiation resistance of an
antenna determines how much radio power will be transmitted (or re-
ceived). Similarly, the radiation resistance of a loudspeaker determines
its power transmitting capabilities.

Radiation resistance is not a constant factor. It changes with the
frequency of the power being transmitted and with the dimension of
the device that does the transmitting. Common everyday illustrations
of this fact are seen on almost every rooftop today. Television antennas
are cut to size for a particular band of frequencies. Where optimum
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reception for all channels is desired, we may find a separate antenna
cut to exact size to match the frequency of transmission of each channel.
However, where economy of installation requires that only one antenna
be used for all channels, it is probable that some channels will not come
in as well as others. This occurs because they are not matched in im-
pedance (mainly radiation resistance) for the frequencies of those chan-
nels which are not well received. This mismatch reduces the signal
sensitivity, and may set up energy reflection, which the layman com-
monly recognizes as “ghosts” on his television screen. To briefly sum-
marize, all wave transmitting devices, electrical and acoustical, have a
definite radiation resistance, which determines the power output, and
which is a function of the frequency being transmitted, the method of
coupling, and the size of the transmitting "antenna.”

In the case of the acoustic “antenna” (the loudspeaker), the gen-
eral curve that describes its radiation resistance is shown in Fig. 9-1.
Note that the radiation resistance of the loudspeaker increases from
some very low value to a value of approximately 42 acoustic ohms ( per
square centimeter). Now, the specific acoustic impedance of air is also
approximately 42 ohms. This means that maximum power will be trans-
ferred to the air from the loudspeaker when the loudspeaker approaches
an impedance of 42 ohms per square centimeter, for then the “genera-
tor” impedance will be equal to the load impedance. This principle is
as true in acoustics as it is in electrical systems.

Radiation Resistance Varies with Size of Speaker and Frequency

Inspection of Fig. 9-1 will show that the radiation resistance of
the loudspeaker drops quite rapidly as the ratio of the diameter of the
loudspeaker to the wavelength of the sound decreases. Although this
may appear somewhat complex, let us examine it in terms of simple
principles, for once it is understood the entire subject of baffles and
enclosures will be more readily appreciated. Briefly, the curve means
that if we keep the wavelength (or frequency) unchanged and let the
diameter of the loudspeaker decrease, the ratio of the diameter to the
wavelength decreases, and the radiation resistance per unit area of the
loudspeaker drops. The power transmitted for that particular frequency
drops correspondingly. If the speaker size remained unchanged, how-
ever, and instead the wavelength increased (frequency decreased), the
ratio of the diameter of the speaker to the wavelength would also de-
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Fig. 9-1. The acoustic power developed by a loudspeaker is a function
of its radiation resistance, which increases as the ratio of the diameter of
the piston divided by the wavelength of operation.

‘crease, again there would be a drop in the radiation resistance of the
speaker, and less power would be radiated.

This explains the two commonly experienced phenomena occurring
in low frequency reproduction from loudspeakers. First, for a given
low frequency, the smaller the loudspeaker the poorer will be the power
output. Secondly, for a given size of loudspeaker, the low frequency
output will drop off as the frequency goes down. Now let us apply
these principles to actual baffle configurations to illustrate how a baffle
provides the proper “load” for a loudspeaker.

In the previous chapter, it was stated that in the absence of a baffle
the sound transmitted from the front of the loudspeaker is sucked back
to the rear of the loudspeaker as the diaphragm moves forward. This
pulling back of the sound was referred to as a “short circuiting” effect
on the loudspeaker. We may now re-examine this “short circuiting”
effect in more exact terms of baffle size and of another phenomenon
called “doublet operation.”

The Acoustic Doublet: Radiation from Both Sides of
Diaphragm into Space

A loudspeaker actually radiates sound from both sides of its dia-
phragm (Fig. 9-2A). However, these two sound fields are out of phase
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with one another. As the diaphragm moves forward, there is a pressure
area directly at its front surface. At its rear surface, there is an area of
rarefaction. In other words, two distinct wave radiations start traveling
away from the respective sides of the loudspeaker diaphragm in an out
of phase condition as if they had come from two adjacent bodies puls-
ing out of phase. Such a system is referred to as an “acoustic doublet”
— an obvious name — and is illustrated in Fig. 9-2(B) in which the
two sides of the diaphragm are represented by a negative and a positive

DIAPHRAGM MOVING IN THIS
DIRECTION CREATES A PRES-

" SURE PULSE IN FRONT AND
RAREFIED SECTION IN BACK

Ll
T W

RAREFACTION, |

TR
T

' ONE WAVELENGTH

AT ANY POINT THE POSITIVE
AND NEGATIVE INTENSITIES
PRACTICALLY CANCEL EACH
OTHER RESULTING IN NO
SOUND PRESSURE

THEORETICAL DIAPHRAGM WHEN WAVELENGTH 1S LARGE
WITH POSITIVE PULSE FROM COMPARED TO POLE SPACING,
ONE SIDE, AND NEGATIVE (B) RADIATION 1S EFFECTIVELY
PULSE FROM OTHER SIDE “DIPOLE” TYPE AND CAN-
CELLATION TAKES PLACE

Fig. 9-2. Doublet operation of unbaffled diaphragm.

pole radiating respectively a “negative” and a “positive” wave. If these
doublet sources are close together, it is obvious that the “negative”
wave from one will be directly canceled by the “positive” wave from
the other at almost all poines in space. This is true, however, if the
poles of the doublet are so close that their spacing is only a small frac-
tion of the length of the radiated wave as shown in Fig. 9-2(B). This
means that the longer the wavelength (low frequency), the closer the
poles comparatively speaking, and the greater the low frequency can-
cellation. This condition we readily recognize in any loudspeaker when
tested on a work bench without benefit of any baffle at all. Under this
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condition, the doublet mode of operation is most effectively working,
with the result that there is a complete absence of low frequency re-
sponse.

It is an obvious conclusion that to prevent the low frequency can-
cellation resulting from doublet operation, we should place some barrier
between the front and the back, hence the baffle. Let us now examine
the baffle size in terms of the wavelength being transmitted to see
its effect upon doublet operation and its value in the elimination of
such operation. Figure 9-3 shows a loudspeaker mounted on a small
baffle. We will examine what happens at some point (P) in space
without a baffle, and then with the bafle. Without a baffle, let us as-
sume that the point (P) is at a given instant receiving a positive pulse
from the front side of the loudspeaker. If the frequency of operation

- CANCELLATION DUE TO
= UNBAFFLED SPEAKER
RESULTING IN DIPOLE

REENFORCEMENT DUE

ACTION TO ONE-HALF WAVELENGTH
BAFFLE
— - — L
- e 4
.b'\h_ Y —
(a) (8)
o} Nl — ——

Fig. 9-3. Baffle eliminates doublet action by increasing back wave parh
length by one-balf wave length.

of the loudspeaker is low, there will be effective doublet operation. The
wave from the rear of the loudspeaker will reach around and approach
point (P) with a polarity directly opposite to that of the front wave.
The acoustic pressure at this point will be effectively canceled out,
giving no response for this frequency.
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Now let us put the small baffle in place, and assume the baffle
size to be such that the wave from the rear has to travel an extra length
of time equal to that taken up by one-half of the wavelength of the
sound being transmitted. This means that now the out-of-phase wave
from the rear of the speaker, having been delayed by the necessary
amount, will reach point (P) i phase with the front wave, and the
doublet action will have been eliminated. The result will be re-enforced
lows rather than canceled lows.

Baffle Minimizes Doublet Operation

It is obvious that to eliminate this doublet action, the dimensions
of the baffle should add an extra half wavelength of the desired low
frequency sound to the total front to rear path. For frequencies above
the dimensions at which doublet operation is minimized by the proper
size baffle, there will be relatively smooth output. However, where the
baffle size becomes too small to prevent doublet operation, the response
curve begins to fall abruptly. It follows, conversely, that the larger the
baffle the more effective will be the elimination of the doublet action
for lower frequencies and the better will be the low frequency response.
Figure 9-4 illustrates the effect of increased baffle size on low frequency
output. (Note: There will be improved smoothness of response above
the frequency at which doublet operation occurs if the speaker is not
mounted directly at the center of the flat baffle board or if an irregular
baffle shape is used.)

Although the open type baffle does assist in the improvement of
low frequency response, it also has its shortcomings. In order to obtain
acceptable low frequency extension from the open baffle type, the di-
mentions become rather unwieldy for normal home use. If we assume
that for elimination of the doublet operation we need a baffle at least
one-half the wavelength of the sound to be transmitted, for a frequency
of 50 cps, which corresponds to a wavelength of approximately 22 feet,
the distance from the speaker to the edge of the baffle would have to
be 11 feet. Of course, the baffle may be folded back on itself as in the
open back variety but such a baffle would still be an ungainly structure.

The open type baffle has another serious shortcoming in that there
is no acoustic damping control of the free resonance of the loudspeaker.
It is true, however, that the air load the loudspeaker sees adds some
“mass” to the total moving system. This air mass lowers the resonance




THE ENCLOSURE TYPE BAFFLE 185

point slightly, and also reduces the excursion of the cone at resonance
to some degree. In the main, however, there is no other type of acoustic
constraint upon the motion of the diaphragm. It is virtually as free
to move at its resonant condition as if the baffle weren't there at

i
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Fig. 9-4. Larger baffle lowers frequency at which doubler operation starts.

all. There will, therefore, be a tendency toward boominess in the re-
sponse of the system at the resonant frequency. This boominess should
not be interpreted as “bass.” It is in truth a “one note” bottom that
lends some feeling of bass, but is entirely out of proportion to the
original signal.

Because of the low frequency limitations of the open baffle and
the raggedness of its response, this type of enclosure is practically never
used in modern high fidelity practice. However, an understanding of
its principles is necessary since most other enclosure structures are
in essence attempts at eliminating the defects of the open baffle type.
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A True Infinite Baffle Completely Eliminates Doublet Action

A natural extension of the open baffle is the trxze infinite baffle.
In this type of baffle there is absolutely no front-to-rear cancellation
of sound energy at any frequency. This is accomplished by putting the
speaker in a partition that completely seals off the front from the rear,
but which at the same time allows perfect freedom of sound radiation
from both sides of the loudspeaker into the areas they face. Such an
infinite baffle might be the wall between two rooms as shown in Fig.
8-1(D). If the loudspeaker were mounted in such a wall, one side
of the speaker would have no effect upon the other. At the same time,
the rooms on either side of the wall would enjoy virtually equal
acoustic output.

The complete absence of doublet operation in this type of instal-
lation will ensure that the low frequency response obtained will be
limited not by the baffle, but by the low frequency capabilities of the
particular loudspeaker used in the installation. Thus, if an 8-inch loud-
speaker with a resonance of 125 cps were used in such a wall bafflle,
its response would be fairly smooth down almost to this frequency,
then there would be a rise at 125 cps due to the resonance of the
speaker. Progressing downward in frequency from this resonant peak
at 125 cps, there would be a rapid drop in response at the rate of 12 db
per octave. The same general condition would hold for a larger speaker,
but with a change in resonant frequency as illustrated in Fig. 9-5.

This type of operation is characteristic of the wall type infinite
baffle. It works down to the resonant frequency of the speaker being
used, but fails rapidly below its resonant point. Its other shortcoming,
as in the case of the open baffle, is the lack of control that may be exer-
cised acoustically over the resonant frequency excursions of the loud-
speaker. With the exception of the air mass and radiation resistance
loading, which will affect the resonance and damping of the speaker,-
for all practical purposes both sides of the loudspeaker are perfectly
free unconstrained radiators into free space. The resonance is materially
the same as in the unbaffled condition. There is a consequent one-note
boominess to true infinite wall baffles (although not as pronounced as
in open baffles) with rapidly dropping response below this area of
resonance. This effecc becomes more aggravated as the size of the
speaker is increased, for the larger the speaker the lower the resonant
frequency under normal circumstances; and consequently, the lower
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will be the undamped resonant frequency of the diaphragm excursion
and the greater the output at the resonant point.

There are variations of the wall baffle that still constitute, in es-
sence, true infinite baffles. One such variation is the closet installation,
in which the speaker is mounted in the door of a closet, the rear of
the speaker facing into the cavity of the closet. If the closet is large, its

Fig. 9-5. The performance
of the true infinite baffle
(wall type) is a function
completely of the loud-
speaker itself with the sole
purpose of the baffle being
the complete elimination of
the dipole effect. After this
is accomplished the response
capabilities of the speaker
itself determine the response

of the system. 45 65 125
FREQUENCY

OUTPUT

volume will for all practical acoustic purposes be equivalent to an open
room, and the loudspeaker will perform as it would in a pure wall
baffle, with the important exception, of course, that only one side of
the loudspeaker will be doing useful work.

It is obvious that the installation of a speaker in a wall baffle in-
tended to feed two rooms must be made on the basis of a loudspeaker
of the all-purpose wide range variety, in order to have equivalent per-
formance from both sides of the loudspeaker. If a two or three-way
speaker were used, only one room would benefit from the full operation
of the speaker, while the other room (on the rear side of the speaker )
would receive only the woofer portion of the response. Infinite baffles
of the closet type exhibit good low frequency response down to the
natural resonance of the speaker by virtue of the high order of radia-
tion resistance of the speaker when mounted in such baffles; below this
resonant point, the low frequency output drops at the rate of 12 db
per octave.

Closed Box Raises Resonance of Speaker

There is another type of enclosure called an infinite baffle that
is not strictly in that category. This is the completely closed box, with
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no openings other than the one in which the loudspeaker itself is
mounted (Fig. 8-1C). The reason for calling this an infinite enclosure
is quite obvious, considering that the back of the loudspeaker is com-
pletely sealed off from the front. In this sense only, the enclosure acts
as does the true infinite wall baffle. However, there is one important
difference between the wall baffle and the closed box, specially when
the closed box takes on the small proportions necessary to make it
suitable for placement in the usual living room. The relatively small
and unrelieved volume of space that encloses the back of the loud-

Fig. 9-6. Air captured in
a sealed enclosure acts as
an acoustic stiffener upon
the back of the loudspeaker
and raises the resonant fre-
quency of the speaker.

RESPONSE

el
RISE IN RESONANT FREQUENCY

speaker becomes an acoustic restraint upon the loudspeaker. The small
volume of air captured by the enclosure has no way of escaping and
acts as an acoustic spring upon the loudspeaker. It stiffens the loud-
speaker and actually may raise the resonant frequency of the system
(see Fig. 9-6) to some slightly higher value than the speaker had
when it was unbaffled.

We must be careful, however, in interpreting what actually hap-
pens to the acoustic performance of the system. It would be wrong
to state categorically that the low frequency response would suffer be-
cause of this rise in resonance frequency. The matter must be con-
sidered in the light of the original resonance and the rise in the resonance
frequency in relation to the size of the box in which the loudspeaker
is to be operated. Let us illuscrate this with a practical example, as
indicated in Fig. 9-7. At (A) we have a loudspeaker with a natural
resonance of 100 cps; mounted in an open baffle, it still has the same
general resonant point and produces the response indicated. Now, if
this same enclosure were to be sealed off at the back, making it a closed
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Low frequency response is function of speaker resonance plus

enclosure size.

box, the cone would be stiffened by the unrelieved air cushion at its
back and the speaker resonance might go up to 135 cps. However,
despite this increase in the resonant frequency, the actual low frequency
output of the enclosed box system rolls off more slowly than the open
back type, because of the elimination of the doublet action.

Suppose we substitute a speaker of much lower resonance, say
40 cps (Fig. 9-7B). In the same open back cabinet used before, the
output of the 40 cps speaker will suffer from the same doublet action
of the enclosure as did the higher frequency speaker, because it is the
baffle and not the loudspeaker that determines where doublet action
begins. Therefore, the low frequency output of this open system with
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the 40 cps speaker also begins to fall off at about 100 cps, despite the
fact that it has a lower resonance. However, because it has a lower
resonance, its output does not drop quite as rapidly as did that of the
100 cps speaker, as shown in the illustration. Now let this same en-
closure be sealed again at its back, providing a stiffening air cushion
at the back of the loudspeaker. Again the resonance of the loudspeaker
is raised because of this added stiffness. In the present instance, it may
go up from 40 cps to perhaps 85 cps. Note that the rise in resonance
of the low resonance speaker (from 40 to 85 cps) is much greater
proportionally than the rise in resonance of the high resonance speaker
(from 100 to 135 cps). This occurs because the same box volume
presents a comparatively stiffer cushioning effect to a loose system (40
cps resonance) than to a system thact is already comparatively tight
(100 cps resonance ), acoustically speaking.

The response of the same speaker (40 cps) in the closed box
shows a low frequency peak at a point much lower in the band than
in the open baffle, despite the fact that it has been stiffened by being
enclosed. The doublet action has been entirely removed, and the low
frequency response is now limited only by the resultant resonance of
the speaker-enclosure combination. To summarize: The closed box
raises the resonant frequency of the speaker. For a given size box the
rise in resonant frequency will be much greater for a low resonant
speaker than for a high resonant speaker. The overall performance is
a funceion of both box size and speaker characteristic resonance.

Closed Box and Infinite Baffle Systems Have Single
Resonant Peak

Despite the fact that the closed box makes possible better response
than the open baffle and also provides some “infinite” baffle action with-
out recourse to breaking through walls, it does suffer from the same
defects as true wall baffles and open baffles, but to a smaller degree.
All three types may develop a resonant condition that produces a single
note boominess. This condition is most prevalent when a low resonance
speaker is used in an enclosure of moderate size that does not stiffen
the speaker sufficiently. Invariably, boxed enclosures are thoroughly
treated internally with acoustic damping material, which materially
reduces this resonant boominess. All in all, however, the infinite baffle
does represent a means of obtaining acoustic performance decidedly
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better than that obtainable from the open baffle, particularly if a fairly
large box is used. (Note: To prevent the stiffness of the enclosure
from raising the loudspeaker’s resonant frequency by more than 10
percent, the enclosure volume should be at least 314 cubic feet for a
typical 8-inch speaker, 8% cubic feet for a typical 12-inch speaker,
and 15 cubic feet for a typical 15-inch speaker.)

Vented Enclosure Acts on Phase of Rear Wave Before 1t Emerges

One important disadvantage of the infinite baffle enclosure is the
fact that radiation from the rear of the speaker is completely lost in
the closed box. It cannot be made to do useful work because it has
no way of getting out of the box. This condition is rectified in the
“bass-reflex” (or “phase-inverter”) enclosure. This is in all respects
like the closed box, except that there is an opening, usually on the face
of the enclosure. It would be simplifying the situation considerably to
say that this opening allows the sound from the rear of the speaker
to come around to the front. True, it does just that, but not before
something important has happened to that sound. To provide an un-
derstanding of the action that takes place within the cabinet, we shall
present briefly one or two simple concepts dealing with purely acous-
tic elements.

A volume of space of roughly symmetrical proportions represents
an acoustical capacitance. If the reader refers to Fig. 9-8(A), he will
see a structural configuration that represents a box with an inlet and
an outlet. Let us now send sound into one opening. Nothing will come
out of the other opening until the box portion has been “filled up,”
because this box is directly across the “line” — this structure has
“capacitance.” It has the capacity to store the flow of sound. In Fig.
9-8(B) is a long hollow tube wound into the form of a coil. Now,
when one attempts to send sound into this “coil,” the pulsations of air
(which has actual mass) will exhibit a true inertia effect. They have
difficulty negotiating the turns of the tube because of the inertia of the
pulses, and the tube acts as an acoustic inductor. It will have the prop-
erty of preventing the flow of the sound pulsations. Even if this tube
were straightened out, it would still exhibic acoustic inductance, or
“inertance,” which would impede the passage of sound through it just
as a straight wire may exhibit a self-inductance that offers considerable
opposition to the flow of very high frequency currents. Even if the
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Fig. 9-8. Simple electrical analogies of acoustic elements in a vented
enclosure.

tube were cut into small sections, each of these small sections would
still produce the inertance effect. In fact, taking it to extremes, if a
very thin section were cut and inserted in a partitioning wall to support
it (in essence just a "hole in the wall”), it would exhibit its due
measure of inertance.

Bass-Reflex Enclosure has Tunable Acoustic Properties

Thus we come to the two basic acoustic properties that must be
dealt with in the simple bass-reflex enclosure. We have the box itself,
which has acoustic capacitance, and we have the hole (the port), which
has acoustic inertance. This combination in a single structure of both
capacitance and inductance (inertance), as shown in Fig. 9-8(C), rep-
resents a resonant circuit, the resonant frequency of which is a function
of the actual values of the capacitance and the inertance. If either of




THE ENCLOSURE TYPE BAFFLE 193

these two elements or both are made variable, the combination of the
two becomes a tunable circuit.

This is the important feature of the bass-reflex enclosure; it can
be tuned to resonate with the loudspeaker with which it is to work.
The simplest type of bass-reflex enclosure is shown in Fig. 8-1(E),
where the loudspeaker is usually mounted in the top section of the
front panel and the opening or port placed near the bottom edge of
the panel. By adjusting the port opening, the resonance of the en-
closure is altered so that it matches the natural resonance frequency of
the loudspeaker itself.

Now, why all this emphasis on resonating the enclosure to the
speaker? Simply because this gives us a direct means of matching the
enclosure to the speaker, by means of which we may greatly improve
the performance of the system over that of a closed box. The speaker
and the enclosure become a system rather than just two components
put together. Because the loudspeaker is located in intimate contact
with the interior of the bass-reflex enclosure, we may say that the
loudspeaker and the enclosure are closely coupled together. This means
that the performance of the enclosure is dependent upon the speaker,
and vice-versa.

Tuning Bass-Reflex Enclosure Converts Single Resonance to
Dual Resonance

A very interesting phenomenon occurs when two circuits of the
same resonant frequency are closely coupled together. The system no
longer exhibits a resonance at the original resonant frequency of the
individual sections. The original resonant frequency has disappeared
completely, leaving in its place two other resonant frequency points,
straddling the original as shown in Fig. 9-9. We have seen from Part 1
that at its resonant point of operation the speaker is working at its
greatest efficiency. If we now carry over this principle of maximum
efficiency at resonance points to the present situation, we see immedi-
ately that the area of high efficiency (in the low frequency region)
has been increased by the extent of the spread between the two new
resonant points. This extension of the resonance area to about an
octave above and below the original resonance point produces an addi-
tional effect upon the performance of the system. The resonance peaks
are considerably reduced in amplitude partly by the close coupling
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condition and partly by the radiation resistance. The system peaks thus
become considerably damped. Resonant boominess all but disappears
and is replaced by fairly smooth unpeaked response over a broad low
frequency area.

Phase of Rear Wave is Reversed Before it Emerges

There is one other important characteristic of bass-reflex opera-
tion that adds to its high level of performance. This is the degree to
which the rear radiation is made to do useful work. Speaking very
generally, if we can make use of this rear radiation, we have available

ORIGINAL RESONANCE OF
SPEAKER IN FREE AIR

Fig. 99. Area of bhigh

acoustic efficiency is spread

out over a broader band by

the two separated resonant

peaks of the bass-reflex
tuned system.

IMPEDANCE

FREQUENGY
RESULTANT RESONANT PEAKS
OF SYSTEM WHEN SPEAKER
AND ENCLOSURE ARE TUNED
TO THE SAME FREQUENCY
AND CLOSELY COUPLED AS IN
THE BASS REFLEX ENCLOSURE

about twice as much acoustic power. Now, this is not a matter of
simply letting the sound come out of the box, for we know that if this
sound emerges out of phase with the forward radiation, there will be
cancellation rather than reinforcement. The trick is to bring this rear
radiation out iz phase with the front radiation.

A rigorous analysis of the mesh circuit phase relation that pro-
duces this reversal is beyond the scope of this treatment. It may be said,
however, that the action of the acoustic elements of the enclosure is to
reverse the phase of the sound coming out of the port for certain fre-
quencies in the low frequency area. In a very general fashion we might
explain this action on the basis of the flow of acoustic energy from
the back of the speaker. It will be recalled that in the brief discussion
of the acoustic elements of an enclosure a volume of space was re-
ferred to as an acoustic capacitance that has to be “filled” up before it
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can pass on any energy; that it stores acoustic energy like an electrical
capacitor stores an electrical charge. So we might now come back to
our bass-reflex enclosure and carry the analogy further by saying that
the sound from the back of the speaker must fill the cavity of the en-
closure before it reaches the port. The sound from the back of the
speaker is therefore delayed enough in time before it comes out of
the port (without traversing any large baffle distance) so that when
it finally does emerge, it does so in-phase with the front-radiated sound.
This, in a very general fashion, is the "phase-inverter” action of the
bass-reflex cabinet, which makes the sound power from the back of
the diaphragm as usable as that from the front of the diaphragm for
low frequencies.

It must be realized that the phase inverting characteristic of the
bass-reflex cabinet is effective only at the low frequencies. The “inertia”
reactance of the port increases as the frequency of the air pulses is
raised, just as the inductive reactance of a coil goes up for an increas-
ing frequency of electrical current. The higher the frequency of the
sound pulses trying to emerge from the port, the more inertia is exhi-
bited by the air and the more difficult it is for these pulses to get
through the port. Therefore, for the middle and upper frequencies, the
bass-reflex enclosure reverts essentially to a closed box because all the
radiation is from the front of the speaker. As the sound goes down
in frequency, however, the port reactance also goes down. The sound
can make its way out of the port, and the enclosure radiates both from
the front of the speaker and from the port. This is the bass-reflex
principle.

Port of Bass-Reflex Enclosure Has Radiation Resistance

The sound that eventually comes out of the port would not be
radiated if the port were a pure inertance. For sound power to be
radiated, there must be an acoustic radiation resistance for the sound
pulsations to work with. We have seen from Fig. 9-1 that the radiation
resistance of a vibrating diaphragm is a function of the size of the
diaphragm and the frequency to be radiated. The pulsating air at the
port opening is in reality a “mass-less” diaphragm. Its radiation re-
sistance determines the efficiency of power transmission through the
port. If the port is too small in relation to the wavelength, there will
be low radiation resistance and low power output for the low frequencies.
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ume, and port area for a bass-reflex enclosure.

Designing the Bass-Reflex Enclosure

For this reason, best performance of the bass-reflex system is ob-
tained when the port area is between three-quarters and one times the
actual effective area of the loudspeaker diaphragm. (This effective
area is mr2, where 7 is the radius of the piston equivalent to the speaker
cone at low frequencies.) Thus, if an enclosure is to be made for an
8-inch speaker, one should provide a port opening of from 28 to 38
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square inches; for a 12-inch speaker, the port opening should be from
60 0 80 square inches; and for a 15-inch speaker, the port opening
should be from 95 to 130 square inches.!

Once this port size has been chosen, the enclosure volume will
be determined, for the two go hand in hand with the resonance of the
speaker. Figure 9-10 is a chart for selecting the proper enclosure size
for a speaker of a given resonance. This chart is made up for two con-
ditions; in one the port size is equal to three-quarters the effective
diaphragm area, and in the other the port size is equal to the effective
diaphragm area. In the case of the larger port area (equal to the total
active diaphragm area) the enclosure will necessarily be larger, but
improved low frequency performance will result.

In order to use this chart, it is of course necessary to know the
resonant frequency of the loudspeaker. If this information is not avail-
able from the manufacturer of the loudspeaker or if one wants to de-

Fig. 9-11. Apparatus for 100 OHMS
determining the resonant Ca
AUDIO
frequency of a loudspeaker. ST
At the resonant frequency
. o
the wvoltmeter will read _
maximum VOLTMETER VO CERGOIL
aximum. TERMINALS

termine the exact resonant frequency for himself, the procedure is not
too complicated. It is necessary, however, to have at one’s disposal
some elementary test equipment, such as a properly calibrated audio
oscillator and a simple a-c voltmeter, in addition to a resistor of about
100 ohms. (This value is not at all critical.) Figure 9-11 shows how
these elements are connected in order to find the resonance frequency
of the unmounted speaker. As the audio oscillator is slowly swept
through the low frequency end of the audio spectrum, it passes through
the resonance frequency of the loudspeaker. The voltmeter, which is
connected directly across the voice coil terminals, will show a definite
rise in voltage at this frequency. The point at which the maximum
reading of the voltmeter is obtained in the low frequency area is the
resonant frequency of the loudspeaker. (Note: In the above procedure

'Refer to Fig. 12-6 for discussion of effective piston area.
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do not place the speaker face down on a table or bench as its resonance
will be completely damped out. The cone should point into free space
as much as possible.)

Once this resonant frequency has been determined, and it has been
decided whether the larger port area (for optimum port performance)
or the smaller port size (to reduce the volume of the enclosure in
general), will be chosen, the actual volume of the enclosure may be
selected from the chart. In any event, it is desirable to make the port
somewhat larger than necessary so that it may subsequently be tuned
to the exact resonance where precision is desired.

Note that the chart gives the interior volume of the enclosure.
For exact results, this volume should be increased by the space occupied
by the loudspeaker itself, the internal bracing, and the sound absorp-
tion material used. Typical approximate volumes displaced by loud-
speakers are 250 cubic inches for an 8-inch speaker, 650 cubic inches
for a 12-inch speaker, and 1400 cubic inches for a 15-inch speaker.
The volume occupied by the internal sound absorption material should
be calculated from the area covered and the thickness of the material
when held temporarily tightly compressed.

Tuning the Bass-Reflex Enclosure

This tuning of the finished system may be accomplished by closing
off a portion of the opening with a movable panel of wood until the
system is exactly tuned. Critical tuning may be accomplished by using
the same equipment as before, but progressing in a somewhat more
detailed fashion, as follows. Start with the port in its most open con-
dition. Sweep the oscillator over the low frequency area of the spec-
trum very slowly, noting the frequencies at which the voltmeter con-
nected across the voice coil shows a voltage rise. Two peaks of resonance
will usually be found, one higher in frequency than the original re-
sonant frequency of the unmounted speaker, and the other lower.
However, the amplitude of these peaks will not necessarily be equal,
nor will the peaks straddle the original resonance equally on either
side, unless the enclosure should happen to be properly adjusted. Cos-
rect tuning exists when the two resonance peaks are of equal amplitude
as shown by the voltmeter readings and when these peaks are equally
displaced from the free air resonance. It will also be observed that
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when these two peaks are balanced in amplitude, their common ampli-
tude is considerably smaller than the original free air resonance peak
voltage. This is an indication of the damping effect on the speaker of
the closely coupled, properly tuned bass-reflex enclosure. The volt-
meter reading is actually a measure of the excursion of the diaphragm
of the loudspeaker.

Figure 9-12 shows a set of experimentally determined tuning
curves for a bass-reflex enclosure for various conditions of port open-
ing. Note how the amplitudes of the two peaks tend to equalize and
how their frequencies shift upward as the port is opened and the correct
adjustment is approached.

Although proper tuning of the system may be made by the methods
described above and considerable damping accomplished, use of this
procedure does not necessarily mean that optimum damping has been
accomplished. Optimum damping in the combined speaker enclosure
system occurs when the Q of the system is equal to unity. This means
that the ratio of resistance in the circuit to inductive reactance is unity.
It will be realized that since we have not as yet made any resistive
compensations in the above system, we have obviously neglected to
examine the damping factor critically. Fortunately, it is not at all
difficult to make the necessary adjustments to the Q of the system to
ensure that no transient “ringing” or “hangover” remain in the system.
We have seen in Part 1 that ringing in the speaker system is the con-
dition in which the speaker overshoots and continues to oscillate for
a short period of time after a single pulse has been applied to it. Hang-
over is the tendency of the speaker to continue to vibrate around its
equilibrium no-signal position after the pulse has been removed. In
order to make the necessary adjustment to eliminate these undesirable
effects from the enclosure system, all the constructor needs is a fresh
flashlight battery and some silk cloth of the thickness and weave of
ordinary handkerchief material.

When tightly stretched across an opening through which sound
is to flow, like the port, a layer of such cloth exhibits an acoustic re-
sistance. The many small holes in the cloth and the fibrous filaments
of the material over the opening provide a resistive block to the sound
waves. This works only when the cloth is tightly stretched. When it
is not, it may try to vibrate under the influence of the sound. If this
happens, the cloth acts like a membrane and adds inductance to the
circuit as well as resistance.
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The number of layers of resistive cloth to be stretched over the
port is determined by the following test. Connect one side of the dry
cell to one of the voice coil terminals, then make provisions so that
the other terminal of the loudspeaker may be readily connected and
disconnected from the battery. Since the dry cell has a constant d-c
voltage, the application of this fixed voltage to the loudspeaker will
constitute a “unit pulse,” for once it is applied to the speaker, it per-
sists unchanged until it is removed. As the battery connection of the
loudspeaker is completed, the loudspeaker will make a sound that can
best be described as a “bong” (if the system is not properly damped).
When the battery is disconnected, the loudspeaker will make a similar
sound. The “bong” represents a ringing condition of the loudspeaker,
brought about by the application of a non-ringing unit pulse. The
objective of this test is to reduce the sound of the "bong” to that of a
“click,” for the click is truly representative of a steady pulse signal. If
the “"bong” continues, additional layers of cloth should be applied to
the port opening, one at a time, until the "bong” has been reduced to
a “click” When this condition has barely been reached, the system
is critically damped.

Application of more material than necessary does not constitute
adding more of a “good thing.” Too much damping material will
overdamp the system, causing it to operate inefficiently.

In converting the “"bong” to a “click,” it is important to make sure
that the conversion is complete on the breaking of the battery circuit
as well as the making, for often the “make” portion of the test will
arrive at the click condition before the “break.” One should not stop,
therefore, when the click is heard on the completion of the circuit; he
should continue with the damping procedure until the click is also
barely heard on the breaking of the circuit. When this damping opera-
tion is successfully completed, not only will the system be tuned prop-
erly for optimum smooth low frequency response, but it will also be
free of undesired transient generation. This damping material in the
port circuit should not be confused with damping material used to
line the interior of the enclosure. The port damping material is used
primarily to provide the proper resistive component in the radiating
“circuit” so that the correct ratio of resistance to reactance in this cir-
cuit may be obtained. The damping material on the inside of the
enclosure is used to prevent standing waves within the enclosure (which
would cause the enclosure to deviate from true bass-reflex action in the
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Fig. 9-13. Reduction in size of enclosure that may be realized through
use of a duct, which creates a larger port inertance, permitting smaller
cavity capacitance.

low frequency end) and to minimize mid-frequency irregularities. These
matters will be discussed in Chap. 14.

Enclosure Volume May be Reduced by Venting With a Duct

In developing the concept of acoustic inertance for purposes of
explaining the action of the bass-reflex enclosure, mention was made
of the inertance effect of a long tube. In the development of the bass-
reflex enclosure, we reduced this tubular inertance in size so that it
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became a mere hole in a partition. This explanation was given purely
for illustrative purposes, since most of today’s bass-reflex enclosures
are constructed with only an opening as a port (for ease in construction,
especially by the home hobbyist). It is possible, however, to use a tube
or a duct advantageously as the inertance element of the bass-reflex en-
closure with beneficial results. The duct, as shown in Fig. 9-13(A),
will exhibit considerably more inertance than the port of the same
cross sectional dimensions. Because of this increased inertance, the
volume of the cabinet may be reduced to get the same resonance fre-
quency condition. The chare in Fig. 9-13(B) graphically indicates the
reduction in size of the cabinet that may be realized for ducts of various
sizes. Thus, where construction costs or problems are not considered
of importance and reduced size of enclosure is, the ductal vent en-
closure shown will prove beneficial. The length of the duct need not
be more than necessary to reduce the cabinet volume to its minimum
as shown by the graph. In fact, a length about one-half or three-quarters
of that indicated by the graph will be perfectly acceptable, because the
longer duct takes up more space in the enclosure, and that space must
be made up in other dimensions. It is wise, therefore, to use a duct
that is moderately short, but of sufficient length to bring the cabinet
volume down to the desired size.

Bass-Reflex Enclosure is Flexible and Adaptable to
Many Speaker Types

The bass-reflex enclosure enjoys a wide popularity because of the
relative ease with which it may be constructed, its adaptability to a
wide variety of speaker types, and the ease with which adjustments
may be made to make it a matched system with the speaker. Because
of the fact that in this enclosure the speaker faces directly out from
the enclosure into the listening area, any type of speaker may be used.
A speaker (such as a coaxial or triaxial unit) that must face directly
toward the listener must be used with a direct radiator type of enclosure
(such as the bass-reflex) in which there is free forward radiation.

Yet the bass-reflex enclosure is not limited to such speakers. If
a multispeaker system is desired with separate woofer, midrange, and
tweeter units, the woofer may be mounted in the bass-reflex system
and the other components in a small auxiliary cabinet on top or on the
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front face of the enclosure, without in any way upsetting the perform-
ance of the bass-reflex system.

Because of the adaptability of this type of enclosure to single wide
range speakers or two or three-way multispeaker systems, it lends itself
admirably to the program of progressive speaker expansion described
in Part 1. One may use the cabinet to house his single wide range
speaker for general purpose reproduction, and then (by the addition
of the proper crossover network and midrange and tweeter units)
convert the system in the same cabinet to a multi-speaker system, still
utilizing the original wide range speaker, converted by the network
to function as a woofer.




cuarter 10: Horn Type Enclosures

Historical Note

The horn is perhaps the oldest type of baffle in the art of acoustic
reproduction. Edison’s early phonograph had a short conical horn to
“amplify” the sound coming from the mechanically energized dia-
phragm. Later versions of this instrument sprouted the “morning glory”
type of horn; and just before the advent of the electro-acoustic repro-
ducer the console-type acoustic phonographs so well known in the
living room and parlor of the 1920's boasted well-designed folded horns
for “concert-hall reproduction.” This type of horn gave good repro-
duction for the recorded material with which it had to work, and for
the acoustic “tone box” feeding it.

When the day of electro-acoustic reproduction dawned upon us,
it was only natural that the horn be used again. The most remembered
types were offshoots of the “morning glory” variety, coupled to a large
heavy driver unit on the table beside the radio. These driver units
were actually overgrown models of telephone receivers. In fact, the
unit was commonly referred to as a “loud speaking telephone.” From
that derivation we were left with the term “loudspeaker” for any de-
vice that makes sound loud enough so that the reproducer does not
have to be held up to the ear for the sound to be heard. Despite the
fact that the horn is of ancient vintage, it is a highly efficient device,
acoustically speaking. With the modern studies that have been made
of horn theory and design and the improvements in their driver units,
the acoustic horn has taken a firm foothold in the high fidelity art.

205
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Horn Provides High Acoustic Efficiency

The acoustic horn is an acoustic transformer, not an amplifier,
despite the fact that a source of sound appears louder when a horn is
applied to it. The reason for the increase in sound output from a driver
when it is coupled to a horn is that the horn, through its transformer
action, creates a better impedance match between the driver and the

MOUTH

SIMPLIFIED
DIAPHRAGM

EXPANDING WAVE
REDUCES PRESSURE

PRESSURE =
SouND FROM THE TRANSFORMED = X
SQUEEZED INTO LOW PRESSURE

THROAT AREA
PRODUCING HIGH
PRESSURE AT
THROAT

Fig. 10-1. Simplified born structure illustrating transformation of high
pressure at throat to low pressure at mouth.

air. With improved impedance matching of the driver unit to the air
comes improved power output and efficiency of operation.

Horns may take many shapes, but they have one characteristic
in common. They expand from a narrow opening called the throat
to a larger opening called the mouth. (See Fig. 10-1.) The intervening
space is called the “air column.” When the horn is coupled to a driver
unit at its throat, all the sound from the driver unit must travel into
the throat area. This means that if the diaphragm of the driver unit
located at the throat of the horn is five times larger than the area of
the throat, the sound coming from the surface of the diaphragm must
be compressed in a five-to-one ratio. As a result, the sound pressure
at the throat of the horn is high.

As the sound wave progresses along the horn toward the mouth,
it finds its confining walls continually expanding. This allows the high
pressure wave to spread out over a larger and larger surface. As it
spreads out, the pressure per unit area decreases. Finally, at the mouth
of the horn, the sound wave breaks away from the mouth of the horn
and is propagated into space. Thus the horn has acted as a transformer;
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it has changed the acoustic flow of energy from a high pressure condi-
tion at the throat to a low pressure condition at the mouth.

Horn Couples High Throat Impedance to Low Mouth Impedance

This stacement should now be interpreted in terms of impedance
because it is the impedance into which something works that deter-
mines the power that is developed. We know that in electrical trans-
mission systems or electrical coupling systems carrying a given power.

HIGH SIGNAL VOLTAGE
{LOW CURRENT) ACROSS
HIGH PLATE
IMPEDANCE

LOW SIGNAL VOLTAGE
(HIGH CURRENT) ACROSS
LOW LOUDSPEAKER

{MPEDANCE
\ +
IS TRANSFORMED TO
BUT, POWER ACROSS — POWER ACROSS
HIGH IMPEDANCE LOW IMPEDANCE

THUS, IN THE HORN -

R PRESSURE LOWER SOUND PRESSURE
ACROSS LOWER

i AIR COLUMN IMPEDANCE

HIGH
IMPEDANCE

Mg

Fig. 10-2. Analogy showing the impedance transformation function of
a horn.

if we have high voltage at one portion of the circuit and low voltage
at another the bigh voltage exists across the high impedance portion
of the circuit and the low voltage appears across the low impedance
portion. Take for example the output transformer in Fig. 10-2. The
primary side of the transformer, which is connected to the high signal
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output plate voltage (at low current) is of high impedance, while the
secondary, which connects to the loudspeaker, is of low impedance,
across which there is low signal voltage (at high current).

Sound pressure is analogous to voltage. Voltage drives the current
through the circuit; sound pressure imparts the “volume velocity” to
the sound wave. Thus, in an acoustic transformer, high sound pressure
exists across high acoustic impedance, and low sound pressure exists
across low acoustic impedance. What happens in the acoustic horn is
that the gradually tapering column of air is a means of matching the
relatively low loading impedance of the nebulous outside air to the
relatively high mechanical impedance of the comparatively massive
vibrating piston. When this impedance match is properly made, the
combined driver and horn system may operate at considerably higher
efficiency.

Putting it in simple terms, the direct radiator type of loudspeaker
used in a simple baffle must “grab hold” of the entire air merely through
the air with which the surface of the diaphragm itself comes in direct
contact. Because the diaphragm size is always relatively small com-
pared to “all the air,” the impedance match is a poor one and the effi-
ciency of the direct radiator system is correspondingly low. In the case
of the horn, however, the diaphragm is allowed to contact a “surface”
of air much larger than its own area by means of the much larger horn
mouth, which is déirectly coupled to the diaphragm through the horn.
The larger the mouth of the hotn, the better the impedance match
between “all the air” and the diaphragm, and the more efficiently the
diaphragm can grab hold of the air. As a consequence, the horn system
has high efficiency, somewhat in the order of 40 to 50 percent, whereas
direct radiator efficiency is in the order of 10 percent or less.

The mouth of the horn may be considered to be an actual vibrat-
ing piston by itself. If reference is made to Fig. 9-1, it will readily be
seen that by making the mouth of the horn large for a given low fre-
quency a much larger radiation resistance may be presented to the
relatively small diaphragm driving the large mouthed horn. This is
illustrated in Fig. 10-3.

High System Efficiency Reflects Itself in Cleaner Reproduction

Because of the high order of efficiency of the horn-loaded system,
it is possible to obtain much more linear low frequency response than
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with a direct radiator system driven to produce the same amount of
acoustic output. The power output of a vibrating diaphragm is a func-
tion of the size of the diaphragm and its displacement. The more the
diaphragm moves away from its equilibrium position, the more air
it is pulsing, and the higher the acoustic output. Thus, if two identical
diaphragms were installed, one in a horn and the other in a direct
radiator enclosure, the latter diaphragm would have to vibrate much
more violently than the one in the horn system to produce the same

MOUTH

MOUTH OF HORN WHICH HAS
LARGE RADIATION RESISTANCE
BECAUSE OF ITS SIZE

SMALL DIAPHRAGM WITH
LOW RADIATION RESISTANCE,
THROUGH IMPEDANCE TRANS-
FORMATION OF HORN, SEES

Fig. 10-3. Small diaphragm is better match to "all the air’ through
the born as an impedance transformer.

amount of acoustic power output. When a diaphragm vibrates too
energetically, it may leave the linear portion of the magnetic field in
which its voice coil is balanced, with the result that it will move into
areas of magnetic nonlinearity for heavy signals, resulting in distortion.
Also, large excursion of the diaphragm may cause the diaphragm to
pull the centering spider out beyond its elastic limits and cause further
nonlinear distortion of the waveform. It should, of course, be realized
that we are here painting a rather dark picture of the direct radiator
system as compared to the horn system. Actually, these deleterious
effects appear only when very large audio outputs are demanded from
the relatively inefficient direct radiator system. Hence, in large audi-
toriums and theaters, where high sound power with minimum distor-
tion is required, we invariably find horn loaded systems.

Shape of Horn is Determined by Frequency Range Reproduced

The shape of the horn is all important in determining the function
and efficiency of the horn. There are horns for low frequency repro-
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duction and horns for high frequency reproduction, and their designs
are radically different. Horns for high frequency work, in addition to
being small in size, have many forms of compensation built into them
for better wide angle dispersion of the high frequencies. Horns for
low frequency reproduction are not affected by dispersion problems,
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Fig. 10-4. A comparison
of the rates of expansion
HYPERBOLIC EXpanDs ©f byperbolic, exponential,
SLOWEST and conical borns all bav-
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off frequency.

EXPONENTIAL EXPANDS
IN BETWEEN

CONICAL EXPANDS
FASTEST

SHADED AREAS INDICATE CROSS~-
SECTIONAL AREAS OF THE HORNS
AT SEVERAL PLANES

because low frequencies spread out rather evenly without any auxiliary
devices. Secondly, low frequency horns are usually large and massive,
high frequency horns small and compact. The difference in their rela-
tive sizes is not simply an arbitrary matter. Horn design must employ
precise, mathematically determined expansion rates for proper per-
formance in the desired frequency band.

Horns are essentially high-pass filters. They pass a band of fre-
quencies above the cutoff frequency. Once this theoretical cutoff fre-
quency has been chosen, the development of the horn is a straight-
forward geometrical layout. Horns may flare out rapidly or they may
flare out slowly. The rate at which they “grow” is determined by the
family of horns to which they belong, and by the low frequency cutoff
desired from the horn.
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There are several types of horn in use as acoustic reproducing
elements. However, despite the fact that they are all high-pass filters,
they do not necessarily follow the same laws of geometric expansion
(even though they may all have the same theoretical cutoff frequency).
The two most prevalent types are the “exponential” and the “hyper-
bolic” (actually, hyperbolic exponential or “Hypex”). These terms are
the more popular designations for them; actually, the mathematician
will readily recognize that exponential and hyperbolic devices belong
to the same family of curves.

For the layman, however, the two general classifications noted
specifically refer to two types of horns, which expand to different de-
grees for the same cutoff frequencies. The fact that two different types
of horn accomplish the same end result, as far as pass characteristics
are concerned, leads to the conclusion that the differences in operation
are not a matter of frequency. Before we discuss these differences in
opration, let us examine the manner in which they differ geometrically.

Comparison of Conical, Exponential, and Hyperbolic Horns

Figure 10-4 illustrates the manner in which the cross-sectional area
of the exponential and hyperbolic horns differ for a given increase in
the length of the horn, where both horns have the same cutoff frequency.
Along with these is shown another horn, the conical, which will come
into later discussions of the characteristics of these horns. From this
figure it will be observed that, for a given length of horn up to the
point where the mouths of the three horns are all equal, the hyperbolic
horn expands at the slowest rate, the exponential at a faster rate, and
the conical at the most rapid rate. This matter has significance in rela-
tion to the level of reproduction at the area very near the theoretical
cutoff point, and to the distortions to be expected from various types
of horn as well as the amount of space taken up by them.

Figure 10-5 illustrates the acoustic radiation resistance of these
three types. It will be noted that the horn with the slowest rise in
radiation resistance in the pass band (which also means poorest low
frequency response) is the conical. Next comes the exponential, which
rises quite sharply and attains the maximum value quite soon. Last is
the hyperbolic, which rises immediately at the cutoff frequency to a
value of radiation resistance above the optimum and then drops down
to the optimum at the same frequency as the exponential type. It is
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apparent from these curves of radiation resistance that the hyperbolic
horn would be the best reproducer of low frequencies close to the cutoff
point, the exponential second best, and the conical last. For this reason,
the conical is never used as an acoustic reproducing device, except in
the form of a simple handheld megaphone, which may be made cheaply
by simply rolling up a piece of heavy fibreboard.

What then determines which of the two remaining horns — the
hyperbolic or the exponential — is to be used? The fact that they are
both used is evidence that there is an honest difference of opinion about

HYPERBOLIC (SLOW THROAT EXPANSION)

Fig. 10-5. Relative acous-
tic radiation resistance of
conical, exponential, and
byperbolic horns, indicating
that the rise of the radia-
tion resistance of the horn
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EXPANSION)  y0e 4t which the throat
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the two. Let us examine a seldom appreciated fact concerning horns.
Alchough it is true that with horn loading a system may be designed to
give low overall distortion because of the higher efficiency of the sys-
tem (which in turn allows the energizing diaphragm to move much
more conservatively), there is distortion introduced by the horn itself.
The horn, because of the manner in which it functions, introduces dis-
tortions of its own, depending upon the degree of constriction over
the narrow firse part of the horn, and the sound pressures that are being
forced through this narrow section.

Horns Introduce Distortion at High Pressure Throat Sections

Nonlinear distortion is produced in this first constricted section
of the horn because of the unequal expansion and compression of a gas
(air) volume for a given change in pressure. A simple analogy illus-
trating this principle is shown in Fig. 10-6. Here we have shown a
simple piston type of air pump, similar to the automobile tire pump
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once included as standard equipment with every car. In section (A)
of the illustration, the piston is shown near the top of the pump cylinder
with the air inside the pump near atmospheric pressure. Now let us
move the piston back and forth just a very slight amount. Under these
conditions the amount of compression of the air within the pump will
be small, and lictle resistance to the in-and-out motion of the piston
over this small distance of travel will be presented to the piston by
the slightly compressed gas. Now, however, let us move the piston way
down, severely compressing the air to a small proportion of its original
volume. It will then become progressively harder and harder to push
the piston down because of the high internal pressure of the compressed

LINEAR NON LINEAR
MOTION MOTION
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WHEN CHAMBER 1S UNDER WHEN CHAMBER 1S UNDER
LOW PRESSURE IT IS JUST AS HEAVY COMPRESSION, IT i
EASY TO MOVE THE PISTON EASIER TO PULL PLUNGER
DOWN AS UP UP THAN IT IS TO PUSH
IT DOWN

Fig. 10-6. An analogy indicating the non-linearity of piston motion when
piston works against a bigh pressure on one side and a low pressure on
the other.

air pushing back on it. On the other hand, it will be relatively easy to
pull the piston back #p because of the comparative absence of pressure
on the outside of the piston. Thus there is nonlinearity of motion of
the piston in opposite directions for equal applied forces in those
directions. It is obvious that the smaller the cavity into which the
piston works, the faster will the pressure in that cavity increase for a
given motion of the piston, and the greater will be the resultant non-
linearity of motion of the piston.
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Now how does this apply to the horn loudspeaker? Examination
of the method in which the horns expand (Fig. 10-4) will show that
the horn with the largest volume (hence lowest pressure) near the
piston location is the conical. The horn with the smallest volume
(hence highest pressure) in the throat section is the hyperbolic. Be-
tween these two excremes is the exponential. It would be expected
that the conical horn would exhibit the least distortion due to built-up
pressure, the hyperbolic the most distortion, and the exponential a
degree of distortion between the two. It must be noted, of course, that
this is distortion contributed solely by the horn itself and not by the
driver unit.

One must, therefore, make a compromise between horns on the
basis of their response #nd their distortions. These air nonlinear dis-
tortions become larger with greater pressure in the constricted areas.
Thus we may generalize as follows: the tighter the throat section and
the higher the pressure in this throat section, the higher will be the
resultant horn distortion. Hence, if a horn system is to be working at
low level with equivalent low internal horn pressures, we may utilize
the tighter horn, the hyperbolic, to get the most efficiency at the low
end of the pass band with small horn distortion. If, however, heavy
momentary bursts of high level sound (high power) are fed to the
hotn, the distortion for these bursts will be higher.

Now let us consider the exponential horn under the same condi-
tions. If the system is working at low level, it may not have quite the
extreme low end efficiency of the hyperbolic, but its outpur will have
lower distortion. Sudden bursts of low frequency power will be repro-
duced with considerably less distortion than in the case of the hyperbolic
horn. In view of the fact that horns in general are high efficiency units,
and that considerable acoustic power is developed within them, it seems
that some slight loss of the very extreme lows may be accepted at the
advantage of lower overall horn-induced distortion. Consequently, the
exponential horn is a happy compromise between efficiency and dis-
torcion. However, where distortion is not the determining factor, and
considerable low frequency output is demanded from the system, the
hyperbolic horn may be used.

In view of the fact that the hyperbolic horn throat section is under
greater compression than the exponential type, it becomes necessary that
much greater accuracies be adhered to in its construction.
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Horns are Aided by Room Corner Placement

There are differences in woofer horns other than the manner in
which they expand. There are specific advantages to the placement of
an enclosure in the corner of a room. Corner operation is especially
beneficial if the enclosure is of the horn type. Consequently, there are
cornet horns designed to work specifically and only in corners, such as
the Klipschorn and the Lee Catenoid horn. These structures are actually
folded horns built so that the outer side walls of the horn are the walls
of the room. The horn intended only for corner use is not a complete
horn when removed from its shipping carton. The side pieces appear
to be missing. Actually, the horn is incomplete as received, but not as
used. In operation, the unit is placed in the corner of the room so
that the walls of the room act as the side panels of the unit, thus
completing the horn. In the “cornerless” corner horn, as typified in
the University “"Dean,” the unit as unpacked is a complete horn, all
side panels being a permanent part of the structure. Thus, even when
placed in the center of a wall, the unit acts as a complete horn without
the benefit of corner loading. Naturally, when put into the corner,
this horn is still complete in itself, but in addition it uses the radiation
characteristics of the corner to enhance the low frequency reproduction.

Another difference between the corner-dependent and self-con-
tained horns is that the corner-dependent variety consists of two air
columns folded side by side, finally terminating in two mouths lying
along the wall areas, while the self-contained type is a single folded
air column that terminates in one mouth coupling to the floor and the
walls. This matter of coupling to the walls of the room is important
in connection with room acoustics. The manner in which these horns
work in conjunction with the room will be treated in Part 3.

Horn Design Data

Although the exact relationships by which the actual expansion
rates for these various types of horn may be found are beyond the scope
of this treatment of the subject, it is easy enough to present design data
in tabulated form to guide the man who desires to build his own woofer,
horn. The table in Fig. 10-7, which will be discussed in more detail
shortly, gives the percentage increase in cross-sectional area per unit
length for a given cutoff frequency for the exponential horn, and the
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suggested minimum mouth dimensions for that frequency. It is sug-
gested that the home constructor apply his skill to the type of horn
that is easiest to build — the single-air-column folded horn terminating
in a single mouth. Construction details for this type of horn are given
in the appendix.

Low Frequency Horns Expand Slowly, are Long, and Have
Large Mouths

It will be observed from Fig. 10-7 that the lower frequency horns
“grow” at a much slower rate than the higher frequency horns. A
simple physical explanation may be given for this condition to provide
a basis for the understanding of what goes on within the horn structure.

In a very general sense, we may consider the horn somewhat as a
guide for the development of the acoustic wave. With this waveguide
concept in mind, let us start with an extreme horn such as that shown
in Fig. 10-8(A), which has such a sudden “flare” that it is almost a
flac baffle with a hole in the center rather than a horn. Perhaps it may
seem surprising to find this structure being called a horn. It may be
considered to be just that — a horn with an exceedingly rapid rate
of expansion — it grows so fast it virtually flactens out before it has
had a chance to go anywhere. It may be parenthetically pointed out
that this apparent indecision as to whether to call this a baffle or a horn
is really no indecision at all. We must recognize the fact that a horn
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Fig. 10-7A. Response of exponential horn.
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(A)

“VERY FAST"” EXPANDING
HORN 1S ESSENTIALLY A FLAT
BAFFLE AND WILL NOT ACT

AS A WAVE FORMING GUIDE,

BUT WILL ALLOW IMMEDIATE
HEMISPHERICAL SOUND FIELD
TO BE SET UP

(8)

IF THE HORN 1S TOO SHORT
FOR THE WAVELENGTH, ONE
SOUND PULSE LEAVES HORN
BEFORE NEXT PULSE GETS
STARTED. FIRST PULSE DIF-
FRACTS BACK AROUND HORN
MOUTH AND FALLS BACK INTO

HORN. FOR THIS FREQUENCY
(WHERE HORN IS SHORT AND
MOUTH IS SMALL) HORN
DOES NOT RADIATE

WHEN HORN IS LONG AND
MOUTH LARGE COMPARED TO
WAVELENGTH MANY PULSES
ARE FORMED WITHIN THE
HORN. PULSE AT MOUTH GETS
URGED ON FORWARD BY
NEXT PULSE AT ITS BACK. NO
DIFFRACTION BACK INTO
HORN TAKES PLACE. HORN
RADIATES EFFICIENTLY

Fig. 10-8. The radiating efficiency of a horn depends upon its length
and mouth diameter as compared to the wavelength of the sound.

is a baffle. Once this fact is accepted, much confusion concerning baffles
and enclosures will be eliminated.

However, let us get back to our suddenly expanding “flat” horn.
How will this flac horn perform as a guide for acoustic energy? Obvi-
ously, it is no guide at all. As soon as the wavefront of acoustic energy
is thrown off from the diaphragm, it will immediately tend to spread
out from the hole (throat) area in a hemispherical pattern that will,
generally speaking, be sharpened as the frequency goes up.

Now let us close the horn down so that it looks more like a horn,
by reducing its rate of flare (Fig. 10-8B). In this case, as soon as the
wavefront leaves the diaphragm and is developed at the throat of this
less rapidly expanding horn, it tends to travel down whatever length
of horn has been presented to it. If the wavelength of this sound is
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such that before the next wavefront from the diaphragm reaches the
throat of the horn the first pulse has found its freedom on the outside
of the horn, this first pulse will begin to diffract back around the edges
of the horn and “fall back” into the horn. For this frequency then,
the horn does not exist. But now, without changing the horn, let us
increase the frequency of the sound. Again, the first pulse will start
traveling down the horn as shown in Fig. 10-8(C). Now if the fre-
quency is made high enough, a second wavefront pulse will come into
the horn before the first has had a chance to get out of its way. There
may thus be two (or more) pulses within this same horn for this
higher frequency before a pulse reaches the mouth of the horn. The
forward pulse will then be forced outward, as it were, by the succeeding
pulses (which prevent it from falling back into the horn). A wave-
guide action has been set up within the horn for this frequency. Thus
for this particular horn, with an arbitrary rate of flare, the higher fre-
quencies see the structure as a horn, but low frequencies do not. This
is the high-pass filter action of the horn.

Since low frequencies are longer in wavelength, for reasonable
waveguide action to be set up within the horn it must be comparatively
long, and must expand slowly so that the pulse train may be set up
before the horn mouth is reached. Thus low frequency horns are long,
and flare slowly, while high frequency horns are short, and flare rapidly.
There is one other important requirement of horns in respect to the
frequencies they pass. For a circular horn, the mouth diameter must
be at least one-third the wavelength of the sound to be transmitted
from the horn. This is predictated upon the circumference of the horn
being a full wavelength. Regardless of whether the taper is mathe-
matically correct for a particular frequency, if the mouth is too small,
that frequency will not be transmitted properly. Thus in low frequency
horns we find large mouths, and in high frequency horns we find small
mouth. If we think in terms of the horn allowing a set of pulses to be
developed, we will see that a quickly flaring short horn with small
mouth will transmit only higher frequencies, while a slowly flaring
long horn with a large mouth will pass lower frequencies. The exact
frequency where the transition between pass and no-pass occurs is the
theoretical cutoff point of the horn.

In choosing a horn for a particular application, attention must be
given to the chosen cutoff frequency. It must be remembered that
every horn has its design cutoff frequency. However, the horn is not
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Fig. 10-9. Relative throat impedances of finite horns compared with a

perfect (infinite) born. As the mouth gets smaller; the radiation resistance

becomes increasingly more irregular but with some response peaks above
that of the perfect horn.

usable down to this frequency, because the output of the horn drops
rapidly as the theoretical cutoff point is approached, as has already been
shown in Fig. 10-7.

Thus far we have discussed the general differences in shapes of
horns in terms of flare, length, and mouth size, and have seen that the
low frequency horn is long, with a slow flare and a relatively large
mouth compatible in dimension with the wavelength of the low fre-
quency sound. On the other hand, the high frequency horn is short,
with a fast flare and a relatively small mouth, also compatible with
the transmitted wavelength. There is now the question of the disper-
sion characteristics that may be expected from different types of horns.
This we know to be an important question inasmuch as the proper
dispersion of a4ll the frequencies throughout the listening room is of
vital importance to optimum high fidelity listening.

Low Frequencies are Easily Dispersed

Fortunately, the problem of dispersion of low frequencies is not
one that causes us much concern. Low frequencies readily diffract
around obstacles and go around corners with relative ease. This means
that once a sound wave of low frequency leaves the horn, it spreads
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out rather evenly. This ease in diffraction for low frequencies also
means that the long horn, which is necessary for low frequency repro-
duction, may be folded, bent, or "reflexed” to reduce the overall size
of the structure without affecting the low frequency response. The
structures in Figs. 8-2, 8-5, and 8-6 illustrate the degree of bending
that may be utilized in low frequency horns.

In the design of low frequency horns, we are somewhat bound
by the size of the enclosure. It would be relatively simple to construct
a good low frequency horn that would have smoothly uniform level
of low frequency reproduction if we could make the horn as long and
as big as necessary. The designer or builder of the cabinet for home
use must, however, make some compromises. We have seen that the
theoretical low end cutoff of the horn is determined by the rate of
flare of the horn in conjunction with the mouth diameter. Once the
flare rate has been chosen, and the mouth and throat sizes postulated,
the length of the horn automatically falls in place. Inasmuch as we
could not make a horn perfect in all respects for a given real low fre-
quency because of the monstrous proportions it would attain, let us
briefly examine these parameters of flare rate, length, mouth diameter,
and throat diameter to see where we may compromise in size and still
get reasonably good low frequency performance.

Comparison Between “Perfect” Horn and Finite Horn

Figure 10-9 shows a set of curves depicting the throat radiation
resistance (which is a measure of the power developed) of a horn with
a taper designed to cut off at 50 cps. The solid line is indicative of a
petfect horn; that is, one of infinite length and consequently of infinite
mouth size. The pass characteristic of this horn is perfectly smooth.
Note that at 50 cps the radiation resistance is zero. This means that
at the design cutoff frequency, the horn will not radiate any energy.

Superimposed over this theoretically perfect curve are two other
curves of horns that have the same theoretical taper, but which have
some reasonably finite mouth size. Note that as the mouth size grows
smaller, and the length correspondingly shorter, the response curve of
the horn becomes more irregular. However, it is important to realize
that despite the increasing irregularities of the smaller horns, they have
the same zero output at the theoretical cutoff frequency.

Now let us see what these irregularities actually mean in per-
formance. Obviously, we would not want to operate even the perfect
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horn down to its cutoff point, because at sbat point we would get no
output. It is not desirable to operate the horn below the frequency at
which its output drops below a level fairly comparable in listening
efficiency to the main body of the response. If we accept the proposi-
tion that a drop of 3 db from full level response to the low frequency
limic of response is acceptable, this will put us at point “P” on the
theoretical curve of performance, which represents a throat resistance
of one-half normal. We will now use this frequency as a point of ref-
erence and compare the two curves of the usable finite horns with
the perfect curve of response.

It will be seen that, while the two irregular curves in general
oscillate above and below the reference curve, there are greater varia-
tions in the curve for the horn with the smaller mouth. This means that
a variety of horns may be built, all with the same theoretical low fre-
quency cutoff, and all generally tapering down into that region at the
same rate; and that irregularities of response in the low frequency
region will be experienced in all as the horn gets smaller (waveguide
action is decreasing and mouth becoming too small). However, note
that these irregularities are comparatively small in relation to the aver-
age impedance value. It will, therefore, be realized, that despite the
irregularities of the finite horns, if they are moderate in nature (as in
the horn with the larger of the two mouths), smooth low frequency
reproduction will be obtained.

Horn Cutoff, Mouth Size, and Throat Considerations

The plan then, in designing a low frequency horn, is to decide
on a theoretical cutoff rate of flare somewhat lower than the lowest
frequency to be reproduced with good output, and then to cut the
horn at some point where the mouth diameter (if the horn is circular)
or the mouth height (if the horn is rectangular) is compatible with
the actual low frequency desired, and not the theoretical cutoff low
frequency. In Fig. 10-7 we have shown the average compatible mouth
dimensions of circular, square, and rectangular horns for given desired
low frequency performance.

The table shown in this figure starts with column A, which gives
the actual low frequency performance desired from the horn. This does
not mean that this chosen frequency is the theoretical cutoff frequency
for which the horn is designed. The cutoff frequency that will deter-
mine the rate of expansion of the horn is given in column B, which is
calculated on the basis that the desired low frequency response is 25
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percent higher than the theoretical cutoff frequency, so that the usable
response will be fairly linear in the area desired. Thus, considering
the horn that has a 40-cps theoretical cutoff frequency, the actual low
frequency response we might expect (at reasonable comparative levels
with the rest of the pass band of the horn), will be about 25 percent
higher than 40 cps, or 50 cps. This is, of course, the desired low fre-
quency response as indicated in column A.

Column C indicates the percent increase in cross-sectional area of
the exponential horn for the theoretical cutoff frequency of the horn
as chosen. Note that this increase in cross-sectional area has been in-
dicated for increments of 1-inch lengths along the horn axis, and also
for increments of 1-foot lengths. The reason for this is that, when the
horn is bent, it is quite important that the cross-sectional area going
around the bend be maintained at a fairly accurate rate, especially if
these areas exist near the throat of the horn, where bends are usually
found. Therefore, in order to make the horn more theoretically correct,
it would be wise to use the expressions for the increase in area per
inch when working in small areas, and then use the expansion per
foot when working in large areas. Once we have chosen the desired
frequency for which the horn is to be designed, it is a simple matter to
tabulate the various cross-sectional areas of the horn for increasing dis-
tances along the horn. These tabulated areas should be extended out
to that length where the horn mouth has the necessary geometrical
configuration to provide proper low frequency radiation.

The conditions for good radiation from a circular mouth and a
rectangular mouth are a little different, and the chart in Fig. 10-7 in-
cludes these variations. The primary characteristic of the mouth of
any horn is that its perimeter (the dimension that circumscribes the
outside of the horn) be at least equal to one wavelength of the sound
to be transmitted. In this connection, the length of the horn determines
the mouth configuration, for the longer the horn the larger the mouth.

Column D of the chart indicates the various wavelengths for the
chosen frequencies from column A. Knowing the circumference of the
circular horn, we can readily derive from simple geometry the diameter
of the circular mouth for radiation of these frequencies. Thus the cir-
cumference divided by the value of n gives the diameter of the min-
imum mouth of a circular horn that should be used for the radiation
of a particular frequency. This is sometimes arbitrarily referred to
as a diameter equal to one-third of the wavelength, and when reference
is made to one-third the wavelength, it is usually intended that the
mouth of the horn be circular.
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If, then, we have determined the diameter of the mouth of the
circular horn, the area at this point is readily obtainable, and this area
is given in column F. These figures in column F will then determine
the first practical termination of the horn as the tabulated areas of
cross section are laid out per increase in length of horn. Thus, in the
case again of the 50-cps horn (40-cps theoretical cutoff) the cross-
sectional areas for a given length of horn, whether it be in inches or in
feet, may be tabulated until we arrive at an area of 381% square feet
at the mouth. The length along the axis of the horn at which this
mouth area occurs will determine the minimum length of horn for
good reproduction at 50 cps.

If the horn we are building is not circular, but square or rectangu-
lar, as is more usually the case, the mouth dimensions are somewhat
different from those for a circular mouth. The same wavelength de-
termines the periphery of the square horn, and the individual side of
this square horn will obviously be the total length (one wavelength)
around the mouth of the horn divided by four. This information is
given in column G, which takes the same wavelengths for the mouth
perimeter from column D and divides them by four. Corresponding
to these mouth dimensions are the areas of the mouth of the horn, when
the horn sides are given by the figures of column G. The minimum
areas for the square horn are then shown in column H.

It will be observed, by comparing column H with column F, that
the areas for the square horn are somewhat smaller than the areas for
the circular horn; even though both the square and the circular mouth
have the same periphery based on the same wavelength, the circular
mouth has a greater area. Because of this fact, the square horn will be
a litde shorter than the circular horn for the same mouth radiation
conditions. This means that the square horn will have a little less
efficiency then the circular horn, where both have the same perimeter
length. However, if we wished to design a square-mouth horn with
the same area as the circular horn (which means that the length of the
horns would be the same) we would end up with a square mouth whose
dimensions are larger than that of one wavelength. Accordingly, in
column I are given the side dimensions of a square mouth horn, for
which it will be noted that the perimeter of the enlarged square mouth
is now longer than one wavelength. This is a step in the right direction.

It is common practice to design the horn for rectangular configura-
tions, in which case the smallest dimension should not be any less than
the minimum side dimension that was obtained for the smaller of the
square-mouth horns. Although the perimeter of the horn determines
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the radiation characteristics, one cannot design a horn that is extremely
narrow in one direction and long in another direction, for then there
would be undesirable diffraction from the slit mouth thus formed, with
resultant poor radiation efficiency. It is therefore desirable to keep the
minimum dimensions of the rectangular horn at least equal to that of
the smaller square-mouth horn. Correspondingly, column J of the chart
in Fig 10-7 indicates the minimum short side based on the same factors
that determine the side length of the square horn (as in column G).
And, along with these minimum sides for the rectangular horn are
given the minimum length of the longest side of the rectangle in order
to achieve an area of mouth equal to that of the circular horn. Either
the square horn of Column I, or the rectangular horn of column J, will
give results comparable to the circular horn of the same mouth area.

Although these minimum dimensions are given to determine the
smallest horn that will function reasonably well, they do not represent
an upper limit. It is, of course, possible to enlarge the horn as far as
one’s physical space allows. The larger the horn the more efficient it
is, especially in the lower frequency regions.

The remaining factor to be determined for the horn design is the
throat size of the horn. The proper throat size for the horn is deter-
mined by a relationship of several factors in the driver design not
commonly known to the hobbyist. Among these are the flux density
in the gap, the length of wire in the voice coil, and the mass of the
moving system. These factors are frequently of direct value only to
the designer of the loudspeaker, and are not usually published. Their
use in making the necessary throat area calculation is 2 somewhat in-
volved process, inasmuch as it entails making a well considered com-
promise between optimum power desited from the system and the
upper frequency at which the horn is to be used. It is recommended
that for maximum efficiency of the system over the range in which it
is to operate, the ratio of the area of the diaphragm to that of the throat
be approximately 2:1. In other words, the diaphragm area should be
twice as large as the throat area. However, it should be remembered
that, regardless of the throat size, the mouth size must still be com-
patible with the lowest wavelength to be radiated. With throat size
selected, all the important parameters of the horn have been established
and the horn dimensions may be laid out.

The horn may then be folded or bent into sections that lie adjacent
to one another, or within one another, in order to conserve space. Care
should be exercised in making these modifications so that reasonable
accuracy of cross-sectional area be maintained as one goes around the
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bend. Also, very sharp irregularities should be avoided. Inaccuracies
of cross-sectional areas and shatp irregularities in the horn will result
in erratic response due to impedance reflections at these points of
discontinuity. One other precaution that must be exercised in design-
ing the reflex type of horn is that the acoustic area of cross-section of
any section of the horn should be only that area which passes the sound.
Thus, if one section is placed within another, and area from the larger
one is used up by the smaller section that goes through it, then the sotal
area of the larger section will be made up of the theoretically necessary
acoustically open area for sound to flow through, plus the area taken
up by the smaller section running through it. This is an obvious but
sometimes necessary reminder for the home constructor.

Cone Speaker Energizing Horn Becomes a “Compression Driver”

Horn reproducers of the above type intended for low frequency
reproduction in the home are invariably energized by cone type loud-
speakers, rather than the self-contained compression driver unit. The
reason for this is that only with the larger varieties of cone type speakers
is it possible to get the low resonances needed to energize the low
frequency horn. However, despite the fact that a cone type speaker
is used, in its application in the hotn it becomes a compression type
driver unit, because the back of the speaker is completely sealed off
from the air. The entire system then constitutes a “"compression driven
horn-loaded system,” even though it is energized by a type of speaker
that under “normal” conditions is referred to as a direct radiator.

The choice of the loudspeaker must be made on the basis of com-
patibility with the horn it is to drive. The resonance of the loudspeaker
must bear some definite relationship to the design goal of the horn.
To take an extreme illuscration, let us suppose that the horn is designed
to be operated down to 50 cps, but the resonance of the loudspeaker
is 200 cps. Because the output of the loudspeaker drops off rapidly
below its resonance point, the horn will not be driven below about 150
cps. Therefore, too high a frequency of resonance of the driver in
relation to the horn cutoff frequency results in poor usage of the low
frequency capabilities of the horn.

Now let us go to the other extreme, and put the resonance of the
loudspeaker considerably below that of the low cutoff of a 50-cps horn,
say at 30 cps. Now, although it is true that the entire passable spectrum
area of the horn will be energized by the loudspeaker, the area in which
the speaker is most efficient (at its resonant point) will be completely
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out of the range of the horn. Therefore, the horn will not be driven
as efficiently as it would if the resonance point of the speaker were
within the operating range of the horn. We see then that too low a
resonance for the driver is also undesirable. Somewhere between these
two extremes lies the proper resonance for the cone.

Perhaps the proper resonance point for the loudspeaker driving
the woofer horn is a frequency somewhat above the theoretical cutoff
frequency of the horn (the point 3 to 5 db down from the flat portion
of the horn characteristic), and close to the actual lowest frequency
to be radiated, as determined by the mouth size diameter. The choice
of resonant frequency on this basis will ensure that the driver will be
working most efficiently in the low frequency range where most is
desired from the system.

Compression Chamber Improves Linearity of Cone Excursion

There is also another important factor to be considered in the
horn design, and that is the size of the compression chamber in back
of the driver unit. The rear chamber actually performs two functions.
It preserves the linearity of motion of the moving system and provides
a load for the speaker to work against. Let us examine the matter of
linearity. Linearity exists in any system if that system is as free to
move in one direction as it is to move in the opposite direction. In
the case of the horn-loaded system, the long horn actually places an
air load (the air column) upon the front face of the diaphragm. This
air load has actual mass, so that the diaphragm, in trying to move for-
ward, must work against a fairly appreciable air mass load. Now let
us assume that the back of the speaker unit is completely open to free
space, as shown in Fig. 10-10(A). When the diaphragm now reverses
itself and moves backward, it will not find the “heavy” air column
loading it down but will instead find a very compliable open space.
It will therefore move backward much more easily than forward. For
the same driving force, consequently, the diaphragm will tend to move
more in the rear direction than it will in the forward direction. When
this occurs, there is an undesirable nonlinearity of response.

Obviously, the way to overcome this imbalance is to restrict the
rearward motion of the diaphragm. This may be accomplished by
enclosing the diaphragm within a stiff air cushion, as in Fig. 10-10(B),
so that the acoustic stiffness applied to its back will restrict its back-
ward motion to the same extent that the air mass load in front restricts
its forward motion. When this has been properly accomplished, most of
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the nonlinearity due to the uneven loading on both sides of the dia-
phragm will be removed.

Compression Also Improves Power Conversion
The second effect of this rear compression chamber is that it pre-

sents to the diaphragm a much better resistive load. Figure 10-11 shows
the acoustic resistance and the acoustic reactance (inertance) char-
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acteristic of a horn operating in its pass band. Note that as the resistance
factor begins to fall off the reactance factor rises. Although sound
pressure may be developed across a reactance as well as across a re-
sistance, no useful acoustic power will be developed in the reactance
any more than useful electrical power can be developed in a choke
coil. However, just as a choke coil, even though it doesn’t absorb
power, does produce a drop in voltage in a circuit, so the reactance
element of the loudspeaker, though not developing power, does reduce
the acoustic pressure available for useful power production across the
resistive component of the horn characteristic. If we can balance out
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this reactive element, more usable power will be obtained from the
system. Fortunately, the acoustic stiffness in the air chamber also has
reactance, but it is opposite in effect to the “mass” reactance of the air
load. This is analagous to capacitive reactance, the effects of which
are opposite to those produced by inductive reactance in electrical cir-
cuits. The stiffness and the mass balance each other out so that the
overall transmission characteristic of the horn is more neatly resistive,
with the result that more useful acoustic power may be developed by
the driver-horn combination. For the information of the home con-
structor, the size of this rear air chamber should be equal to approxi-
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mately three times the throat area of the horn times the length of a
section of the horn in which the area doubles; thus volume = 3 X
(throat area) X (horn length for area to double).

W ith the parameters of horn throat, flare, and mouth size estab-
lished, the woofer horn may be buile. The project of building a com-
pression driver horn-loaded system is an ambitious one and should be
undertaken with the intention that it will be both acoustically correct
and of the best wotkmanship possible. The success of a horn depends
even more upon the quality of the workmanship than does that of a
more simple enclosure-type system such as the bass-reflex cabinet. The
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importance of the manner in which these systems are constructed will
be dealt with in detail in Chap. 14.

Advantages of Horn-Loaded Systems

The advantages of horn-loaded systems lie in the fact that it is
possible in such systems to obtain relatively distortion-free output at
the low frequencies because of the small motions of the diaphragm
even when large amounts of acoustic power are realized. Secondly,
the high efficiency of the horn-loaded system means, of course, that
for a given power output the system does not have to be driven as hard
electrically as the direct radiator baffle. This naturally results in more
conservative use of amplifier power with consequently reduced ampli-
fier distortion and better linearity of response during peak bursts of
power.

Restrictions Imposed by Woofer Horn Enclosures

The disadvantages of home construction of the horn enclosure
are the difficulty of construction and the face that it cannot be adjusted
after it is built to match it to its driver. Furthermore, in true horn
systems of the compression type, separate speakers are necessary to
cover the entire audible spectrum. The compression driver horn system
itself is suitable only for woofer use because of its necessarily folded
configuration, which prevents higher frequencies from negotiating the
tortuous low frequency path. The fact that separate units are necessary
for a horn installation is not necessarily a disadvantage, of course, for
we know that such multi-speaker systems may be very fine systems.
The disadvantageous aspect is in the mecessity of using such systems
where one’s budget will only permit starting with a single wide range
speaker, or where one has decided to use a coaxial or triaxial assembly.
Because of the wide range features of these speakers, it is necessary for
them to be mounted in enclosures from which direct radiation is possible.

Horns are Not Limited to Woofer Applications

Horn type baffles are, of course, not limited to woofer application.
In fact, they are perhaps more popular as high frequency baffles, and
when so used may differ somewhat from the low frequency type. In
basic design they are, however, identical; that is, they expand at some
very definite rate determined by the theoretical cutoff required for the
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horn. Also, the mouth of the horn must bear some definite relationship
to the lowest frequency to be transmitted. However, in one important
aspect the high frequency horns do differ radically from the low fre-
quency horns. This is in the variety of means used to control the
diffusion of the high frequencies as they emerge from the horn so that
they will be spread out over the room.

Every loudspeaker has a directional radiation characteristic, and
the horn type is no exception. A round horn projector allows the low fre-
quencies to spread out and beams the high frequencies, as does a cone
speaker. However, with the horn several factors may be manipulated
to obtain control over directivity. The manner in which these manipu-
lations are made is discussed in Chap. 3, which deals specifically with
tweeters and the horns that match them. It is seldom that the home
constructor builds his own tweeter hotn; the specialized driver unit
invariably comes with its own horn attached. The horn is of the design
recommended by that manufacturer to match the driver unit and the
auxiliary equipment with which it is to work. However, one should
not lose sight of the fact that the high frequency horn is just as true
a baffle as the bass-reflex or any other kind of enclosure, but with the
added features of comtrol of the dispetsion of the sound coming from
the horn.




cuaerer 11:  The Combined Enclosure-Horn System

Enclosures and Horns May be Combined

The previous two chapters have discussed in detail the manner
of operation of the pure enclosure type baffle and the pure horn
type baffle, and it was seen that there were specific advantages and dis-
advantages to both types. Thete are many designs of loudspeaker en-
closures that attempt to combine the features of both these systems
- into a single structure. This chapter will deal with the most prevalent
examples of these combinations.

Horn Loading of Bass-Reflex Port Improves Port Radiation

The most straightforward (and the newest) variation of the bass-
reflex enclosure is that in which the port itself is loaded by a small
section of hotn, as illustrated in Fig. 8-3(C). The addition of this
“port horn” accomplishes two beneficial results that improve the over-
all performance of the bass-reflex enclosure. From the chapter on the
enclosure type baffle, the reader will recall that specific mention was
made of the effect of the introduction of a duct type port. Because
this duct introduced more inertance into the resonant circuit, it was
thereby possible to make the enclosure volume smaller and still main-
tain the same resonant condition. This situation is, of course, highly
desirable where it is the objective to make a cabinet of unobtrusive
size. Inspection of the structure shown in Fig. 8-3(C) will reveal

232
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that the horn-loaded port is in essence an extension of this principle.
Thus it is apparent that the horn-loaded port enables the formulation
of a structure of smaller proportions for equivalent low frequency
output.

Besides this function of shrinking cabinet size, the port horn
plays an important acoustical part in improving the low frequency
radiation that emanates from the port. We have seen from the chart
of radiation resistance (Fig. 9-1) that the radiation resistance of a
piston for a particular frequency goes up as the size of the piston in-
creases. This characteristic does not necessarily apply only to a physi-
cally solid piston. Actually, the mouth of a horn may be considered
as a piston, for it is the virtual source of the pulsations of sound. We
might call any opening from which sound emerges an infinitely thin
and infinitely light membrane, and we may apply to it in all theoretical
justice the same laws of radiation physics that apply to an actual physical
diaphragm. Thus, the larger we can make the opening from which the
sound is to emerge, the better its radiation characteristic will be for
a given frequency, especially in the low end.

This is the second advantage of the port horn. It provides better
radiation efficiency for the low frequencies coming out of its com-
paratively large mouth than does the simple port. It is recognized
that the horn in this section seems almost too short to be theoretically
efficient. However, as often happens, shortcomings in theory may turn
out to be blessings in disguise, if properly utilized. Figure 11-1 shows
the radiation characteristic of a very short horn (in relation to the
theoretical cutoff wavelength of the horn). Because of this shortness
and the corresponding comparatively small size of the mouth (even
though it is larger than the original port), the radiation characteristic
of the horn is quite ragged, as illustrated. If we were to try to utilize
this horn for broad band reproduction, it would be entirely useless
because of its ragged and irregular nature. However, we are not in-
terested in broad band response from the port horn. We are interested
primarily in its output at one very narrow band of frequencies, at the
lower resonant peak of the impedance characteristic of the system.
Consequently, we can design this port hotn short in length in relation
to this low frequency, thereby getting a peaked radiation from the
short horn just where we want to reinforce the radiation characteristic.
We have, as it were, turned the tables on the nonresonant horn, and
made it resonant for the specific purpose of improving the low fre-
quency radiation over a restricted range, and from an otherwise smaller
opening.
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Port Improved When Placed in Corner

This sort of horn-loading of the port may be considerably im-
proved if the enclosure is placed so that it is in the corner of the room,
as illustrated in Fig. 11-2, Such placement will improve the overall
efficiency of the system for low frequencies and provide an actual
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extension of the port horn by the corner of the room to make the
radiation from the port horn even more effective. A more thorough
discussion of this placement problem will be given in Part 3, but for
the present it is sufficient to say that, when properly designed and
properly used, the horn-loaded port may greatly improve the perform-
ance of the bass-reflex enclosure. The overall characteristic of this
system is a high level of bass performance within moderately small
structures with speakers of the direct radiator type that must face
directly into the listening space, and for high efficiency woofer en-
closures in which may be mounted auxiliary tweeter components.

Front Horn on Bass Reflex Improves Middle Frequencies

The variation in the combination type enclosure system opposite
to the one just described is shown in Fig. 8-3(B). In this case, the
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rear section of the enclosure is an altered bass-reflex unit, while the
forward part of the speaker is horn-loaded. Although diagrammatically
the horn applied to the front of the speaker may appear to be a short
one, it is actually one of fairly decent size acoustically. A horn should
not be measured in absolute dimensions, but should be considered %
relation to the frequencies it is to transmit. Thus, although a tweeter

Fig. 11-2. Corner place-

ment for port born makes

horn more effectively load-
ed. (After University)

horn may be small in physical size, in relationship to the actual very
short wavelengths of the high frequencies involved, the size of the
tweeter horn is considerable. (For example, the wavelength of a
13,500 cps sound signal is only about an inch.) We must, therefore,
consider the presently indicated horn in reference to its intended pass
band of frequencies.

On this basis, we see that a horn 10 inches or more in length
would represent sizable dimensions for frequencies of approximately
700 cps and up. Seven hundred cps is equivalent to a wavelength of
20 inches; and the half wavelength horn of 10 inches in length is
long enough to support the formation of the wave train down this
horn for that frequency and all higher frequencies. By thus loading
the forward face of the direct radiator with a horn whose dimensions
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Fig. 11-3. Providing a front midrange horn makes it possible to tilt the
performance curve of a given size of enclosure to enbance the midrange
“presence’ of the system where necessary.

are comparable to the mid-frequency wavelengths, we increase the
middle range efficiency of the system.

As far as low frequencies are concerned, the system acts as a con-
ventional bass-reflex enclosure with the rear of the speaker facing
directly into the resonant cavity of the system. For proper low fre-
quency response from the bass-reflex section, the rear of the speaker
must utilize the same effective volume as if there were no front horn
attached to it. Consequently, the overall size of the enclosure must
contain the volume originally required for the desired bass response
from the speaker, plus the space taken up by the front horn.

Inasmuch as the front horn adds to the midrange efficiency of
reproduction of the speaker, it will be found that this sort of structure
is of value where the particular speaker to be used has insufficient
middles, or where more middles are desited for increasing the “pres-
ence” of the system. It is, therefore, possible to “tilt” the performance
curve of the speaker (as shown in Fig. 11-3) by maintaining the same
overall volume for the structure as for an ordinary bass-reflex enclo-
sure, and using some of that space for the midrange horn. The reduction
of the bass-reflex volume necessitates a smaller port with decreased
port radiation efficiency. This results in a small drop of the low fre-
quency response, while the horn raises the mid-frequency response. The
characteristic performance is thus made more “projective” with a slight
loss at the low end. If, however, space is not a factor to be considered,
the bass-reflex section of the cabinet may be enlarged to the optimum
volume and port size necessary to give it the proper bass reproduction,
and overall performance of the system will then be improved.
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It will be apparent that this system is, of course, adaptable to
direct radiator loudspeakers. However, there may be some loss of high
frequencies at the extreme angles because of the shading effect of the
sides of the front horn on the wide angle radiation from the tweeter
units that are integral with the recessed main speaker.

Rear Horn on Direct Radiator Provides Additional
Low-Frequency Loading

In the next variation of the combination type of enclosure the
loudspeaker performs as a simple direct radiator from its forward side
with nothing interposed between it and its audience, but the rear of
the speaker works into a full low-frequency horn. In this structure,
as shown in Fig. 8-3(A), the entire volume of the cabinet is used
for the woofer horn, which must be folded to be contained within
reaonable proportions. It is obvious that the intent of this type of
enclosure is to obtain some of the benefits of woofer horn-loading and
retain direct radiation action from the forward side.

These benefits of direct radiator action are completely realizable
from the illuscrated structure, but there are some compromises in
woofer horn performance in comparison with the pure horn system.
Without the compression chamber, we have no way of compensating
the speaker for the relatively heavy air load mass that the horn focuses
onto the rear of the diaphragm. Thus, the diaphragm is working into
a light load on its front side and a relatively heavy load on its rear side.
(See previous chapter.) Because of this, undesirable nonlinearity
may be introduced into the low frequency reproduction. Furthermore,
the absence of the “stiffness reactance” (which the compression cham-
ber would normally ensure) means that the horn “mass reactance” at
the low frequency is not balanced out, and therefore, optimum utili-
zation of acoustic pressure is not made by this open horn in the low
frequency regions.

However, despite the shortcomings of this rear horn, it does pro-
vide good low frequency response with reasonably good efficiency.
Note that in this sort of construction there is actually an acoustical
crossover between the woofer horn and the speaker that allows only
the low frequencies to be transmitted from the horn and allows the
middles and high frequencies to radiate from the front of the speaker (in
addition to the lows). This acoustical crossover action is an important
part of the characteristic performance of these combination systems,
and is treated in detail in Chap. 13.
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Acoustic Labyrinth is Tuned Rear Column

A combination type of enclosure, which enjoys some popularity,
is the folded tuned column enclosure or Acoustical Labyrinth! as illus-
trated in Figs. 8-3(D) and 11-4. Althongh it may look like the rear
horn-loaded structure, the rear section is not a horn but a long tube
of fairly uniform cross-section. The term labyrinth arises from the
fact that the tube, being folded to preserve space, presents the appeat-
ance of a maze or labyrinth. Its convolute twisted appearance, however,
has no bearing upon the manner in which it works. Essentially, the
putpose of the tubular column that loads the back of the speaker is
to present to the speaker a definitely tuned “pipe” much like an organ
pipe.

All tubes are resonant devices. The frequency of their resonance
depends upon their length. Blow across the neck of a bottle and it
will respond with a certain tone. Partly fill the bottle with water and
the pitch will rise because the air column has been shortened. The
trombonist lowers the pitch of his instrument by pulling out the slide
and making the instrument longer, and the trumpeter changes the
pitch of his instrument by closing off different sections of the length
of his instrument with the valves. In the pipe organ the different tones
are elicited from tubes of different length corresponding to the fre-
quency desired. Thus, if we want to reinforce a particular frequency,
we must couple to the source of sound a pipe cut to the right length
to correspond to this frequency.

Tuned Column Impedance Varies with Frequency

This is essentially the action of the folded tube in the acoustic
labyrinth. The length of the resonating tube is chosen to reduce the
resonant frequency impedance peak of the speaker and reinforce other
frequencies close to an octave below and above the resonant frequency
of the speaker. This is similar in effect to the bass-reflex action. Figure
11-4 illustrates how this action is accomplished. If the length of the
tube is such that it corresponds to a half wavelength of the sound trans-
mitted through it, at the instant the sound appears at the open end
of the tube, it is already a half wavelength behind the speaker pulse
of that instant. However, since the back of the cone radiation started
out-of-phase with the forward radiation of the cone, the net result

1Stromberg-Carlson trade-mark.
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Fig. 11-4. The acoustic labyrinth. Rear tube highly damps the resonant
peak of speaker, re-enforces area above resomance, producing smooth low
frequency response. (After Stromberg-Carlson)

is that the sound coming out of the end of the tube is now completely
in phase with the front and reinforcement of the front radiation takes
place. Thus, at the particular frequency where the tube is one-half
wavelength long the effect of the tube is to cause reinforcement.
Now, as we go down in frequency (longer wavelength), we come
to a frequency (an octave lower) where the tube is only one-quarter
the length of the sound wavelength. When this happens, the open
one-quarter v;avelength tube presents a high impedance to the dia-
phragm, and the motion of the diaphragm becomes severely damped.
If this “quarter wavelength” is made to correspond to the resonance
frequency of the speaker, the tube acts as an anti-resonant device at
the resonance of the speaker. Thus the acoustic labyrinth damps the
resonant peak of the speaker while reinforcing those frequencies an
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octave above the resonant frequency. The fact that the tube is tuned
to the resonant frequency and puts a severe damping restraint upon
the diaphragm motion produces a severe depression in the resonance
characteristic of the speaker directly at the point of its maximum
value. This leaves two humps of response on either side of the fre-
quency where the anti-resonance effect of the tube is most effective.
The end result is a resonance characteristic as shown in Fig. 11-4 that
looks very similar to the curve obtained from a bass-reflex structure.
The effect of the tuned tube of the labyrinth is then to provide good
damping characteristics and extended flat low frequency response. Due
to the large cross-section of the mouth of the tube, a greater value of
radiation resistance is seen by the labyrinth, reflected in improved
damping of the system.

One feature of the acoustic labyrinth is that its resonant tube is
lined with highly absorbent material, which adds a resistive character-
istic to the selectivity of the tube, causing smoother resonant and anti-
resonant action than if the tube were not so treated. The sound
absorbing material within the tube also serves to decrease the high
frequency transmission of sound through it.

The acoustic labyrinth structure is obviously suitable for use with
loudspeakers that are required to act as direct radiators from the front,
and where, at the same time, bass reinforcement is required at the rear
of the speaker. An important factor that must be considered, as far
as such a system is concerned, is that in the normal course of usage,
and over a period of time, the self-resonant point of a speaker may
gradually go down because of the gradual loosening of the suspension
of the speaker. When this happens, the labyrinth goes out of tune with
the speaker and its effectiveness is somewhat decreased (unless this
factor was originally taken into account).

This same action is, of course, true of all speaker systems to a
varying degree. In the bass-reflex enclosure for instance, the cabinet is
also tuned to the resonance of the speaker, and should the resonance
change with constant use the cabinet adjustment will also suffer. How-
ever, in this case, the reflex action covers quite a broad band at the
low end and the detuning effect is not seriously notable. In any event,
one may readily change the port area to compensate for this reson-
ance change.

In the case of the horn loudspeaker system, changes in the re-
sonant frequency of the speaker may also result in a shift in the low
frequency performance because of the point upon the horn transmission
characteristic where the speaker is placed. If the speaker resonance
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drops too far, its point of maximum efficiency has left the most favor-
able area of the radiation characteristic of the horn and the system suffers.

The Combination Enclosure Performance Depends
Upon the Combined Features

It is important to point out that these structures, being combina-
tions, may naturally be combined to varying degrees to get different
performance characteristics. Thus, in one case we had a front horn
and a rear reflex chamber; in another case we had a full rear horn and
direct forward radiation, and the choice determined the performance.
It meant increased presence with moderate lows in the former case and
increased lows with moderate presence in the latter case. It stands to
reason that there is an almost infinite variety of such combinations
between one extreme and the other. However, whatever the design, it
will represent a system in which compromises are made in ore area to
obtain benefits in other areas. The design must be closely integrated
with the particular speaker to be used, for obviously we would not
want to increase the presence of a speaker already rich in middles and
deficient in lows. Nor would we want to extract the absolute maximum
of low frequency output from a speaker by subjecting it to a legitimate
horn load, if our system were already unbalanced in favor of the low
end. These are the facts that make it difficult to prescribe the “best” of
these various combinations.




cuarter 12:  Enclosure Size, Speaker Resonance,
and System Response

Enclosure Must Be Adaptable to Size of Listening Area

A requisite for any loudspeaker system is that it be able to fit
into the area where the listener intends to use the system. Despite the
fact that this requisite apparently does not concern itself with perform-
ance, and as trite as this statement may seem to be, acceptance of it may
clear the air as far as system size and quality are concerned. As an
example, if the user wants a hi-fi loudspeaker system for his rather small
den, in which he has a desk in one corner, a stack of bookshelves along
one wall, an easy chair in another corner, and a closet and a window
on another wall, there is not much room left for a really massive system.
However, he may find that he can weed out a couple of dozen books
from one of the shelves, and in their place install a “bookshelf” type
enclosure such as those illustrated in Figs. 12-1 and 12-2. Now, many
of these smaller enclosures are legitimate hi-fi systems. They are de-
signed around high efficiency speakers; they may be full two- or three-
way systems employing well engineered crossover networks; and great
pains may have been spent in designing and building the enclosures
so that the utmost would be obtained from the speakers these enclos-
ures will accommodate. In many ways, the bookshelf system is a legi-
timate member of the high fidelity family. It will provide the den in
question with remarkably good reproduction, far superior to that of
the garden variety of speaker-console assemblies so often found in
“big” radios that are frequently simple open boxes with inexpensive

speakers.

242
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TWEETER

BRILLIANCE
CONTROL

8"WOOFER

Fig. 12-1. Although the application for an enclosure may limit its size,

its components may constitute a true bi-fi system as shown bere, using

multispeaker elements. crossover network, and brilliance control. (Cour-
tesy University)

However, despite the remarkable performance of such small sys-
tems in this application, we would certainly be foolhardy to suggest
they could therefore be used to provide the proper sound reproduction
for a large open reception room. Large spacious rooms have the physical
space to accommodate the more elaborate enclosures, such as the folded
horn variety, from which considerably superior bass reproduction is
possible. Yet, in spite of this, we could not categorically say it is the
best system. It certainly would not fit the needs of the man with the
small den. Thus it is a question not of superiority but of adaptability,
both to environment and to the budgetary means of the user. All
enclosures have some usefulness, depending upon the circumstances
in which they are to be used.

Speaker Size Generally Determines Enclosure Size

There is one basic fact, however, that determines the size of the
enclosure, and that is the size of the largest speaker of the system, for
there is a definite relationship between speaker size and enclosure
volume due to the general correlation between a speaker’s size and its
resonance frequency. This then is our first concern — the matter of
enclosure size and speaker resonance. In Chap. 3 the question of the
general performance characteristics of loudspeakers of different sizes
was discussed. Figure 3-10 lists some average resonant frequencies of
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8" WOOFER

TWEETER

( BUILT IN FREQUENCY DIVIDER)

Fig. 12-2. Another form of a "bookshelf” enclosure, utilizing multi-
speaker system components to provide a two-way system. (Courtesy Jensen)

the three popular size speakers (8-inch, 12-inch and 15-inch); note
that the larger the speaker the lower the resonant frequency. This
results, of course, from the generally heavier diaphragms found in these
speakers, for resonant frequency is inversely proportional to the mass
of the moving system (other factors remaining unchanged). It is there-
fore, to be expected that the larger speakers will have better low fre-
quency response than the smaller speakers; this condition is illustrated
in Fig. 3-1. It will be observed that not only does the frequency ex-
tension of the response go lower for the larger speakers, but the level
of output is also higher. This will in general be the case if the speakers
have magnetic circuits of increasing strength to match the increasing
weight of the moving system to be driven.

The larger speakers, being larger in diameter, present a higher
order of radiation resistance (Fig. 9-1) for a given low frequency than
do the smaller speakers. Therefore, for equivalent driving force, the
larger speaker will produce better low frequencies. What happens, for
instance, if two loudspeakers of different size have the same resonant
frequency? If this be the case, the larger speaker will have a higher
level of response at this frequency, because of its greater radiation
resistance.

Another point of comparison between the low frequency chat-
acteristics of two speakers of different size but of the same resonant
frequency is cleanness of response. If the same acoustic output is de-
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rived from both (that is, if they both sound equally loud) we may be
reasonably sure that the large speaker is vibrating less severely than the
smaller one. Acoustic power output of any vibrating diaphragm is
proportional to its area and to its excursion; that is, the more air is
pushed, the higher is the power output. If two pistons of different size
are both pumping equal quantities of air (equal power output), the
larger area piston will naturally have the smaller excursion. If this is
the case, we may be reasonably sure that the larger piston is experienc-
ing less nonlinearity in its motion, that diaphragm break-up is reduced
(if any existed ), and that less amplifier power is required. All in all,
then, the larger speaker has a better low frequency response because
of its lower resonance capabilities and its greater radiation resistance
due to its size.

Enclosure Design Determined by Both High and Low Frequencies

Because larger speakers have better low frequency response, they
generally are deficient in high frequency response. Their heavy moving
systems preclude the same efficiency of reproduction of the high fre-
quencies that smaller speakers enjoy. The smaller speakers present
less of a moving mass to the small amplitude high frequency signal,
hence these high frequencies are more efficiently reproduced. In gen-
eral, the smaller speakers excel in the high frequency range. The enclo-
sure size and design will be limited to a great extent by both low fre-
quency and high frequency performance of the speaker. The size will be
determined by the low frequency capabilities of the speaker. The design
will be determined by the high frequency performance of the speaker,
depending on whether it is a woofer or a full range direct radiator.

There are two ways of attacking the problem of the speaker-
enclosure combination. One method is to put a small speaker into as
large an enclosure as possible in an attempt to get “large enclosure
performance” from as economical a speaker as possible. The antithesis
of this is to squeeze as large a speaker as possible into as small a space
as possible in the attempt to get “large speaker performance” from
enclosures of reasonable size. In both of these extremes there must be
compromises, and somewhere in between is the middle ground of
rational design.

Large Enclosure Response Determined by Speaker Size

In discussing baffles in general, it will be recalled that the wall
baffle serves as an excellent means of preventing dipole action of the
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speaker; that is, it completely blocks the rear radiation and thus pre-
vents back-to-front low frequency cancellation. Under these circum-
stances, whatever low frequencies the speaker is capable of radiating
are actually cransformed into useful acoustic power. However, the
speaker receives no assistance from the wall baffle other than to pre-
vent the dipole action. Once this has been accomplished, the speaker
behaves essentially as if it were in free space; its resonance frequency
remains virtually unaltered, its peak impedance remains virtually un-
changed (except for the free air loading). The wall baffle then is one

Fig. 12-3. The efficiency
of a loudspeaker is highest
at its resomant point and
then gradually drops off as
the frequency rises.

EFFICIENCY

RESONANT POINT

i
FREQUENCY

in which speaker operation is completely independent of baffle dimen-
sions. In extremely large enclosures, therefore, differences in the overall
speaker systems for different types, sizes, and resonances of speakers are
thus wholly dependent upon the speakers themselves, and not upon the
combination of the speaker and the wall “enclosure.” The same is true
of the closet enclosure if the closet is big enough, or even of the closed
box type of “infinite” baffle if the box is big enough. We have merely
extended our thinking from the wall baffle to actual enclosures. If these
are so large that they are essentially “unseen” by the speaker (except
for the elimination of the dipole action), total performance will be
a function only of the loudspeaker. If we put a 15-inch speaker in
the closet door, we get more low frequency reproduction than if we
were to put an 8-inch speaker in the same door, and the same differ-
ence in speakers will occur if we put them into box enclosures if the
volume of the box is large enough.

Small Enclosure Response Determined by Both
Enclosure and Speaker

As we decrease the size of the enclosure, however, the reduced
volume becomes an important factor in the overall performance of the
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system. As the volume of the closed box gets smaller, the captured air
within the box, against which the diaphragm has to work, exhibits an
acoustic stiffness proportional to the size of the diaphragm, the motion
of the diaphragm, and the volume of the box. If the diaphragm is large,
and has a large degree of motion at the low frequencies, it will tend
to compress the air within the box as it moves inward. This compres-
sion pushes back upon the diaphragm; thus the air appears “stiff.”
Since the cabinet and the loudspeaker are connected into one integral
acoustic circuit, this stiffness reacts upon the overall resonant condi-
tion of the circuit.

Low Resonance Speaker in Small Enclosure

It is now a question of proportioning the enclosure size to the
resonance characteristic of the speaker for the desired response. Al-
though it is ordinarily impossible to realize this in practice, let us
assume that we have an 8-inch loudspeaker with zero resonance. This
is a practical impossibility because if the speaker has any substance at
all, it must have some weight of diaphragm and some compliance in
the suspension of the moving elements; therefore, from the inexorable
laws of physics, it must have a specific natural resonance. Let us, there-
fore, attribute to the speaker some resonance figure below the audible
range, say 5 cps. Like any speaker, it is most efficient at its resonant
point, and its efficiency drops gradually but constantly as the frequency
goes up from its resonant point. This is indicated in Fig. 12-3.

Small Enclosure Raises Speaker Response

If this speaker is now put into a reasonably small box, it will be
stiffened in proportion to the decreased volume of the box, and the
resonant frequency of the combination will be increased. We can con-
tinue to make the box smaller and smaller, continually causing the
resonance of the combination to go up in frequency. The point of
maximum efficiency will move up with the resonant frequency. At
first glance this may seem like a very simple way of getting good low
frequency response from a small enclosure with a small speaker. It
would seem that all we have to do is to get a small loudspeaker with
a vety low resonance (below audibility) and put it into a box that
will stiffen it to the extent that its point of maximum efficiency will
come within the range of usable sound output, say above 50 cps as
shown in Fig. 12-4, and we have the panacea for all the problems of
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small speaker size and large performance. However, it is not quite
that simple.

While it is true that the point of maximum efficiency may be
moved up from the non-usable frequency to the usable frequency range,
it is nevertheless true that the final efficiency may still be far below
what might have been obtainable if we started with a speaker of the
same size, but of a higher resonance (in the audible and usable area
and with correspondingly high initial efficiency in that area). As indi-
cated in Fig. 12-5, the initial efficiency of the higher resonance speaker
for the same driving force will be considerably higher than that of the
low resonant speaker even after it has been stiffened. This occurs
because the overall operating range of the higher resonant speaker is
more restricted, and its overall power capabilities are distributed over
a narrower range, giving higher overall efficiency in that range.

It will also be realized that if a very low resonant system, such as
our theoretical one, were to be constructed with the thought in mind
of “creeping up” into the musical spectrum by making the box smaller
and smaller, the size of the box would become quite small. Now ¢to0
small a box will not provide the proper diffraction characteristics for
these low frequencies. Furthermore, it is not very beneficial to the
reduction of internal reflection of low frequencies, because of the close
walls. It may become necessary in such a system to utilize a great
deal of internal damping material to free the small enclosure of these
internal reflections.

Efficiency Considerations in Small Damped Systems

A large amount of such resistive damping will cause the system
efficiency to drop even lower. This secondary drop in efficiency, due
to heavy internal damping, will reflect itself in poor amplifier power
utilization. The amplifier will have to be overdriven to push enough
power into this low resonance small enclosure system to make it pro-
duce useful sound. If the amplifier, after being turned up high enough
to satisfy normal listening requirements, still has enough power reserve
to handle the sudden heavy peaks and sustained loud passages without
distorting, the system will be usable. If, however, the amplifier used
with the system is one of low power output, only low level reproduc-
tion will be realizable from this system. It will thus be seen that, al-
though this system may have certain advantages as far as frequency
extension is concerned, there are other factors in its design that are
disadvantageous.
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In making an A-B listening test of this type of enclosure in com-
parison with similar small types, the listener should be aware of this
question of overall efficiency. If the test is made simply by switching
the amplifier from one speaker to the other without compensating for

LOW RESONANT SAME SPEAKER IN
SPEAKER IN /SMALL (TIGHT) BOX
. LARGE (LOOSE)
Fig. 12-4. When a very sox\

low resonance speaker is
put into tight acoustic vol-
ume, the resonance of the
system is raised and the re-
gion of maximum efficiency
is raised to a higher fre-
quency and the efficiency to
a bigher value.

RELATIVE EFFICIENCY

BELOW  WITHIN
AUDIBILITY  AUDIBILITY EaREQUENCY

the differences in efficiency between the two systems, he may get a feel-
ing that the lower efficiency system is deficient because it does not sound
nearly as loud as the alternate systems. His ears will, in fact, be telling
him the technical truth. However, he should also listen to each of the

HIGH RESONANT SPEAKER
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Fig. 12.5. Initial efficien- VOLUME - "TIGHT" ENCLOSURE
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systems individually for some time, at the loudness that will be most
comfortable to him, as well as comparing them at equal input, before
he comes to a conclusion as to the merits of one small system over
the other.
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Higher Resonant Speaker in Small Enclosure

What can we do now with the same relatively small sized en-
closure utilizing an 8-inch speaker of more conventional resonance
characteristic, say in the 90-cps region? The first thing that becomes
obvious is that we certainly do not want to put this speaker into any
sort of enclosure that would raise its resonance. If possible, we would
like to lower the resonance characteristic of the system. It follows then
that for this higher resonance speaker, we should steer clear of the
completely closed box. It would seem logical, therefore, to use some
sort of enclosure that does not stiffen the speaker and that, if anything,
will bring it down to a lower resonance point.

This, of course, we can do by means of the simple bass reflex
enclosure. In the bookshelf size enclosure, it may well be possible to
convert this 90 cps peak of the speaker into the two other straddling
peaks on either side of it, one at 110 cps, and the other at 70 cps. Now,
while ic is true that 70 cps is not as low as we would like to go in the
best system, there are particular advantages to this mode of operation
for smaller speakers, despite the fact that the low frequency perform-
ance does not reach down to the lowest note on the piano. Of great
importance is the fact that this sort of speaker-enclosure system is of
the high efficiency type. In consequence, greater linearity of overall
response will be obtained because of the conservative demands made
upon the amplifier by the speaker, and because of the moderate ex-
cursion of the cone for good listening level. When the cone has to
move large distances in order to produce the desired listening level
in low efficiency enclosure systems, these large excursions may run
into regions of nonlinearity of motion of the suspension system. In
the higher efficiency systems, the excursion of the cone need not be as
severe, and more linear motion will result. Thus, “power-wise” and
“efficiency-wise,” the higher resonance system outperforms the lower
resonance system.

Now let us discuss for a moment the matter of those very low
frequencies. It was with good reason that we used the phrase “reach
down to the lowest note on the piano.” The fact of the matter is that
very seldom indeed do we hear music played that contains a note this
low. Notes this low are ready and waiting to be sounded on the piano,
the bass violin, the harp, and one or two other instruments, but they
are elicited only when called for by the composer. Fortunately for the
acoustic hobbyist, composers have shown their good taste in that they
realized there was a whole gamut of notes to work with, and not just
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low frequencies. We find therefore, if we take the trouble to do some
statistical research that perhaps for 90 percent of the time, music falls
in the range above GO to 70 cps. Perhaps the one big exception to
this statement is the pipe organ that can produce a note low enough
and heavy enough to shake the timbers of the ordinary auditorium. It
seems that the composers for this instrument delight in showing off
these low massive notes, and it is unfortunate if the acoustic system
cannot reproduce them. However, even with this shortcoming, the
smaller systems can give quite satisfactory reproduction over an ex-
ceedingly wide useful range for their size and application.

Tunable Enclosures are Adaptable to Either Large or
Small Systems

We have examined the effect of an infinitely large (wall) baffle
and the infinite (closed box) baffle upon the response of a loudspeaker.
We are ready to deal with the middle ground between the two — the
vented box or bass-reflex cabinet. We have seen from Chap. 9 that
one characteristic of the bass-reflex is that the low frequency resonance
impedance of the system is spread out over an area considerably broader
than the original single response peak. This serves to produce a wider
band of low frequency reproduction. In the case of the bass-reflex
enclosure, the question of the size of the structure is not as critical in
affecting response as in the case for the completely closed box-type
enclosure. The reason for this is that the bass-reflex system is a tunable
one in which the two elements of internal volume and port opening
may be juggled into many combinations and the desired resonance
condition still maintained. The general conditions that govern this
tuning procedure are based on the principles of the Helmholtz reso-
nator. They are as follows. For a given volume of box, the resonance
frequency increases as the opening in the box increases; for a-given
size of opening the resonance frequency increases as the volume de-
creases. Thus we can have a large volume with a large opening, or a
small volume with a small opening, both with the same resonant fre-
quency. These conditions are illustrated in Fig. 12-6. The various
combinations in which volume and port opening may be arranged for
a selected number of resonant frequencies have been given in Fig. 9-10.

This relationship may bear some analysis. A small volume is a
stiff volume. It has small “capacity” to absorb acoustic vibration, and
its acoustic capacitance is therefore small. To cause it to resonate at
a low frequency, we must provide it with a large value of acoustic
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Fig. 12-6. Graphic representation of relationship between bass-reflex
volume, port area, and resonance.

inductance, for in the resonant circuit the frequency of resonance is
inversely proportional to the square root of the product of capacitance
and inductance. In order to obtain this small acoustic capacitance with
a necessarily large inertance, we must provide an opening that will
make it difficule for air pulses to get through. Obviously, the smaller
the hole the more difficule it is for the pulses to get through. There-
fore, a small hole represents a high inertance. Thus, the combination
of a small volume and a small opening resonates at a low frequency.
Conversely, a large volume, which can absorb large values of
acoustic pulsations, has a large acoustic capacitance, and requires a
small inertance to resonate it at a low frequency. A large hole allows
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sound pulses to get through quite readily, and represents a small acou-
stic inertance. Consequently, a large volume with a large opening will
resonate at a low frequency just as well as a small volume with a
small opening.

It now becomes a matter of evaluating the two different struc-
tures for qualities other than their resonance capabilities. One very
easy way to examine a set of conditions is to go to the extreme values
of the set, for at the extremes some of the component factors drop out
and analysis becomes easier. Let us examine the bass-reflex enclosure
in this manner, taking it first to an extremely small size. As the enclos-
ure is made smaller and smaller, the port necessarily becomes smaller
and smaller, until theoretically we are lefc with no port at all. We
have a small tight closed box that is not a reflex enclosure at all. There-
fore, there must be a lower limit for the size of a reflex enclosure.
Looking at the other extreme, as the enclosure gets larger and larger
the port size becomes larger and larger until we have the large room
type of enclosure (wall baffle) with a very large auxiliary hole some-
where in the wall. Under these conditions of operation, the bass-reflex
principle completely deteriorates, because the large dimensions allow
standing waves to be set up in the structure, and the capacitance as
such ceases to exist. Anything large enough to permit the setting up
of standing waves belongs to the family of transmitting and receiving
devices and not simple circuit elements. The room will act as a “sink,”
absorbing the rear radiation rather than behaving as an active circuit
element in a resonant circuit. The end result of this “king sized” bass-
reflex enclosure will be operation as a simple wall baffle with some back-
to-front cancellation at some frequency where the distance from the
speaker to the hole in the baffle is equal to a wavelength of the sound
being radiated. Between these two extremes lies the proper size for
the bass-reflex enclosure for a given size of speaker.

Enclosure Port Must be Compatible With Diaphragm Size

We must start with the premise that the purpose of the bass-
reflex speaker is to allow radiation from the port at some low frequency
region. The port must then have a radiation resistance characteristic
compatible with the frequency it is to transmit. It would therefore be
logical to assume that the port area should be at least as large as the
speaker itself. This would give the port radiation resistance the same
value as the speaker radiation resistance. If the port were made very
small, there would be poor low frequency radiation resistance for the
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port, and the low frequency reproduction of the system would suffer.
It is therefore general practice to make the port area equal to at least
three-quarters of the effective area of the speaker itself.

The word effective is important here in that the area of the dia-
phragm should 7o# be calculated on the basis of the advertised diameter
of the loudspeaker. This is the measurement that spans the very out-
side of the speaker housing. From that must be subtracted that section
of the diaphragm that is taken up by the rim compliance of the speaker.
In a 12-inch speaker, this reduces the diameter of the speaker by at
least another 1-15 inches. Then there is a somewhat more subtle effec-
tive reduction of the diaphragm because of inability of the diaphragm
to vibrate completely as a piston. All in all, if we consider the effective
area of a 12-inch loudspeaker to be that of a 10-inch pisson, we have
a fairly good conservative approximation of its active diameter. Using
this figure for the diameter of the speaker, we arrive at an area of ap-
proximately 75 to 80 square inches for the area of the port. If we want
to go down to three-quarters of the effective area of the diaphragm,
the port area should be at least 60 square inches. This figure places
the average limit to the lowest value of port area for a bass-reflex
enclosure for a 12-inch speaker. In like manner, the smallest port suit-
able for an 8-inch speaker (effective diameter, about 7 inches) is 28
square inches, and for a 15-inch speaker (effective diameter, about
13 inches) about 95 square inches. These figures (tabulated in Fig.
12-7) give the smallest port size practical, from which the enclosure
may then be designed.

With this port area figure available and the resonant frequency
of the speaker either known or determined, the enclosure volume is
readily selected from the chart of Fig. 9-10. The set of conditions thus
determined will provide the optimum resonance impedance compen-
sation for the chosen speaker by being matched to it in frequency, and
by acting as a good radiating source itself (through the port).

If the constructor is building his enclosure from the ground up,
it is possible for him to follow these precepts quite literally. However,
the user often finds it necessary to use an already existing piece of
furnicure. He will then find it necessary to work backwards from the
fixed enclosure size to the port size. If, because of a fixed small cabinet
size, the port turns out to be too small to produce the proper radiating
characteristic for the desired low frequencies, there is not too much that
can be done except to make a compromise. The best compromise that
can be made in this case is to provide a port of at least one-third to
one-half the effective area of the diaphragm so that reasonable low
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frequency efficiency of radiation from the port will be obtained. This
will result in an enclosure volume that will resonate somewhat higher
than the speaker requires and the area of bass compensation will be
moved up in the frequency scale.

In the case of enclosures that are originally large, like built-in
wall cabinets, it is possible and desirable to build the full-size port
into the structure as called for by the chart. However, the port should
not exceed twice the effective diaphragm area, even though theoreti-
cally the enclosed volume calls for a larger port than this. By this last
expedient of making the port larger than the diaphragm requires, but
still smaller than the resonance condition calls for, we effectively reduce
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Fig. 12-7. The effective diaphragm area of a speaker is smaller than its
rated size. This table gives the effective areas of speakers for use in de-
signing bass-reflex enclosures. (See also Fig. 9-10.)

the resonance frequency of the enclosure. The overall effect of this low
resonance cabinet is to permit the cabinet to function at a lower fre-
quency than the original speaker resonance frequency, with consequent
boosting of the output in those areas below resonance. The effect of
the larger port is to produce better radiation characteristics from the
opening for the low frequencies. However, in this mode of operation,
the section of the response immediately at and above the speaker
resonance area will not benefit by the reflex action to the optimum
degree, and the response in that area will be compromised. Further-
more, too large an enclosure may cause actual deterioration of the bass-
reflex function as described above. In large fixed enclosures it is of
course possible to make changes to the internal volume by simply closing
off as much space as is necessary to bring the port area down to a respect-
able size, so that proper tuning may be realized.

In laying out the volume of the enclosure, some thought must be
given to the proportions of height to width to depth. It is not gen-
erally desirable to proportion the enclosure to a symmetrical cubic
form. The uniformly equal lengths of such a structure make it easy
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for standing waves of one particular frequency to be set up. The box
will tend to exhibit a "normal mode” of vibration because of its sym-
metry, and this normal mode of vibration will not be related to the
bass-reflex resonance condition. Where volumes of cubical form must
be used because of already available structures, it is necessary to pro-
vide a lot of internal wall damping material so that the internal waves

Fig. 12-8. Where nearly
cubical volumes are used,
the interior should be well
padded and broken up by a
shelf placed midway in the
structure. This will min;i-
mize the strong normal re-
sonance modes characteris-
tic of cubical structures.

CUBIGAL ‘
VOLUME ———

SHELF TO
MINIMIZE NORMAL —
MODE VIBRATION

are well absorbed by the reflecting layers. This will greatly reduce the
normal mode resonance. In such structures, it is also common to place
a well-padded shelf along the middle of the cabinet, reaching about
halfway to the rear wall. Such a structure is shown in Fig. 12-8. This
will furcher reduce the internal standing wave condition and minimize
the normal resonances of the box. Practice has shown that good results
will be obtained if the height-to-width-to-depth ratio is 4 to 3 to 2.



cuartir 13:  The Enclosure as a Crossover Element

Enclosures Provide Acoustical Crossover Characteristics

Crossover networks are vital components of multi-speaker systems.
They perform the important function of segregating specific bands of
energy into specific channels. The electrical means of accomplishing
this result were fully treated in Part I. In addition to electrical net-
works, there are mechanical networks that separate mechanical vibra-
tions of different frequencies and channel them to the vibrating mem-
bers best able to handle those bands. This was treated when we dis-
cussed two-way speakers with mechanical crossover elements. Then
there is the matter of acoustical crossover networks, which play as im-
portant a part in the overall picture of frequency band segregation as
do the electrical and mechanical elements.

In the discussion on multi-speaker systems, stress was placed on
the compatibility of the component parts. To catalog them briefly:
(a) the component speakers must be of equal efficiency for overall uni-
formity of level; (b) their ranges of operation should overlap so that
there will be no depressions of the response characteristic in the areas
joining the adjacent bands of the speakers; and (c) there must be
compatibility of the greater angular dispersion of the high frequencies
from the tweeter, as the high frequency beam from the lower range
speaker sharpens. This is essentially a problem of acoustical crossover
for the treble and tweeter units, and the reader may refer back to that
section for a review of the question of compatibility in general. Our
present concern is specifically with the action of woofer enclosures as
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part of the acoustic network of the system. Ae we examine them we
find that they play as important a part in the function of the crossover
characteristics of the system as do the smaller treble horns previously
discussed.

Bass Reflex Channels Lows Only Through Port

Acoustical crossover principles are not specifically limited to multi-
speaker systems. In fact, a single speaker in a simple bass-reflex en-
closure is subject to the inexorable laws of acoustic crossover whether
we like or not. Let us once again look at the bass-reflex enclosure, but
this time a little more critically and just a bit more technically. We
have said that the bass-reflex enclosure is a resonant acoustic device,
being made up of an acoustic capacitance and an acoustic inductance,
usually referred to as an inertance. There is an easy way of illustrating
this combination if we wish to use electrical symbols; it is shown in
Fig. 13-1. The section shown within the dotted square represents the
bass-reflex enclosure. The electrical symbol of the capacitor is repre-
sentative of the volume (capacity) of the enclosure. The electrical
symbol of the coil is representative of the inertance of the air in the
port of the enclosure, and the electrical symbol of resistance represents
the radiation resistance of the air load that the port sees.

We will assume the speaker to be a generator of electrical signals
of all frequencies that are to be transmitted through the enclosure
network connected to it. We know that a choke coil will pass low
frequencies and block high frequencies; that is, its reactance goes up
with frequency. Thus, when the generator (loudspeaker) is producing
low frequency signals, these signals will pass through the choke (the
port) into the resistive load (radiation resistance of port), and power
will be developed in the resistance. Transposing this statement into
acoustic terms, we can say that when the loudspeaker is reproducing
low notes, these notes will come out of the port and into the acoustic
radiation resistance of the port, and low frequency power will flow
out through the port.

Port *“Closes Up”’ as Frequency Goes Up

Now let us return to the generator. If we raise the frequency of
the signal being generated, the choke will begin to offer more and
more opposition to the passage of the signals of increasing frequency,
and fewer will get to the resistance. At the same time, however, the
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Fig. 13-1. The capacitance of the bass-reflex enclosure and the inertance
of its port act as L-C elements of a crossover network, allowing lows from
the port and restricting middles and bighs to the speaker.

capacitor will begin to offer Jess opposition to those same signals. The
higher frequency currents will thus begin to flow through the capacitor
as they cease to flow in the other branch of the network. Again, trans-
lating this statement into acoustic terms, we can say that as the fre-
quency of reproduction of the loudspeaker goes up, the port “closes
up” acoustically, and those higher frequencies find their way into the
acoustic capacitance volume of the chamber, instead of into a useful
radiation resistance. As these higher frequencies enter the capacitance,
no acoustic work is produced. Instead, as we have seen, these higher
frequencies bounce back and forth from wall to wall within the cavity
unless proper soundproofing is applied to the interior walls. Hence, the
bass-reflex enclosure acts as a true crossover element, working entirely
on acoustic principles. At low frequencies, it transmits sound from the
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port and there is both forward and rear transmission of power from
the loudspeaker to the outside. At higher frequencies, the box closes
up acoustically, and only direct forward radiation takes place from the
diaphragm.

A Small Enclosure Provides Low Frequency Roll-off
For Midrange Cone

This effect of the bass-reflex enclosure is, of course, not unique
among enclosures. In fact, definite use is made of the simpler box
enclosure and its crossover characteristic in the design of multi-speaker
systems using cone speakers as midrange units. We have seen that as
we decrease the size of the enclosure, the resonance frequency of the
system increases. A small tight volume in back of a speaker acts like
a tight air spring, preventing the speaker from vibrating as freely at
low frequencies as it would in a larger enclosure. This enforced rise
in resonance of the speaker, due to the smaller enclosure, has two
effeces. It raises the area of most efficiency of the system to a higher
frequency, where it will be more useful, since this is to be strictly a
midrange system. (See Fig. 13-2.) Secondly, the output falls off more
rapidly below the new higher resonance point that results from the
tightened enclosure. This transposition of the resonance point of high
efficiency from some normally low frequency to a higher frequency
within the midrange is, of course, very desirable. Just as desirable is
the enforced cutoff of response below the new resonant frequency, for
this may now be used as an acoustic component of the electrical cross-
over network whose job it will be to limit the low end response of
the midrange speaker. Thus, in addition to boosting the midrange
efficiency, the addition of a small closed box as a baffle for the mid-
range system affects the attenuation rate at the crossover point. Con-
sequently, the final crossover characteristic may be made sharper than
that obtainable from the electrical netwotk alone.

Midrange Cone Enclosure Isolates it from Woofer
Enclosure Pressures

The rear enclosure of the midrange speaker serves another useful
purpose. It isolates the midrange cone speaker and prevents it from
being affected acoustically by the woofer speaker. If the back of the
midrange cone speaker were left open, the strong internal pressure
developed within the main enclosure by the large excursions of the
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woofer diaphragm would tend to put the midrange diaphragm into
sympathetic vibration with the woofer itself. This would result in
cross-modulation of the midrange speaker by the woofer. The heavy
low frequency pressures within the cabinet would tend to bounce the
midrange diaphragm around. Boxing the midrange speaker removes
these back low frequency pulsating forces from its diaphragm, leaving
it free to perform the function for which it was installed. This con-
dition of cross-modulation of the smaller by the larger speaker is not

MID-RANGE

(| TWEETER o | ORIGINAL RESONANCE IN
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EFFECTIVE LOW END
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Fig. 13-2. Tight midrange speaker enclosure boosts high efficiency re-

sonance range of speaker into desired midrange band, and rolls off the

low end of the speaker. The tight box thus prevents the midrange speaker

from producing lows in the same manner as an inductive element of an
L-C crossover network.

so important when looked at from the front, because on this side,
where there is free unconstrained radiation of the pressure, the pres-
sures are not as intense as they are in the back of the cabinet, where
they are confined into a relatively small space. Thus, the small midrange
enclosure acts as an acoustical crossover element, and works hand in
hand with the electrical network to produce the desired end result.

The Horn is a High-Pass Filter

Perhaps the type of enclosure in which acoustical crossover comes
most into play is the horn. The important crossover factor in the horn
is, of course, its own theoretical cutoff frequency. We have seen that
the choice of the proper place to crossover electrically, in the case of
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a two-way system employing a horn for the upper range, is determined
in part by the frequency at which the horn cuts off. Above that point
(theoretically), the horn, operating essentially as a high-pass filter,
passes all frequencies. This, in practice, however, is not necessarily
true of the horn and driver unit combination. Even though the driver
unit itself may have perfect response and the horn may be a perfect

THEORETICAL PASS BAND OF HORN

EFFECTIVE HIGH END
ROLLOFF DUE TO
DRIVER UNIT
USEFUL RANGE —=

OUTPUT

UPPER LIMIT OF HORN -
MAY BE RESTRICTED
BY PERFORMANCE OF
DRIVER UNIT

Fig. 13-3. In addition to its natural low frequency cut which acts as an
acoustic crossover characteristic, the upper limit of the horn will be deter-
mined by the driver unit feeding is.

horn, in combination an acoustical phenomenon may take place that
could make it necessary to consider another crossover point within the
pass band of the horn in addition to that determined by the cutoff point
as suggested in Fig. 13-3.

In this treatment, we shall deal first with the woofer horn and
then discuss the same problem briefly in connection with the higher
frequency horns. Figure 13-4 illustrates the typical construction of the
compression chamber and the throat atea of the woofer horn, with the
throat diameter smaller than the diaphragm area, as is normally the
case. We are now to examine the way the sound progresses from the
diaphragm to the throat area. For the sake of clarity of exposition,
the diaphragm has been shown to be flat. It is assumed, of course, that
the diaphragm is one rigid piston, and that it moves as a whole. This
means that all parts of the diaphragm move forward simultaneously by
the same amount, and that they all move backward together by the
same amount. We are going to consider what happens to the ‘sound
coming from the front of the diaphragm into the acoustic chamber
between it and the throat of the horn. '

]
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Upper Band Pass of Horn Controlled by
Driver Unit Head Design

Since all parts of the diaphragm are moving in synchronism, the
sound coming from the diaphragm will constitute a flat or plane wave-
front. This may be considered as equivalent to saying that every sec-
tion of the diaphragm is producing its own ray of sound. As these
rays all move out together, they form a flat wavefront, as would a line
of soldiers in company front formation. Now, if this flat wavefront
had nothing to do but travel forward unimpeded, there would be no
problem. However, in order to get into the throat of the horn, those
rays coming from outer sections of the diaphragm will have to be bent
from their line of march. They will consequently arrive at the throat
of the horn at some later time than those rays coming directly from the
center of the diaphragm. Acoustically speaking, there will be a phase
delay between the center sound rays and the outer sound rays as they
reach che throat.

If this difference in path length becomes large enough so that the
longer paths are actually as much as a half wavelength of a particular
sound to be produced, the delayed rays and the center rays will be com-

COMPRESSION
CHAMBER

Fig. 13-4. Due to unequal
path lengths from the differ-
ent parts of the diaphragm
to the throat, these rays
may arrive out of phase at
the throat, causing cancel-
lation of sound.

— —« THIS SOUND RAY HAS BEEN
- - DELAYED BEHIND

THIS RAY FROM THE CENTER

N\

AN
SIMPLIFIED SPEAKER SHOWING
HYPOTHETICAL FLAT DIAPHRAGM

pletely out-of-phase at the throat, and severe cancellation for that fre-
quency will occur at the throat. Consequently, for this frequency,
there will be no sound transmission through the horn.

The response of the horn for the lower frequencies will not be so
affected because these frequencies are of such long wavelength, and
the path lengths in the chamber are so small compared to the long
wavelengths of the low frequencies, that internal phase cancellation
does not take place. Cancellation will take place for those wavelengths
for which the path lengths from the center of the diaphragm and
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Fig. 13-5. Cancellation of energy at the throat due to path length dif-
ferences makes it necessary to cross over below area of cancellation.

the outer areas differ by a half wavelength. As shown in Fig. 13-5,
if the path length from the outer effective section of the diaphragm
to the central part of the throat is 7 inches (as with a 15-inch speaker),
this represents a half wavelength at approximately 1000 cps. There-
fore, with the throat size shown, and for the large speaker, the com-
bination of horn and driver unit will fall off sharply at this critical
frequency.

This characteristic of driver-horn combinations may be readily
corrected at the driver unit. It will be found that in driver units made
for high frequency operation, the heads are designed with phase cor-
recting plugs or devices that help to equalize the various path lengths
from all parts of the diaphragm to the throat, so that this destructive
internal cancellation does not take place within the desired operating
range of the horn. Such phase correcting units are shown in Fig. 3-14.

In the case of the folded woofer horn, however, it would obviously
be of no practical value to employ such high frequency correcting de-
vices. Therefore, we allow this higher frequency deterioration to take
place and employ it as a natural acoustic crossover effect of the horn,
when the horn is employed as a woofer. In this sense, then, the woofer-
horn combination is a bandpass filter rather than just a high-pass filter,
as illustrated in Fig. 13-6. It passes frequencies above that of the
theoretical cutoff point of the horn, and below the frequencies at which
destructive throat air chamber cancellation takes place.

Chamber Between Diaphragm and Throat is a Low-Pass Filter
There is another acoustical crossover characteristic of the throat

chamber of the horn, where only the back of the speaker is horn loaded
and the front of the speaker radiates directly. In this structure, shown
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Fig. 13-6. Horn is changed from high-pass element to band-pass element

by allowing throat cancellation to take place. This is permissible where

horn is applied to woofer. Horn thus acis as high end rolloff for woofer
section.

in Fig. 8-3(A), there is a low-pass acoustic filter between the rear of
the diaphragm and the throat of the horn. This cavity represents a
capacitance across the line, as illustrated in Fig. 13-7. The narrow
throat represents an inductance in series with the line. That is, the
sound from the back of the diaphragm can disperse in this cavity but,
at the same time, must get through the throat of the horn to be radiated.
This is essentially an acoustical counterpart of the familiar electrical
low-pass filter. Highs are shunted out of the line by the capacitor.
Accordingly, those lower frequencies within the band, which are not

MIDDLES
AND HIGHS

THIS IS
| EQUIVALENT |
TO
\ VOLUME
CAPACME.E THROAT

RESISTANCE

LOW PASS FILTER

Fig. 13-7. In compound horn, rear volume is a low-pass element. It

"stores” highs and middles, stiffening the rear of the speaker for these

frequencies and improving the middle and high frequency loading of the

diaphragm for forward radiation. Acoustic crossover action is thus accom-
plished by the enclosure.
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materially affected by the cavity capacitance, will be passed on by the
acoustic filter and will get into the horn to be radiated as sound power,
provided the theoretical cutoff of the horn itself is such as to allow
them to pass.

This air chamber, by preventing the passage of middles and highs
into the horn, becomes a “storage chamber” for these frequencies. The
middles and high frequencies from the back of the cone will, there-
fore, see an acoustically “stiffer” enclosure at their back, due to this
filter imposed between the cone and the throat. Consequently, those
upper frequencies which are front radiated will now issue from an
enclosure that has been tightened up, and as a result there will be some-
what better rear-loading of the speaker for these higher frequencies.
Better middle and high frequency efficiency will be obtained. For the
lower frequencies, the rear enclosure chamber “opens up,” due to the
low-pass characteristic of the filter, and the proper rear loading of the
horn to the speaker takes place for the low frequencies.

Horn Bends are Low-Pass Filters

There is another acoustical crossover phenomenon that takes place
in folded horns, and this is brought about by the necessity for the sound
wave to travel around the bends of the horn. Destructive cancellation
of high frequencies may take place because of the difference in the path
lengths that sound rays have to travel in negotiating a corner. Secondly,
a loss of high frequencies will also occur because of the greater diffi-
culty that high frequency waves experience in diffracting around cor-
ners. These two effects are not necessarily the same.

Taking firsc the more familiar effect, that of diffraction, we know
that diffraction of a sound wave is accomplished much more easily for
those frequencies at which the wavelength is large compared with the
opening from which they emerge. Thus, as shown in Fig. 13-8, if the
wavelength of the sound is such that the pulse leaves the opening of
the duce before the succeeding pulse has been thoroughly established
behind it, this first pulse is free to expand in all directions once it is
out in the open. It will, therefore, spread out in all directions, and
“diffract” around the sides of the duct. However, in the case of fre-
quencies at which the sound pulses are literally on top of one another
as they emerge from the duct, one pulse will keep urging the one in
front of it in the direction in which it started — straight ahead. There-
fore, there will be less diffraction of the higher frequencies from this
same duct. If this duct happens to be the end of one section of a folded
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Fig. 13-8. High frequency attenuation will occur in a folded horn due
to poor diffraction around bends, unless horn is specifically designed for
bigh frequency radiation. (See Part 1, Fig. 3-20.)

horn, the higher frequencies will not get around the bend as easily as
the lower frequencies. The bent horn, therefore, presents an acoustic
high frequency filtering action; that is, it acts as a crossover element in
the total acoustic circuit. In addition to the above effect, multiple reflec-
tions of the higher frequency sounds occur at the bend. This causes
some of the energy to be bounced back toward the speaker and to be
scattered in directions that may not contribute toward getting the high
frequency sound waves around the bend.

Figure 13-9 illustrates the further cancellation of high frequencies
that actually do manage to get around a bend. If the bend is quite
large in cross-section compared to the radius of the bend, the path
lengths close to the inner wall will be much shorter than the path
lengths close to the outer walls, as can easily be seen from the figure.
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This means that, if the wavefront for a particular high frequency
started out straight at the beginning of the bend, by the time it got
around to the end of the bend, a good part of it would be delayed. As
the bends continue to occur, or as their sharpness increases, parts of
this advancing wavefront of the high frequencies become more and
more delayed until soon half of it is out of phase with the other half.
The end result is a sharp drop in acoustic output for the higher fre-
quencies from the folded woofer horn. This deterioration of the high
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frequencies may be minimized in folded or reflexed horns where it
is desired to operate them in their high frequency region. In such a
reflexed horn, as shown in Fig. 3-20, the expansion of the horn is
accomplished so that the width of the horn at the bends is very small
compared to the radius of the bends, and very little high frequency
atcenuation occurs. Thus it is seen that the folded woofer horn be-
comes an element in the crossover system by attenuating the higher
frequencies through the combined effect of poor diffraction around
the bends of the horn and the increasing phase differences in the wave-
front of the high frequencies passing around the bends of the horn.
It will be recognized that almost the same set of conditions of
bending and diffraction exists in the acoustic labyrinth, causing the
acoustic labyrinth to serve the same acoustical crossover function.
There is one difference between the two enclosures, however. In the
folded horn, only the horn itself has a low frequency cutoff and it will
pass all frequencies above that point that reach its throat in fairly
uniform phase. In the case of the labyrinth, however, the rear duct is
tuned to one particular low frequency, and above that frequency its
radiation drops off at a gradual, steady rate. Therefore, the low-pass
filter at the back of the diaphragm in the labyrinth, in conjunction
with the labyrinth itself, usually cuts off at a considerably lower fre-
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quency than the filter for the folded horn, since the horn extends out
further in its transmission band.

Final Crossover Characteristic is Function of Electrical,
Mechanical, Acoustical Elements

Although many of the factors discussed in this chapter are often
beyond the control of the home constructor, it is still of value to realize
that they exist in baffles and enclosures, just as they exist in the speakers
themselves (over which he likewise has no control). The value of
being cognizant of these phenomena, however, lies in the realization
that one is dealing with a system of components whose performance
is a function of the teamwork between all the components throughout
the entire electrical-mechanical-acoustical circuit. It is not correct to
state categorically that because the electrical network someone happens
to buy or make is a 6- or 12-db per octave type, his system is going to
operate at that rate of attenuation. The final performance will be
almost equally tempered by the response characteristic of the speaker
units used and the crossover effects of the auxiliary acoustic enclosures
in which the loudspeakers are to be installed.



cuapter 14: The Mechanics Of
Good Enclosure Design

Enclosures Should Transmit, not Absorb Energy

Enclosures and baffles in general are means of transferring acoustic
energy from the loudspeaker to the surrounding air. Whether the
enclosure is a simple closed box or the most complex of horn structures,
its main purpose is to cause the sound from the loudspeaker to be
most efficiently radiated into free space so that it may be properly
heard and enjoyed. Enclosures and baffles obviously do not by them-
selves produce any acoustic power; neither should they absorb any
power, for if they do the total acoustic efficiency of the system will
suffer.

Enclosure Internal Pressures are High

The key to loudspeaker enclosure construction is rigidity, or re-
sistance to vibration. The wooden panels must be rigid so that they
will not be vibrated by the sound pressures within the enclosure. If
they are vibrated, acoustic work is done on them and that acoustic
power is wasted.

The internal sound pressures in enclosures can be quite sizable.
Take the case of the closed box (the “infinite” baffle). It will im-
mediately be realized that as much sound as is allowed to fill the entire
room on the front side of the enclosure is also present on the inside
of the enclosure, but here it is captured with no place to go. Because
the sound is captured in the back, large internal sound pressures are
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built up, especially on low frequencies, where most of the acoustic
power resides anyway. Even in the bass-reflex enclosure, in which the
sound does finally come out from the port, that sound must still en-
counter the comparatively cramped quarters inside the enclosure be-
fore emerging.

These internal pressures can become quite high and may cause
deleterious effects to the total acoustic performance if the enclosure
is not properly constructed. It is only necessary to place one’s hand
on the side walls of a poorly constructed enclosure when it is repro-
ducing a full throbbing bass note to feel the vibrations of thin or poorly
braced wood panels. Practice has shown that good results may be
obtained when the lumber used in the construction of the enclosure is
at least 34-inch thick and of a good grade of plywood or cored wood.

Back of Bass-Reflex Enclosure Must be Rigidly Made and Secured

In the case of the bass-reflex enclosure, just as much care must
be shown in constructing the removable back as is given to the en-
closure as a whole. Too often, the constructor gives this section the
minimum of attention because it is not seen. However, if it is ne-
glected, it may not be seen but it certainly will make itself heard in
undesired ways. Figure 14-1 shows the response of a bass-reflex
enclosure with a properly constructed back, and again with a thin
L4-inch back held on loosely by four screws in the corners of the
panel. While the sound output waveform of the enclosure with the
good back is clean and undistorted, the output of the same cabinet
with the poor back is rough, distorted, and lower in level than the
former. The loss in output is, of course, due to the fact that much of
the back radiation from the cone was used up in making the rear panel
vibrate, and so was lost as far as useful acoustic output was concerned.
The waveform has deteriorated because of the irregular and compara-
tively uncontrolled vibrations of the rear panel, which are heard di-
rectly by the ear, and which also are reflected back internally upon the
speaker to affect its initial performance.

Because the back of the bass-reflex cabinet must be removable,
it is often made to be held on with just one screw in each corner, as
in the test just described. This is a serious mistake. Even though the
rear panel itself may be of rigid stock, if it is not securely held down
around its entire contact area, it will be subject to vibration. It is good
practice to have at least four good sized screws along each edge of the
rear panel securing it to the main structure. In the construction of the
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enclosure, the use of nails should be avoided as the sole means of
holding the sections together. Nails will not hold them together prop-
erly for any length of time nor will the mating sections be adequately
joined.

Acoustic Enclosures Deserve Fine Cabinetmaking Techniques

One should pay the same attention to the making of the acoustic
enclosure as a cabinetmaker pays to the construction of a fine piece of
furniture. The use of plenty of good furniture glue and screws where
needed is highly recommended. The home constructor does not always
have available cabinetmaker clamps to hold the sections together while
the glue is setting. In this case it is advisable to make use of large
screws to hold the sections together immediately after the glue has
been applied to the mating edges of the panels. Not only will the
screws be an aid in the construction of the cabinet, they will act as
reinforcement to the finished cabinec after the glue has set, and will
prevent the panels from warping away from the glued seams.

Adequate Glue Necessary for Strength and Freedom from Buzz

Adequate use of glue is more than a construction must, it is an
acoustic must as well. Not only does glue provide a good mechanical
bond between the sections, it also prevents buzzing of joints between
those panels that are subject to high internal acoustic pressure. There
is nothing as annoying as an intermittent buzz somewhere in the sys-
tem that cannot be traced down. More often than not, such a buzz may
occur at the areas where the panels meet, but where they are not joined
together rigidly. Buzzing may be set up at these unsupported edges
when the panels experience excessive internal acoustic pressures. In-
surance may be taken against this sort of troublesome buzz by making
certain that all these joined edges are well filled with glue before they
are put under pressure. After the glue has been applied, and the sec-
tions clamped together or screwed together, there should be evidence
of glue seeping out from the entire length of the joint. The surplus
glue thus squeezed out should be wiped away before it hardens, to
facilitate finishing of the cabinet.

It is also common practice to use glue blocks on the interior of
the cabinet to add further rigidity to the entire structure and to rein-
force the joining edges of the panels. A typical construction illustrating
the use of the glue block is shown in Fig. 14-2.
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Where it is desired to keep the rear panel of the bass-reflex cabinet
removable (or for that matter any section of an enclosure, such as the
compression chamber of a horn in which the driver unit must be
inserted ), felt stripping may be applied to the edges of the panel so
that when it is screwed down it seals itself and inter-panel buzzing is
eliminated at the same time.

Bracing May be Necessary on Large Panels

Sometimes, even heavy panels will vibrate if they are large in
size, and additional means must be employed to prevent them from
being energized into vibration by the internal pressures. Such mini-

Fig. 14-2. The use of glue
blocks in cabinet construc-
tion insures squarely braced
surfaces, a means of screw-
ing the panels rogether to
hold them while the glue is
setting, and a means of con-
struction whereby screws do
not show on the finished
surfaces.

GLUE SURFACES

mizing of the vibrations of large panels may be accomplished by the
use of cross braces applied diagonally across the panel area. This
diagonal position is the longest dimension of the panel, and so needs
the most support. Often a sturdy cross-strut, reaching across from
one panel to the opposite one, may be sufficient to break up the vi-
brating condition of large panels.

Speaker Mounting Panel Should be Very Flat
Of great mechanical importance to the performance of the baffle

is the sturdiness and the flatness of the speaker mounting panel itself.
It goes without saying that the panel that is most subject to vibration
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is the one on which the vibrating loudspeaker itself is mounted. This
front panel should, therefore, be chosen as the sturdiest one of the
lot. If possible, it should even be thicker than the other panels, even
though this may mean paying a slight premium for one piece of wood
from the local lumber yard.

Of equal importance is the flatness of the panel in the area in
which the speaker is mounted. A warped section of panel in this
area will prevent the proper seating of the loudspeaker in its appointed
place, creating two undesirable effects. First, it may be impossible to
screw the speaker down flar to a warped baffle. If the speaker has a
hard unpliable rim gasket, or simply has a hard cast ring on its mount-
ing rim to give the speaker structural rigidity, there will be gaps be-
tween the speaker and the panel to which it is mounted. An acoustic
leak will therefore exist between the back of the speaker and the
front, which, if large enough, may cause some deterioration of the low
frequency response in the bass-reflex enclosure. More important, how-
ever, if such a leak occurs in the compression chamber of a horn system,
the action of the horn may be quite seriously upset. It is for tchese
reasons of adaptibility to baffle panels that are not completely flat, that
many of today’s speakers are designed with comparatively soft edge
gaskets, made of a cork composition or laminated newsboard. When
a speaker with such an edge-sealing gasket is used, the mounting panel
irregularities are somewhat taken up by the “give” in the gasket.

Sometimes actual damage may be done to a loudspeaker if the
mounting baffle is too badly warped. In the effort to screw down the
edge of the basket at all points, the basket rim itself may be warped
out of its normally flac condition if the basket design is not well
thought out. If such warping of the basket occurs, the alignment of
the entire moving system may be thrown out of its true balanced posi-
tion, especially insofar as the voice coil itself is concerned. If the voice
coil is thus forced into a misaligned position, it may eventually start
to rub against the narrow gap faces, which will result in fuzziness of
reproduction, distortion, and ultimate rupture of the coil.

Speaker Should be Securely Fastened to Mounting Panel

There is often difficulty in screwing the speaker down to the
mounting panel. Tragic results sometimes occur when ordinary wood
screws are used. Often the wood screw is not started correctly. It begins
to tilt, and the screwdriver slips from the head of the screw and goes
through the fragile paper cone of the speaker. This is especially heart-
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Fig. 14-3. A means of preparing the baffle panel of an enclosure to insure
positive seating of the speaker to the baffle board.

breaking when you have just bought the speaker and haven't even
heard it woof or tweet. Such damage may be prevented by drilling
small holes in the spots where the wood screws are to be driven into
the panel. The holes should be small enough so that the screw does
not lose its grip on the wood when driven into the hole, but on the
other hand, the hole should be large enough to provide a proper guide
for the screw so that it may be easily driven in.

There are better means of mounting the loudspeaker than with
wood screws. If the mounting panel is readily accessible from both
sides, machine screws and bolts may be used to secure the speaker.
If, however, the construction is such that the front panel is to be
directly covered with grill cloth, there is another expedient that may
be used. Machine bolts may be permanently inserted into the mount-
ing panel and held tightly in place by nuts countersunk into the wood.
This will leave the mounting bolts sticking out from the back of the
mounting panel ready to accept the speaker, as shown in Fig. 14-3. A
word of caution is in order, however, if the speaker is so mounted.
When placing the speaker over the bolts, be very careful not to place
the speaker down in such a position that the cone itself is over one
of the bolts; it might easily puncture the cone. However, with reason-
able care, the speaker may be slipped over the mounting bolts and
then readily secured by means of lock washers and nuts.

A means of overcoming this bolt problem is available through
the use of “T” nuts. These are simple and relatively inexpensive de-
vices readily available from a local hardware merchant or cabinetmakers’
supply house. They are illustrated in Fig. 14-4. Holes are drilled where
the speaker mounting bolts are to be inserted. Into these holes are
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Fig. 14-4. A preferred method for preparing the baffle panel with “T*
nuts. This method provides optimum ease and safety of the speaker instal-
lation with positive seating of the speaker to the board.

forced these “T” nuts from the side of the baffle opposite to that on
which the speaker is to be mounted. They seat into the tight hole
drilled for them and stay in place until the speaker is to be mounted.
When ready for mounting, the speaker is placed over the holes, and
bolts are then driven through the speaker rim into the “T” nut. This
is perhaps the safest, easiest, and surest way of mounting the speaker
to its panel without danger of going through the cone with either
wood screws or protruding bolts.

Panel Vibrations Deteriorate Horn Action

In the case of the horn type of enclosure, the matter of the rigidity
and resistance to vibration is of even more fundamental importance
than in the simpler bass-reflex type. The teason for this is twofold.
First, as we have seen, all the sound the diaphragm produces is squeezed
into the comparatively small space in the throat of the horn. If we
compare the volume at the throat of the woofer horn with the volume
behind the diaphragm in the bass-reflex enclosure, we have an idea of
the ratio of pressures between these two conditions. If the internal
pressure in the bass-reflex enclosure is considerable, how much more
intense must the sound pressure be when the equivalent of this amount
of sound is compressed into the relatively small throat area of a horn.
It is, therefore, of utmost importance in horn construction that no
pains be spared in making the throat section as strong, as rigid, and
as resistant to vibration as possible. If there is any “give” to these panels
at the throat, the horn will suffer severe acoustic losses.
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Special attention must also be paid to the compression chamber,
for the internal pressures built up in this small volume may also be of
considerable magniture. One should make sure that the panel in this
compression chamber, which is usually made removable for purposes
of mounting the loudspeaker on the inside, is provided with a sealing

Fig. 14-5. Horn action
may be deteriorated by weak
born construction, especial-
lyatthe high pressure areas.

WHEN WALLS OF HORN ARE
WEAK, HIGH PRESSURES,
ESPECIALLY AT THE THROAT
WILL SET THE WALLS INTO
VIBRATION IN A TRANSVERSE
DIRECTION TO THE NORMAL
WAVE VIBRATION, WHICH
WILL CAUSE DETERIORATION
OF DESIRED WAVE TRANS-
MISSION DOWN THE HORN

gasket around its rim and that it is secured to the housing with enough
screws so that with the fele sealing gasket in place there will be no
pressure leaks in this vital area.

The second reason for making sure that there are no sections in
the horn with a tendency to vibrate is that if these critical area mem-
bers do vibrate, the horn action is partially destroyed. The sound pres-
sure developed by the driver will be partly dissipated in setting up
transverse waves across the horn through putting the panels into
vibration, rather than setting up longitudinal waves down the horn
where they belong. This is illustrated in Fig. 14-5.

Sound Absorbing Material Stops Internal Reflections in
Bass-Reflex Enclosure

Enclosure type baffles, such as the bass-reflex, require treatment
with sound absorbing material on the inside of the structure. The main
purpose of this treatment is to minimize standing waves within the
enclosure. These waves would cause ragged mid-frequency response
and boominess in the low frequency region. Let us examine the case
of the bass-reflex enclosure. As the loudspeaker diaphragm vibrates
back and forth, sound waves travel out from the diaphragm in two
directions, forward and backward. The forward radiation naturally
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goes out into free space. The rearward wave motion travels backward,
hits the rear panel and is then bounced back, with the greater propor-
tion of the reflected sound coming directly back upon the speaker
diaphragm, the rest being randomly scattered throughout the enclos-
ure, and hitting the other walls of the structure.

We are concerned first with the reflected wave motion coming
back directly upon the speaker. Let us suppose that the loudspeaker
is playing a note of 900 cps. This frequency corresponds to a wave-
length of approximately 15 inches. Now, it so happens that 15 inches
is rather a common depth for an enclosure of this type, and this leads
to some interesting situations. For the sake of illustration, let us as-
sume that the loudspeaker diaphragm is flat. When the 900-cps wave
leaves the back of the diaphragm, it travels across the depth of the
cabinet and reaches the back panel at exactly the same time the loud-
speaker is ready to generate its next wave. Upon hitting the back panel,
the wave motion is reflected back toward its source. In the process of
being reflected from the panel, the wave motion is turned out of phase
with respect to its original pulsation. Now, in its reversed phase, the
reflected sound reaches the back of the diaphragm again just as the
diaphragm is about ready to start its next cycle of motion. This pro-
duces interference at the diaphragm between the reflected out-of-phase
wave and the new wave. The net result is that a severe dip will be
introduced into the output of the speaker in this frequency region.
Similar cancellation effects would occur for those frequencies at which
the distance between the speaker diaphragm and the back reflecting
panel is a half wavelength, one and a half wavelengths, two wavelengths,
or any ever number of quarter wavelengths. When the distance is
such that it is an odd number of quarter wavelengths of the sound
being radiated, reinforcement takes place and an accoustic peak occurs.

However, the diaphragm of the speaker is not flat. The diaphragm
is generally of a conical shape. This means that the wavefront travel-
ing toward the rear is not a plane wave, but is somewhat spherical.
All parts of this spherical wave do not hit the back panel at the same
time. The forward bulging area of the wave hits first, then the other
zones of the sphere make contact. Consequently, the reflected wave
is sent back not in one plane but in a correspondingly varied spherical
pattern, and accordingly, it reaches the back of the diaphragm over a
period of time rather than all at once. In addition, the back of the
diaphragm, being generally conical, presents different path lengths
between its various sections and the back of the cabinet. As a result
of (a) these path differences from the back of the cone to the cabinet
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back and (b) the spherically delayed wavefronts, the effect of the
interaction of the reflected wave on the diaphragm is such as to pro-
duce a succession of fairly closely spaced dips and peaks in the mid
frequencies, where the wavelengths are comparable to the various dis-
tances from the back of the cone to'the back/of the cabinet.

In enclosures with large flat backs that do not have sound absorb-
ent material applied to them, the mid-ffequency region of response of
the system suffers from these irregularities. There are, of course, re-
flections set up within the cabinet between the other panels of the
enclosure. Because the sound glances off obliquely from one panel
and then subsequently goes from panel to panel like a billiard ball
bouncing from one cushion to the other, the path length, before the
reflection finally comes back upon itself, may be quite large. This means
that low frequencies will “roll” around the enclosure if they are not
damped, and the enclosure will sound like a rain barrel. It is chus
advisable to use sound absorbent material freely within the cabinet
to eliminate this wall-to-wall bouncing of the sound energy.

Although it is theoretically best to treat all the panels with sound
absorbent material, satisfactory results may be obtained by treating only
three non-parallel sides. Such treatment will obviously do away wich
the major cause of repeated reflection, the bouncing back and forth
of sound between the same two walls. In any event, the back of the
cabinet should definitely be treated, because this panel is the worst
offender as far as reflections upon the loudspeaker itself are concerned.
Next in importance is the top, because in the bass-reflex enclosure, this
is usually the panel closest to the loudspeaker. Any reflection from a
surface close to the source of the sound will be correspondingly more
intense if the surface is not treated. After the back and top have been
treated, either of the sides may be treated.

The application of sound absorbent material within the enclosure
does more than minimize reflection internally. It also prevents the
panels from being vibrated by the sound pressures impinging upon
the panels. The sound absorbing material, being resistive in nature,
reduces the intensity of the sound wave as the wave goes through it.

Corner Type Bass-Reflex Enclosure Reduces Internal Reflections

Internal reflection within the bass-reflex type of enclosure may
also be minimized by the proper geometrical design of the cabinet
and the vertical angle of the speaker mounting baffle. If the area of the
back panel is reduced, obviously there will be less direct reflection




MECHANICS OF GOOD ENCLOSURE DESIGN 281

THIS NARROW BACK REDUCES
DIRECT REFLECTING SURFACE
—— BACK TO SPEAKER MINIMIZING
SOUND PRESSURE REFLEC-
TIONS UPON REAR OF
//////,////////////,;///////// DIAPHRAGM

NONPARALLEL WALLS ELON-
GATE REFLECTED INTERNAL
PATH LENGTHS AND RAN-
DOMIZE THEM REDUCING
TENDENCY OF ENCLOSURE
TO GO INTO NORMAL
MODE VIBRATION

AR

st

Fig. 14-6. The "cornerless corner” enclosure minimizes internal mormal
mode vibration and reduces reflections upon back of speaker through its
non-parallel wall type of construction.

from the rear of the cabinet back upon the speaker. This effect may
be accomplished in enclosures of the “cornerless-corner” type, as illus-
trated in Fig. 14-6.

This type of construction decreases the overall area of parallel
surface both from back to front and from side to side, and inserts
instead oblique reflection conditions. The combined effect of this struc-
ture is to reduce direct back-and-forth and side-to-side reflection, and
to elongate the path of reflection, which tends to reduce the amplitude
of the reflection. Fortunately, this type of cornerless-corner construc-
tion also makes the cabinet adaptable for placement either against a
flat wall or in the corner of a room. This matter of placing the enclos-
ure in the room is an important one and will be discussed in more
detail in Part 3.

In addition to breaking up the internal reflections by this corner
construction, additional reduction in front-to-back reflection may be ob-
tained by tilting the front panel so that it faces in a direction about
ten degrees above the horizontal, as shown in Fig. 14-7. This elimin-
ates the parallel condition between the back and the front and causes
oblique reflections to be set up instead, hence the rear of the speaker
suffers much less from sound pressures impinging back upon it.

Horns do not Need Absorption Treatment

In the horn enclosure, the problem of sound absorption is some-
what different. Because of the continually expanding sections of the
horn, there are seldom any parallel walls between which reflections
may be set up, and therefore, sound absorbent material on the walls of
the horn is not necessary. In fact, it is possible that the placement of



282 THE ENCLOSURE

true sound absorbing material within the horn (on the interior walls)
may actually be detrimental to the operation of the horn. If the
material is truly sound absorbent, it is highly resistive, acoustically.

Since the wave motion that is propagated down the horn is in-
timately connected with the way the walls of the horn expand, it is
possible that the wavefront progressing down the horn would be re-
tarded where the outer sections of the wavefront come in contact with
the absorbent resistive material. If this happens, the smooth expansion
of the wavefront will be altered and the operation of the horn will
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not be strictly as designed. Soundproofing material, however, may be
applied within the compression chamber that houses the driver unit,
because in this section the sound pressure is high, confined, and in very
close proximity to the back of the speaker.

Suitable Absorbent Materials

There are many types of material that may be used for sound-
proofing enclosures. Among these materials are Celotex panels, Fibre-
glas panels, Ozite-type rug padding, Kimsul insulation material, or even
furniture stuffing. The Fibreglas and Celotex sections may be easily
tacked onto the panel to be treated, using roofing nails with large
washers underneath the heads to provide a firm grip on the soft fibrous
structure of the material. Old rug padding may be successfully used
if it is sufficiencly thick and not too tightly packed down. Kimsul is
sold at local lumber yards and builders' supply houses for purposes
of heat insulation. It is a soft fluffy matted paper material which may
be fluffed up into usable thickness and then stapled directly to the panel.
The material is sewn together in layers by the manufacturer, and does
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not come apart when used. Upholstering material may be padded over
the surfaces, and held down by porous cheesecloth or loosely woven
muslin cloth, and the entire section secured by means of ordinary
staples or long carpet tacks with washers beneath the heads. Whatever
material is used, as long as it is absorbent, at least V5-inch thick, and
applied to at least three non-parallel walls, there will be adequate
atcenuation of internal reflections within the enclosure.

Grill Cloth Should be Acoustically Transparent

One matter that does not always receive adequate attention in
enclosure design is the grill cloth that covers the cabinet. Too often
this material is selected on the basis of appearance rather than per-
formance. The grill cloth is just as much a part of the acoustic circuit
as any other section of the system. All the sound produced by expen-
sive speakers installed in the enclosure will go for naught if the grill
cloth put in front of them destroys the sound before it has had a
chance to get out. Especially severe are the high frequency losses that
may be caused if the cloth is opaque to these high frequencies. Many
a high-fidelity dollar spent on a good tweeter has been wasted by
covering the tweeter with an acoustically opaque material. If the grill
cloth is too dense, too heavily woven, or too closely woven, high fre-
quency losses will occur. One should also avoid using a woven type
of plastic material that looks like narrow seat caning strips. These
smooth flat strips may cause reflections back upon the tweeter source
if placed close to it, with consequent irregularities in high frequency
response.

There is a wide variety of commercially available woven plastic
grill cloths made from fibrous plastic filaments that are quite suitable
for closing off the face of the enclosure. If, however, the home con-
structor desires to select a grill cloth material that will be more in
harmony with the decor of his home, he must select this material on
the basis of its acoustic porosity. It should be relatively thin to the
touch. Its acoustic opacity may be roughly checked by inspecting it
optically. When held up to the light, the open spaces should be equal to
at least 50 percent of the area of the cloth, and the cloth should be
loosely woven. In applying the grill cloth to the front panel, it should
be tightly stretched and securely stapled or tacked down to the back
side of the panel, after being pulled around the edges. This ensures
that the grill cloth will not loosen up in the course of time. Should
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the cloth become loose or flabby, it may flutter against the flat panel
upon which it rests, and cause unpleasant buzzing on loud signals,
especially if it is a hard plastic cloth.
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THE ROOM
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cuarter 15: The Room as Part of
the Acoustic Circuit

The Listening Room Deserves Acoustic Consideration

Unfortunately, too little attention has been accorded the home
listening room in the general question of hi-fi reproduction in the
home. Probably the main reason for this is that the hobbyist must first
be introduced to, and learn to understand, the newest tools of the
art — the loudspeaker and the enclosure. Secondly,-of course, there
doesn’t seem to be much a man can do with his living room unless he is
willing to undertake a major rebuilding and refurbishing project. For-
tunately, however, if one has a basic understanding of what it takes to
make a good listening room, it will be found that there is indeed
much that can be done to make sure that the many dollars spent on
the reproducing equipment itself are not blown out of the nearest
window or lost in the nearest drapes. The vast store of knowledge
that has been accumulated on the acoustic problems of concert halls
may readily be applied to the listening quarters in one’s home. If we
are engaged in making “miniature music halls” in our own homes, as
all manufacturers of hi-fi equipment claim, we must extract what we
can from this background of knowledge and apply it in home-size
doses to get the best possible performance out of our hi-fi system.

Rooms are Basically Enclosures

It will be recognized that a room is an enclosure. There is no
basic difference between the room in which we listen and the enclosure
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in which the loudspeaker is mounted. There are, of course, differences
in degree. We will, therefore, find that the study of the room in which
we listen is virtually an extension of our previous analysis of baffles
and enclosures in general.

It will be recalled that in the wall infinite baffle, the baffle and the
room were actually one and the same. Although the other baffles and
enclosures described in Part 2 may not seem to be as closely connected
with the room problem, our further analysis in the next chapter will
show that a great interdependence does exist between these two ele-
ments. It will therefore help in understanding the problem of room
acoustics to consider a room in the same category as an actual loud-
speaker enclosure.

It will be recalled that enclosures fell into two general classifica-
tions. The “enclosure” type (such as the bass reflex) is a resomant
device. It has its own resonating characteristic determined by its size
and the opening into it. Then there is the anti-resonant enclosure (such
as the horn baffle), which theoretically actempts to attain a truly un-
resonant condition by approaching as large a horn mouth as possible,
consistent with the design flare of the horn. In a similar vein, we may
have resonant listening rooms and listening rooms which are anti-re-
sonant. The degree to which they ate one or the other is dependent
upon their shape and the quality and quantity of sound absorbent ma-
terial (or lack of it) that is deployed about the room. In general, “live”
rooms, rooms that are resounding and reverberant, are more resonant
than rooms that are “dead” and muffled.

We must not mistakenly use the word resomant as if it were a
desirable quality. True, we speak of the fine resonance of a stringed
instrument, or the full bodied resonance of a baritone’s voice. These
are resonances that are deemed desirable because they aid in the pro-
jection of the instrument or the voice. However, if a violin had a single
peaked resonant spot in the middle of the D-string tones, or if the
baritone could ellicit good projection at only one or two notes in his
alloted vocal scale, their music would be erratic in volume, unsmooth
in general projection, and difficult to listen to. Under these conditions,
resonance is undesirable. Just as we controlled the resonance peak of
the loudspeaker in order to get smooth operation, so we must temper
the resonance of the room so that the room will perform properly.

Rooms May Have Many Resonances

Unlike the loudspeaker with its one major resonance, rooms and
enclosures may in general have several resonances or “modes” of vi-
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bration. Acoustically, there is no great difference between a rectangular
room and a long tube. There is a difference in dimension, of course. In
the long tube, the major dimension is its length, and the frequency to
which it responds most easily is closely related in wavelength to the
actual length of the tube itself. A tube whose length is a half wave-
length of the sound being transmitted into it will reproduce that fre-
quency very efficiently from its open end. However, this is not the
only frequency that the tube will radiate. It will transmit all the har-
monics (overtones) of this one note, if these overtones existed in the
original signal, because the tube is still an integral number of half
wavelengths of these overtones. In like manner, rooms that are
roughly rectangular in shape may have very many natural resonances
or modes of operation, depending not only upon the length of the
room, but upon the other dimensions as well. These other dimensions
can develop their own resonance modes. It is therefore to be expected
that the normal living room will exhibit very many natural reso-
nances that are completely a function of the size of the room and its
relative dimensions, and partly a function of the liveness of the room.

Live Rooms Have Small Degree of Sound Absorption

Very resonant rooms are characteristically “live” rooms. The best
example of a live room in the home is a tile lined bathroom. These
hard smooth surfaces reflect sound almost as efficiently as mirrors re-
flect light. We are all good singers when it comes to vocalizing in the
bathroom, because the walls reflect our feeble voices back to our ears
and magnify our vocal powers many-fold. Our ears receive the same
magnified impression of the sound from the walls of the bathroom
that our eyes receive from the large concave mirror used for shaving
or cosmetic purposes. The constant and repeated reflection of the sound
from one hard wall to the other, with little absorption by these hard
smooth surfaces builds up the sound around the ear, giving it life, or
“liveness.” The fact that this quality of liveness in any room is a func-
tion of the normal mode of vibration of the room and the reflection
properties of the room leads to a situation that may be detrimental to
smooth audio reproduction.

Live Rooms Introduce Sound Pressure lrregularities

The reflection of sound from one wall to the other and the normal
mode of vibration of the room set up “hot” spots and null points of
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Fig. 15-1. Standing waves for low frequencies may be set up in a room
leading to “"hot spots” or "dead spors” for different locations along the
direction of the standing wave.

sound energy for different frequencies and for different areas of the
room. Because rooms are large “enclosures,” they vibrate and respond
most readily to long wavelengths (low frequencies). Thus, as shown
in Fig. 15-1, a standing wave may be produced for a particular frequency.
Under these conditions there will be in certain spots a peak condition
of sound pressure and in other spots there may be a complete cancella-
tion or reduction of sound pressure. This condition often makes for
disagreement as to what one person hears from the system and what
someone else hears. For instance, if the listener were at a spot where
there is re-enforcement due to the standing wave, he would hear “plenty
of bass.” If his companion were standing at a point of cancellation, he
would hear much less bass.

This is not such a completely hypothetical condition. It is a serious
situation that must be recognized in listening to systems. The reader
may prove this to himself if he has an oscillator, or even a test fre-
quency record. Select some note down in the 100-cps range and re-
produce it at fairly good volume. As the note is being sounded, move
slowly across the room, and you will clearly hear the great differences
in sound pressure for that note as you change position throughout
the room.

As mentioned above, this state of affairs may cause differences
of opinion between two listeners located in different parts of the room
as to whether or not a certain portion of the low frequency response
is missing from the system. In making a truly objective listening test,
it is therefore mandatory that a system be heard from many different
positions of the room. Obviously, if the listener’s easy chair happens
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Fig. 15-2. Standing waves may change the manner in which listeners in

different parts of the room bear the speaker output. Irregularities and

abnormal bigh and low level pressures are introduced at those frequencies
for which standing waves are set up.

to be located at a hot spot, or a null point, for a particular small band
of frequencies, he will consistently be subjected to frequency irregu-
larities in the response of the system. The matter of the location of the
listener is thus of considerable importance not only for low frequencies
but in connection with dispersion of the high frequency beam from
the loudspeaker system as well. Secondly, the actual placement of the
loudspeaker in the room, irrespective of the listening ear, will greatly
affect the final performance. These two latter matters will be discussed
in the succeeding chapters. It is of importance at this point, however,
to realize that because of the resonance condition of the room due to
its normal mode of operation and due to reflection from the walls, a
live room may produce many irregularities of response and materially
affect the smoothness of the system, as illustrated in Fig. 15-2.

Sound Decays Slowly in Live Room: Long
Reverberation Time

A ’live room,” in which there are excessive reflections from the
walls, will have a high “reverberation time.” The reverberation time of
a room is a measure of the way in which a sound decays after the
source of sound has stopped. This factor is defined as the time (in
seconds) required for the sound energy to decay 60 db, which is equiva-
lent to one millionth of its original power value, as shown in Fig. 15-3.
The actual value of the reverberation time of a room is a function of the
volume of the room as well as the reflective properties of the walls for
a particular frequency in question. Obviously, if the walls are highly
reflective, the sound will continue to bounce back and forth with little
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absorption at the reflective surfaces, and it will take a long time for the
sound to reach the low level of —G0 db in relation to its original in-
tensity. Similarly, if the room is very big and the walls are correspond-
ingly further away, the sound will not be attenuated as quickly by the
absorbing characteristics of the walls, and the sound energy will be
sustained longer within the room. Thus, in general, a large room has
a high reverberation time constant, and reflecting walls produce a high
reverberation time constant.

High Reverberation Time Produces Inarticulation
Now what does this reverberation time mean in terms of listening

effects? Let us take the case of the live room, the one that is highly
reverberant. As socn as the first note leaves the loudspeaker, it will

STEADY STATE SOUND

POINT AT WHICH SOUND SOURCE
1S STOPPED Fig.15-3. After the sound
source bas been stopped, the
DECAY OF SOUND IN ROOM sound in the room begins
AFTER SOURCE IS STOPPED to decay. The rate at which
it decays is a function of the
reverberation of the room.
Reverberation time is de-
-60 —fF——————— — = fined as the time in seconds
L | . — for the sound to decay
o 5 ) 1.5 60 db.

SECONDS REVERBERATION
TIME (1.3 SECONDS)

-]
|

DECIBELS

begin to travel into the room, hitting the walls, ceiling, floor, doors,
and windows, and will be reflected back and forth for a long period
of time before it is reduced by the necessary 60 db. However, while
this first note is bouncing around, other notes are coming out of the
loudspeaker. As a result, the first note may still be audible when the
second note is produced, and there is overlapping of the notes, as in-
dicated in Fig. 15-4. This leads to indistinct reproduction and poor
articulation of the program. Therefore, f0o live a room is detrimental
to good musical reproduction, on the basis of cleanness of reproduction
of the individual notes.

It would also appear that the degree of overlapping of these notes
would be a function of the #ype of music being reproduced. If, as an
extreme example, a composition were being played in which there were
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large gaps between notes as well as a slow tempo, a larger reverberation
time might be acceptable, for then one note would not run into the
other. However, in a fast staccato movement there would be a severe
loss of definition. There is no “optimum reverberation time” for all
applications. Therefore, in addition to the factors of room size and
reflective conditions (which determine the reverberation time of a

Fig. 15-4. When a room
is very “live"” its reverbera-
tion time is high and the
decaying sound overlaps
subsequently beard notes.
This leads to inarticulation
for fast speech and to in-
distinct musical reproduc-
tion.

SOUND PRESSURE

LONG REVERBERATION TIME
OF ROOM CAUSES SLOW
DECAY OF ONE NOTE TO
OVERLAP THE SUBSEQUENT
NOTE

particular room) we must remember that the actual musical composi-
tion will determine whether the reverberation time given by the pre-
vious factors is suitable. Although the constructor cannot do anything
about the type of music that comes out of his loudspeaker (other than
select it, of course) he can do something about his listening room. These
matters will be discussed in Chap. 17.

Live Rooms Sound Louder

Another characteristic of the highly reverberant room is that the
reproduction seems louder than normal for moderate audio powers.
This condition exists both objectively and subjectively. Since a high
reverberation time means that the sound is not being absorbed but is
moving around in “space,” the reflected sound is there waiting for
the ear to hear ¢ as well as the direct sound coming from the loud-
speaker. In other words, the ear receives additional acoustic power
because of the reflections. This increases the overall acoustic pressure
at the ear, which makes the sound louder to the ear.
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Fig. 15-5. A wvery live room gives the listener a feeling of largeness of

the room due partly to the many acoustic images that appear to come from

areas beyond the wall boundaries. This provides an artificial enlargement

to the original source of sound increasing the "acoustic perspective” of
the music.

Live Rooms Sound Bigger

Subjectively, a very live room also gives the illusion of largeness.
A small room with highly reflective walls may produce a feeling of
psychoacoustic spaciousness because of the moving around of the sound
within the enclosure. We may consider the reflecting walls as creating
new “acoustic sources” for the original sound, as shown in Fig. 15-5.
The reader will recognize the optical counterpart of this demonstration.
The ear in the location shown will hear the direct ray from the loud-
speaker and also the reflected ray, which will appear to be emanating
from a spot well in back of the wall itself. Thus the highly reverberant
room will be psychoacoustically enlarged.

Live Rooms Reduce Sound Directivity

It is also a characteristic of live rooms that the directivity char-
acteristic of the reproducing unit is considerably altered by the reflec-
tive properties of the room. Where the walls are highly reverberant,
the several radiating beams from the loudspeaker become greatly dif-
fused about the room by successive reflections, effectively increasing
the uniformity of the sound reproduction throughout the room in
respect to the higher frequencies. (See Fig. 15-6.) In fact, some con-
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structors have made use of this principle in building their tweeter
units into small enclosures in the upper ceiling corner of the room
so that multiple refleccions from the smooth walls in the ceiling area
and from the ceiling itself will help diffuse the high frequency radiation.

In the room that it too live, we may say then that deteriorated
articulation of the program will occur, that irregularities of low fre-
quency response will be produced within the room, that the system
will sound louder, that the sound will appear to come from a larger
area, and that the sound in general will be more diffused throughout
the room.

Dead Room Has High Absorption of Sound

Let us now examine the other extreme, the dead room. This is
a room characterized by a high degree of absorption of the sound at
the walls of the room. It is necessary to mention an important differ-
ence between the performance characteristics of the dead room and
the live room other than that of reflective properties. We discussed
above the matter of the normal modes of operation of the rectangular

LIVE WALL

Fig. 15-6. Due to the
many reflected rays in a
live room the directivity of
the sound as it reaches the
listener is a function of
the room liveness plus the
speaker directivity charac-
teristic itself.

SPEAKER

LIVE WALL

LIVE ROOM WILL CREATE MANY
REFLECTED RAYS

enclosure (the natural resonance of the room itself). However, reson-
ances can be set up only where there are reflective surfaces. (For the
sake of technical accuracy, it should be stated that an open end of a
tube may also be characterized as a reflective surface, inasmuch as its
abrupt termination causes impedance discontinuities and wave reflec-
tions back into the tube.) In our present instance, where we are
dealing with total enclosures, we shall proceed on the assumption that
to obtain normal resonances of the room we must have reflective walls.
It follows that although the frequencies of the normal vibrations within
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the room are governed by the dimensions of the room, the intensities
of the resonances are governed by the reflectivity of the walls themselves.
Suppose the walls were totally absorbing? The entire room would act
as a perfect “sink” for the sound energy leaving the loadspeaker. The
sound would all be lost in the completely absorbing surface, no waves
would be reflected, and there would be no normal mode of vibration
of the room. This, it will be realized, is the reason for treating the
insides of the bass-reflex enclosure with damping material; it is thus
prevented from setting up its own mode of resonance apart from that
dictated by its volume and the port opening size. Accordingly, then,
a total absorbing room will not only reduce the wall-to-wall reflections
but will also reduce the normal mode of resonance of the enclosure.

Dead Rooms Sound Softer

Because of the great lack of reverberance in the room with a very
short reverberation time constant, the room sounds dead. In relation
to a live room, the sound seems lower in intensity, because the ear
does not benefit from any reflected sound. In fact, the sound hitting
the highly absorbent walls will be completely lost in the absorbing
material, and will be lost to the ear. In effect, the overdamped room
is wasteful of acoustic power delivered to it, just as the overdamped
loudspeaker enclosure is wasteful of acoustic power delivered to its
incerior. The analogy between the loudspeaker enclosure and the listen-
ing room carries over completely.

Dead Room Sounds Smaller

In the dead room, there is also the psychoacoustic effect upon the
ear of the lack of sound coming to it from sources other than the
loudspeaker directly. In the case of the very live room, the reflected
acoustic images create an apparent source of sound that seems to be
behind the walls. This gives a synthetic depth to the source of the
sound; it seems to come from a large area. In the dead room, no such
reflection exists. As a consequence, the sound all appears to emanate
from the one point source of the loudspeaker itself, without benefit
of sound images from the wall. The end effect is to produce a feeling
of a small sound source playing directly to the listener in cramped
quarters. There is no acoustic “spread” to aid the acoustic imagination.
The loss of ambient sound around the listener’s head thus shrinks the
sound source in perspective as well as in amplitude (Fig. 15-7).




THE ROOM AS PART OF THE ACOUSTIC CIRCUIT 297

Dead Room Makes Sound More Directive

In the matter of the dispersion characteristic within a very dead
room, the total characteristic is controlled almost completely by the
speaker characteristic itself, and by the placement of the speaker in
the room. Where there are no reflections from the wall, there is no
diffusive assistance to the various rays of sound coming out of the
loudspeaker. In such a room then, the high frequency distribution of
the system depends solely upon the loudspeaker and baffle combina-
tion. If the speaker high frequency beam is sharp, the position of the

DEAD WALLS ABSORB MOST
OF THE SOUND AND REFLECT
VERY LITTLE\

Fig. 15-7. Dead room
eliminates sound reflections
to the observer, and the
sound appears to come
moredirectly from the loud-
speaker. T'he acoustic spread
of the sound source is thus
narrowed down and the
room shrinks psychologi-
cally.

SPEAKER "REDUCED"
>

ROOM SIZE

"DEAD" ROOM WILL ELIMINATE THE
REFLECTION OF SOUND TO THE
LISTENER

listener in the room will determine how much and how many highs
he will hear. As far as the low frequencies are concerned, however,
the dead room exhibits fairly uniform distribution characteristics free
of standing wave effects. There are few low frequency hot spots or
null points throughout the room, due to the absence of standing waves.
This means that the dead room has #niform low frequency response
characteristics without hills or valleys, but at the expense of reduced
apparent power.

Reverberation Time Depends Upon Room Size

It was pointed out above that the reverberation time of a room
is a function of the volume of the room and the absorption character-
istics of the wall surfaces. The room size is rather closely related to
the degree of reverberation desired in the system. In general, small
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rooms should have less reverberation time than large rooms. When
the listener is in a small room, he naturally finds himself closer to the
loudspeaker enclosure and closer to the sound reflecting surfaces. Re-
flection will therefore reach the listener sooner from these close walls
than from the walls of a larger room. Consequently, if it is desired
to maintain the same clarity of separation between notes in the small
room as compared to the larger room, the time taken for the reflected
sound to reach the ear in the small room will have to be reduced.
Accordingly, the smaller room should have a reverberation time
smaller than that of a large room, for the same type of program ma-
terial. In the large room, where the ear is far from the source of
sound and far from the reflected sound, time must be allowed for the
reflected sound to reach the ear from the greater distances of the com-
paratively far away walls, and so the reverberation time may be longer.



cusrrer 16:  Placing the Enclosure in the Room

Enclosure Placement in Room Affects Ouverall Performance

In the previous chapter we discussed the degree of the reflection
of sound by the walls of the room in connection with the reverberation
characteristics of the room. It was pointed out that the quality of these
reflections made the room a very integral part of the acoustic circuit.
However, there is one other important manner in which the room
affects the acoustical performance of the system, and that is in actually
changing the “baffle” characteristics of the enclosure by the placement
of the enclosure in certain specific locations of the room. It is with
this aspect of the problem that we are presently concerned.

Closely Located Image of Speaker “Enlarges” Speaker Size

It was seen that in a live room the reflected ray of sound energy
coming to the listener’s ear gave rise to a virtual new source of sound
apparently on the other side of the wall. For all practical purposes,
the wall created a new source of sound, which, in the discussion of
teverberation properties, was credited with lending increased acoustic
perspective to the system. However, there is more to the question of
reflected sources of sound than their accumulated “perspective” quali-
ties. It is actually possible to increase the low-frequency efficiency of a
loudspeaker-enclosure combination by judiciously choosing the proper
place in the room for the system. If the sound source produces an
image of itself close to the original source of sound, the reflected

299
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image, which is a real source of sound that works back upon the
primary source (the loudspeaker), changes the loading characteristics
upon the speaker, effectively increasing the “size” of the speaker by
an amount proportional to the size of the “image.” The acoustic cou-
pling that exists between the primary source (the loudspeaker) and
the image is such as to increase the radiation resistance for the original
vibrating system, because of the apparent increase in size of the source.
The more sources of reflection there are close to the original source,
the better the radiation characteristic.

Mid-wall Placement: No Image

For purposes of developing this thoughe, let us place a loudspeaker
in the center of a wall and well above the floor. In this case, the fact
that the speaker is removed far from all reflecting walls means that
any images formed on the walls are comparatively weak and far from
the speaker, and are relatively ineffective in changing the original per-
formance of the speaker. Thus, in this mid-wall position, the operation
of the speaker is completely a function of the capabilities of the speaker
itself in its wall baffle.

Baseboard Center Wall Placement: One Image, Plus
“T'wo-Sided Horn”

Now let us move the loudspeaker down to the bottom of the
wall so it is near the floor, as shown in Fig. 16-1(A). Because low
frequencies diffract so readily, the low frequencies from the loud-
speaker in the present position will immediately bounce over to the
adjacent floor plane, which lies in such close proximity to the speaker.
Because the floor is so close, the low frequency beam from the loud-
speaker will create a sharp image of itself in the floor and bounce
away from the floor. In effect, we now have two sound sources close
to one another, one original and one reflected. The fact that the floor
area where the image is formed does not vibrate while the image is
radiating does not in any way detract from its action as a piston source
roughly equivalent to that of the original source. Accordingly, we
ought to be able to apply the same radiation resistance relationships
for this created image as for the original source — the radiation re-
sistance the piston sees is proportional to the frequency times the
diameter of the piston. It would seem then that we now have two
piston sources of a total area almost twice the original area of the
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Fig. 16-1. The speaker close to the floor creates an acoustic image of
itself. These two sound sources, close together, form a larger single source
located at the apex of a "horn” formed by the wall and the floor.

speaker. Consequently, we should expect considerably better low fre-
quency response for this system because it has effectively a product of
frequency and area that is twice as large as the original. Although the
mutual radiation coupling is not quite as large as this approximation
shows, there is sufficiently greater radiation resistance in this position
to warrant placing the speaker close to the floor.

This artificially increased piston size is, however, not the only
action that comes into play when the speaker is located in this posi-
tion. If we were to take a cross-section down through the wall and
the floor as shown in part (B) of Fig. 16-1, we would readily recog-
nize that the corner formed by the wall and the floor presents a form
of horn that feeds the room. The horn thus formed is driven by the
original source of sound and the secondary source close to it at the
apex of the horn. Although this is not a true horn, it certainly repre-
sents a good approach to a horn, much better in fact than the simple
speaker placement in the center of the wall. It is fortunate, of course,
that almost all of today’s loudspeaker enclosures are placed on the
floor, and this baseboard “horn” coupling does exist. Those few in-
dividuals who use the wall infinite baffle necessarily deprive themselves
of the benefits of such auxiliary floor-to-wall loading.

Corner Placement: Two Images Plus '"Three-Sided Horn”

We may now extend this concept to the adjacent wall of the
room by placing the loudspeaker in the actual corner of the room (but
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Fig. 16-2. When the speaker is placed down in the corner, two acoustic
images are formed on the wall and floor. These multiple sound sources,
located in the corner, act a5 a single larger radiator at the apex of a three

sided born.

still on one of the walls) as shown in Fig. 16-2. Incidentally, this
should not be interpreted to mean that we are talking about room
corner horn enclosures as such. They are a separate application, which
we will discuss in later paragraphs. Our present comments have to
do with any kind of enclosure or loudspeaker placed in the corner of
the room. In this case, there will be two images formed from the
original speaker, one on the floor, and one on the other wall. In com-
bination, then, these images and the original speaker all close to one
another will result in a total radiation resistance far greater than that
of the original speaker, because of the great increase in the effective
area of the combined “diaphragms” (the original and the images).
Equally important, however, is the improved “horn” that results with
the speaker placed in this position. The corner of the room now con-
stitutes 2 large three-sided megaphone working directly into a room
closely coupled to it. Thus the corner of the room causes the speaker-
enclosure combination to be better loaded for the low frequencies,
because of the coupling of the speaker to the walls in one concentrated
location, creating multiple images of itself, which are then horn-loaded
by the corner of the room to be projected into the room with con-
siderably improved efficiency.

In Bass-Reflex Enclosure, Port is Aided by Corner

Although in general these conditions hold if the speaker is close
to the reflective surfaces, it is often a practical impossibility to achieve
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such close coupling because of other extenuating circumstances. If
the speaker-enclosure system is of the bass-reflex variety, it is often
the custom to put the loudspeaker near the top of the cabinet and
the port near the bottom. This is done so that the high frequencies
that come directly from the face of the loudspeaker may be more
nearly at ear level. With the speaker at ear level, the listener obtains the
maximum benefits of the high frequency response of the system. This
placing of the speaker at ear level substantially removes the speaker
from floor coupling, although the wall coupling still exists. However,
if the port of the enclosure is designed to couple close to the floor, the
benefits of wall and corner coupling are obtained through the radia-
tion of the port rather than of the speaker itself into the floor area.
If the enclosure is of the cornerless-corner type, or even if a rectangu-
lar type is placed in the corner, the port will still engage the corner
of the floor, and the speaker itself will engage the two adjacent walls,
and very good corner coupling of the enclosure to the room will result,
with commendable improvement in low frequency response.

There may, of course, be some cases in which it is impossible to
place the enclosure in the corner, and placing it against the flac wall
area is a necessity. This may, of course, be done only with the type
of enclosure that does not employ the walls of the room as part of
the enclosure. With the self-contained enclosure, which has all its
own wall sections, whether it is the bass-reflex type or the horn type
as shown in Part 2, Fig. 8-2(C), placement at the center of the wall
is possible. The question that arises here is the choice of the wall
against which to place the enclosure. Shall it be against the long wall
or the short wall?

This question may be resolved by again considering the wall and
the floor as constituting a two-sided horn, feeding the room. If the
enclosure is put against the long wall, the horn is more “open-sided”
than if the short wall is used. That is, the side walls of the horn
are widely separated. If the enclosure is mounted against the short
wall, the horn is not quite so open, for the other side walls are closer
to the enclosure and produce more of a horn effect feeding the room.
It is, therefore, advisable to place the enclosure against the shorter
wall of the room, if it cannot be placed in the corner.

Inasmuch as the corner of the room appears to offer such favor-
able conditions for the reproduction of low frequencies, it is only
natural thac enclosures have been developed specifically for the corner.
In fact, these enclosures, designed to operate only from the corner,
actually use the walls of the corner of the room as part of the horn
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Fig. 16-3. A folded horn when placed in a corner actually puts the start
of the born bebind the corner, which effectively elongates the corner of
the room into a better horn.

construction. They should not be confused with the construction of
the cornerless-corner horn, which may be put in the corner if desired,
with all the benefits of corner loading, or in the middle of the room,
and still function as a pure horn, but without the benefits of corner
loading. (See Fig. 8-2D.) The horn intended to operate directly with
the corner wall is of the type shown in Figs. 8-5 and 8- (the Klipsch
and the Lee). What does placing a folded horn of either of these two
types in the corner of a room produce in contrast to placing an ordinary
box type enclosure in the corner?

Horn Enclosures are Extended by Room Corner

The box type enclosure will, of course, benefit considerably as out-
lined above. The horn enclosure will benefit much more in propor-
tion. Since these horns are all of the folded variety (in order to obtain
the proper length of horn in a reasonable living room size), the actual
acoustic column length within the horn may be somewhere between
five and seven feet. If we could now unfold the horn, leaving the
mouth area where it is in the corner of the room and extend the
straightened horn towards the back, the horn would obviously extend
into the area behind the corner. In other words, if we want to consider
the source of sound in the horn, we find its virtual location removed
several feet behind the corner with the horn protruding into the corner
as shown in Fig. 16-3. By this expedient we have not only elongated
the horn effect of the room corner but we have obtained even better
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SPLIT FOLDED
HORN

CORNER ENCLOSURE UTILIZING
THE ROOM WALLS AS PART OF
THE HORN SHOWN WITH TOP
REMOVED

(Afrer Klipsch)

TWO WALL
MOUTHS

SPLIT FOLDED HORN, UNFOLDED
PLACES START OF HORN BEHIND
CORNER

DUAL SMALLER MOUTH COUPLING
TOWALLS, TO BAFFLE PANEL
BETWEEN MOUTHS, AND TO FLOOR

Fig. 16-4. The split folded horn couples into the corner of the room
through two mouths, with the horn sections effectively removed bebind
the corner.

coupling into the room corner. The overall effect of a horn enclosure
in a corner of the room is to get high efficiency, low frequency sound
well projected into the room.

Inspection of the horn intended solely for corner use (Figs. 8-5
and 8-6) will show that its final configuration is not quite as simple
as shown in Fig. 16-3(B). It will be observed that this corner de-
pendent type of horn actually has two mouths on the sides separated
by a panel board between them, which actually is the housing for part
of the horn. Hence, the horn is split into two symmetrical horns start-
ing from a single throat, folded side by side and coming out of separate
mouths. Accordingly, if we were to represent this structure in its
unfolded state as it couples into the room, we would have the structure
shown in Fig. 16-4, in which are shown two hotns of comparatively
smaller mouth dimensions coupling into the side walls with a common
baffle between.

Comparing these two structures, we see that there is a difference
in the manner in which the self-contained horn, Fig. 16-3, and the
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Fig. 16-5. Placing the enclosure in the corner of the room will minimize

standing wave pattern and will thus produce more even distribution of low

frequencies thronghonut the room with absence of hot spots or null points,
in addition, of course, to better low frequency response in general.

corner integral horn, Fig. 16-4, couple into the room. In the self-
contained horn with its large one-piece mouth, the horn is coupled
to the two walls and the floor with the sound from the mouth distri-
buting itself rather evenly between the three planes because the mouth
is symmetrically placed with respect to them. In the case of the integral
corner horn, the sound is more closely coupled to the walls of the
corner rather than the floor, with additional coupling from the two
mouths to the flat panel between them, which then in turn couples
into the corner. In the former, there is direct horn coupling to the
corner; in the latter there is combined horn coupling to the walls and
“baffle” coupling into the corner. In both cases, however, once the
coupling has been established, the corner radiation takes effect and the
horn is well coupled to the room.

Corner Placement Minimizes Room Standing W aves

Placing the enclosure in the corner of the room has another bene-
ficial effect upon low frequency reproduction. Corner placement mini-
mizes standing wave effects within the room. Figure 16-5 compares
the two paths that may be taken for a particular low frequency sound
ray from a corner placement and a center wall placement. The corner
placement sends off the rays at an oblique angle to all the wall surfaces,
hence the sound must bounce around from wall to wall many times.
In this case, the sound energy would seldom find itself travelling back
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Fig. 16-6. Corner placement of enclosure not only helps lows, but also
insures that the listener is aluways in a very favorable position for tne
reception of the bigh frequencies.

toward the loudspeaker along the same line as the original radiated
sound. As it is essential for the setting up of standing waves to have
the incident sound energy and the reflected sound energy travelling
in opposite directions but along the same line of travel, standing waves
are not ordinarily set up when corner placement is used. In the case
of the flat wall setup, however, the reflection from the wall falls back
upon the incident or transmitted energy and standing waves are
readily set up.

Corner Placement Improves High Frequency Coverage

Although not specifically affecting the high frequency dispersion
from the loudspeaker, placing the enclosure in the corner of the room
may provide better high frequency coverage over the room as a whole.
There are, of course, high frequency reproducers designed to give wide
angle coverage through the design of the radiating horn. The various
types of tweeter horns, such as the reciprocating flare type and the
diffraction type, do generate considerable high frequency sound energy
at a wide angle from their horn axis. However, despite the spread
that may be obtained from the horns designed for this application,
there is still much to be gained for the listener if he is placed closer
to the axis of the horn. Figure 16-G illustrates the fact thac when the
speaker is in the corner of the room, the listener cannot possibly be
more than 45 degrees off the axis of the horn, because the corner of
the room subtends at the most an angle of 90 degrees. On the other
hand, in the case of the wall placement, the listener may find himself
as much as 90 degrees off of the axis of the high frequency horn. Con-
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sequently, from the corner placement, more uniform high frequency
coverage will be obtained throughout the room.

Thus, for high efficiency low frequency reproduction and for more
uniform high frequency coverage, it is of specific advantage to place
the enclosure in the corner of the room. Whether it is a simple bass-
reflex enclosure or a horn-loaded type, it will work better in the corner
of the room.

There Should be No Obstacle Between Ear and Sound

Since the ear is just as much an element in the acoustic circuit as
the loudspeaker and its enclosure, we must consider the problem of
placing the ear in the correct position in the room as well as placing
the enclosure in the right position. It should not be inferred that there
is only one best place for the listener to sit to enjoy his system. What
is important is to realize that there is a certain relationship that should
obtain between the loudspeaker, the room, and the ear if all the benefits
of a hi-fi system are to be enjoyed.

Obviously, we desire the same effect in the listening room as in
the concert hall. It would be completely distracting to a listener in an
auditorium if he were to be placed behind a post. Of course, his vision
would be hindered, but he would suffer auditory discrimination as well.
Essential parts of the musical spectrum would be blocked from his ear
and he would not get the full benefit of the music. However, such a
situation seldom arises in the concert hall. Such rooms are designed
to give a completely unobstructed line of hearing from the stage to
the listener, no matter where he sits. This then should be one of the
prime objectives in arranging one’s high-fidelity music room. As ob-
vious as this precept seems, it is too often violated, unintentionally, of
course, to the detriment of the system as a whole.

Now there is a distinction between making sure that there is an
unobstructed path of sound between the loudspeaker and the ear, and
the principle of point sources of sound. The two are by no means the
same. Point sources of sound are to be avoided if realistic concert
hall reproduction is desired. By no stretch of the imagination does
a point source of sound exist in the concert hall. In the case of the
full orchestra, naturally, the sound comes to our ears from a very wide
acoustic aspect. Even in the case of a soloist with a small inscrument,
or a singer, despite the fact that the sound they produce comes vir-
tually from a point source, our ears hear that original sound plus all
the reverberant sound of the hall. So we hear not a point source
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of sound, but a diffuse source of sound added to the point source,
tending to give an illusion of breadth. Point sources of sound are to
be avoided for the sake of acoustic realism. However, direct line of
“sight” to all the sources that provide the music should be maintained.
If the source is a simple enclosure, there should not be any “pillars or
posts” between the listener and the enclosure. An obstruction will
simply cause a reduction of the high frequencies because they will
not diffract around the obstacle as easily as will the low frequencies.
Consequently, the program material will be unbalanced.

There Should be No Absorption Surfaces Close to the Ear

The closer the obstruction to the listener, the worse will be the
masking effect upon the high frequencies. As an example that is not
too far from typical, consider the listener to be seated in a wing back
chair with his head comfortably resting in the corner of the wing, Several
things may now happen. Even if his chair is placed so that it faces
directly out into the room, the wing section may completely block the
sound from coming to one of his ears, and the overall effect will be
one of muffled highs. Moreover, if the chair is of the deeply overstuffed
variety, the listener’s ears will be closely surrounded by highly absorb-
ent material, which will have the same deadening effect as the ob-
structing wing itself. Perhaps this raises the general question of hi-fi
“furniture.” Well, to be truthful about the matter, the acoustic prop-
erties of furniture have been of considerable concern to the designers
of the music halls and concert rooms. They figure quite prominently
in the acoustic equations that determine how well the room is going
to function. Tables of absorption coefficients for many types of up-
holstery are available, showing the relative absorption of the fittings,
and such factors are closely integrated into the calculation of the re-
verberation time of the room itself. This matter will be illustrated in
the next chapter, where it will be shown how the room may be ad-
justed acoustically to provide the proper liveness for good all around
musical reproduction.

Getting back to the listener’s chair, even if it is a hard back
slender occasional chair, we may still run into difficulty if the chair is
placed against a heavily draped wall. The highly absorbent draped
area will cause deadening of the program brilliance because of the
elimination of the apparent “wall source sound” near the head. With
the absence of the reflective surface close to the ear, all the ear hears
is the original sound from the speaker, without benefit of any room
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diffusion. This results in pinpointing the sound back at the speaker
area, a condition we try to avoid. Consequently, despite the overall
liveness of the room, if the listener’s ears are close to heavily absorbent
material, the program will be deadened.

Perhaps the simplest example with which to illustrate the im-
portance of the listener position in relation to the enclosure is to suggest
that the reader leave the room in which his system is playing and go
into some adjacent room. Immediately, he will sense the loss in bril-
liance and in the “presence” of the music because he is out of direct
line of hearing from the system as a whole. It is thus seen that the
combined effect of the listener’s position and the loudspeaker-enclosure
position in the listening room is one that may very greatly affect the
overall performance of the system.

Enclosures and Their Placement for Binaural Listening

Before we leave this specific subject and go on to the matter of
adjusting the room to match the system, it is necessary to spend a few
moments on enclosure placement in connection with “binaural” or
“stereophonic” program material and sources. The question of binaural
or stereophonic reproduction is befitting a study all by itself, and is
beyond the scope of this book. However, despite the pros and cons
of the argument, there is no question that such reproduction is con-
siderably different from the more simple conventional program sources.
Despite the fact that there is no unanimity of opinion as to the best
form of such binaural reproduction, or whether it is really “z#”-dimen-
sional, the fact remains that added acoustic petspective and spread is
produced by these systems, resulting in increased realism of reproduc-
tion. There are today several “binaural” broadcast programs which
may be enjoyed by individuals who have separate a-m and f-m re-
ceivers; also there are binaural discs and tapes for those who have
the reproducing equipment to handle them.

The placement of the loudspeaker enclosures for binaural re-
production is somewhat more critical than for conventional monaural
reproduction, and the placement of the listener is also of greater im-
portance. If the enclosures ate of similar kind (as they should be for
optimum performance) they should be placed in parts of the room
that are acoustically similar. Thus, if two corner systems are used,
they. should be placed in two similar corners. If the enclosures are
of the non-corner type, they should be placed along a wall that is
symmetrically decorated. The objective of this precaution is, of course,
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to ensure that the acoustic properties of the walls are the same for
both enclosure systems so that they will have the same acoustic com-
pensation. For instance, it would be undesirable to have one-half of
the wall heavily draped, and the other bare, with the enclosures lo-
cated in front of these vastly different acoustical fronts, which would
change the acoustic performance of the systems.

The enclosures should not be too close together, for their repro-
duction would then merge into a point source, and the binaural effect
would be lost. On the other hand, the enclosures should not be placed
too far apart; the various musical sources would then become too
“disembodied” from one another and there would be a loss of integration
of the musical group. The room should not be too live or the resultant
excess diffusion would defeat the stereophonic positioning of the sound
sources. The listener should be seated equidistant from both systems.
This insures that he will get the optimum balance of sound between
the two systems without electrically overdriving one system over and
above the other. This is to say that both systems should be played at
equal loudness, and that for equal reception from both sources, the
listener should place himself roughly equidistant between the two.




CHAPTER 17: Adjusting the Room
to Match the System

Irregular Rooms Provide Desired Characteristics

Unfortunately, in many instances the room in which the hi-fi sys-
tem is installed is not determined by how well the room is suited to
such equipment. In most instances it is the living room. Although
the living room of a particular house may be an ideal place for social
gatherings, it might lack some important prerequisites for good acoustic
petformance. If the loudspeaker enclosure must be located in the
living room, even though it is originally unsuitable, adjustments may
be made to the room to bring it into a suitable condition to do justice
to the hi-fi system.

It is seldom, however, that the living room is so poor that the loud-
speaker enclosure cannot be installed in it. Perhaps it is more than sim-
ple coincidence that the general optimum shape of a good listening room
at home is very closely related to those dimensions which also make it
easy to look at or to live in. One seldom finds perfectly square rooms
in a house because they lack eye appeal; square rooms are also poor
acoustically, for they easily set up undesired natural modes of vibra-
tion. Long narrow rooms are also seldom found in homes because
they cause much difficulty in furniture arrangement and are equally
“unpretty” to the eye; acoustically, long narrow rooms introduce tubu-
lar resonances that are a function of the length of the room, which is
also undesirable. Somewhere in between the perfectly square room
and the long narrow room, there is a compromise that is of the right
size esthetically and of suitable proportions acoustically. Statistical
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studies have shown that the room dimensions that provide the best
results are those that fall in the ratio of approximately 1 : 1.3 : 1.6
(height to width to length). Naturally, these figures may be juggled
with faitly good results. One would hesitate to completely discard
a room for hi-fi purposes if its dimensions were 20 to 30 percent away
from this optimum, for it should be remembered that this figure holds
for a rectangular room only. Many of today's modern living rooms
are combined living rooms and dining alcoves built in the shape of an
ell, and the above figure of the overall ratio of the dimensions of a
good room would not hold for the latter combination. In fact, an
ell shape may be better than a perfectly rectangular room, for irregu-
lar shaped volumes tend to minimize room resonances. Room shape
then is as important as room condition.

The first step in adjusting the room to the system is to select a
room that is not square but roughly of the above proportions. If,
perforce, one finds it necessary to use a room that deviates considerably
from this ideal, compensations may be made through the treatment
of the room that will considerably ameliorate the otherwise adverse
acoustic conditions. However, more often than not, the listener’s hi-fi
room is close enough to the optimum. Most of his concern will be
with the treatment of the room rather than with its shape.

Room Must Have Acceptable Reverberation Time

The prime concern in adjusting a room for satisfactory acoustic
performance is to provide it with the right amount of liveness so that
the musical reproduction will be real and vibrant, or “lifelike.” The
qualities that determine the liveness of a room are the physical volume
of the room and the degree of reflection and absorption by the walls
of the room in addition to the effects of furniture and people in the
room. The combined effect of all these factors is summed up in what
is called the reverberation time of the room. This was previously de-
fined as the time it takes for a given sound to drop 6O db from its
original level after the sound producing element has stopped operating.

That the reverberation time of a room may be greatly changed
simply by its decorative treatment is certainly well known to every-
body. When one walks into an empty apartment devoid of furniture,
rugs, draperies, and the like, the least little whisper resounds through
the place. However, as soon as the same apartment is made livable
with the usual apertenances of home decorators, the “resounding” na-
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ture of the room, its reverberance, has been reduced. Speaking more
technically, its reverberation time has been reduced.

Reverberation Time Dependent upon Room Size and
Program Content

What then constitutes the proper reverberation time for the average
listening room at home? Just as there are many factors that determine
what the reverberation time may actually be, there are many factors
that determine what it should be. The optimum reverberation time
will vary with the frequency of the sound being radiated, with the type
of program, and with the size of the room. Perhaps the most interest-
ing of these factors is the matter of the program material. The articu-
lation of a man’s speech may be completely obliterated if he talks at
a rapid-fire rate in an auditorium that is highly reverberant. His echoes
come back in such profusion that his original delivery is completely
lost. On the other hand, if slow organ music were to be played in
the same auditorium the room would properly re-enforce the musical
characteristic by allowing the pipes to “resound” throughout the edi-
fice. Because of this question of the program material, we see at once
that the proper reverberation time for a room must be selected by
judicious compromise. In fact, researchers in the problem of room
acoustics have actually classified the proper reverberation time of a
room in terms of what composer’s work is being performed.

Of course, even the acoustical engineer cannot be that precise
in designing his buildings, even though they may be devoted entirely
to the performance of a particular type of music. He may, however,
use a sliding scale of optimum reverberation time for particular types
of reproduction such as small classrooms intended for simple tutorial
purpose, through medium sized auditoriums for solo work or small
ensemble groups, to large concert halls and opera houses for the pro-
duction of massive works. These sliding scales have been worked out
with statistical methods after very many researches on existing structures
of known acoustic quality of performance, in addition to laboratory
analysis of the factors circumscribing the problem. From all these
studies there has evolved a set of figures that are applicable to the
home as well as to commercial buildings.

For the home, the reverberation time that will produce optimum
listening conditions ranges from 0.75 second to 1.25 seconds, depend-
ing upon the room size and the type of music. These factors are
tabulated in Fig. 17-1, from which is will be noted that for a given
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Fig. 17-1. The optimum reverberation for a given room depends upon

the size of the room and the type of sound being produced. A large room

requires longer reverberation time. "Fast” music requires short reverbera-
tion time.

size room, organ music requires the longest reverberation time, while
speech material requires the shortest reverberation time. How then
do we go about achieving this desired room characteristic?

Liveness of Room may be Adjusted by Absorption Materials

As complex as the art may be that enables us to make the neces-
sary adjustment to the room for optimum listening pleasure, the appli-
cation of the principles is exceedingly straightforward and simple. In
order to apply these principles intelligently, however, it is necessary
to understand them in their simple technical aspects. We know that
we can make a room live by making the walls reflective, as are the
tile walls of the bathroom, or we can make a room dead by making
the walls absorbent, as in a heavily draped foyer. The reverberation
time depends then upon the amount of absorption of sound by the
walls. In the acoustic laboratory there are many ways in which the
reflection or absorption characteristics may be measured. As in all
measurements, there must be a standard unit against which other
quantities are measured. Dimensionally we use the inch; electrically
we use the ohm. In acoustics, we use the term “sabin” as the unit in
which absorption of materials is measured. This term stems from
the name of the man who did much of the pioneer work in the field
of room acoustics, Wallace Sabine.

One of the problems with which Sabine concerned himself was
the matter of the absorption characteristics of materials. As in all
measurements there had to be a standard “yardstick” of absorption.
Sabine decided to use literally “nothing” as his yardstick against which
to measure absorption. His “nothing” was simply an open window.
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Obviously, if the window is completely open it can reflect no sound
at all; all the sound approaching it must go through it. The open win-
dow must then act as a perfect absorbing device, for it reflects no sound
at all. Here then is the unit against which other materials may be
compared. If a slab of material placed in the open window reflects
half the sound that hits it, the other half must have entered the material
to be completely absorbed by it and/or subsequently transmitted through
it. Then we may say that this piece of material has an absorption co-
efficient of 0.5 as compared to the open window. The higher the value
of the absorption coefficient, the more absorbent is the material ( maxi-
mum value of 1.0 for the open window).

Absorption Varies with Type and Amount of Material

In this manner the absorption of many materials may be measured
and tabulated for use where a knowledge of the sound absorbent prop-
erties of the materials is necessary for the computation of other acou-
stical data. Such a table is given in Fig. 17-2, listing the absorption
coefficients of various types of material that may be found in the
average living room, or for that matter in any room of the house. In
addition to these we have listed the total absorption units of objects
and individuals in the room; after all, not only do their ears absorb
the sound, but their bodies absorb sound energy. Note that absorp-
tion units differ from absorption coefficients; the latter are simply
numerical ratios with a maximum value of unity, showing what pro-
portion of the sound is absorbed by the exposed surface; the former
units show the zoz4/ absorption effect of an object on the sound energy.
One unit of sound absorption is produced by a material with a surface
area of one square foot and having an absorption coefficient of 1.0.
We will have more to say about this audience problem in later para-
graphs. Our present concern is how to make use of the above tabulated
data in adjusting the room acoustically.

A Simplified Approach to the Room Adjustment Problem

Stating the problem directly, we wish to determine how much
and what kind of material we need to apply to a room of a particular
size to achieve the optimum reverberation time as called for by the
type of music we are going to reproduce in the room. Before going
into the method of solving this problem, it is necessary to comment
on the approach to the problem. It is possible to make a very accurate
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COEFFICIENTS OF ABSORPTION FOR USE

IN APPROXIMATING THE TOTAL ABSORPTION

OF A ROOM FOR PURPOSES OF ADJUSTING IT

TO THE PROPER REVERBERATION TIME (SEE TEXT)

MATERIAL 128 CPS | 512 CPS [ 4096 CPS
- FIBREGLASS (1" THICK) 17 .91 77
ACOUSTIC CELOTEX (1") .25 .99 .50
WOOL CARPET ON PAD 20 .35 .40
o | DRAPERIES
Zz)
23 | qung [LIGHT WEIGHT .04 Y| .38
ZEQ FLAT 9 MEDIUM WEIGHT .05 a3 37
ot HEAVY WEIGHT .05 .35 .37
<= | DRAPED ¢ LIGHT WEIGHT .06 .40 .58
TO 172 { MEDIUM WEIGHT .07 49 62
LwIDTH L HEAVY WEIGHT .14 .55 .62
* CONCRETE UNPAINTED .0l .02 .03
‘;‘3 BRICK WALL UNPAINTED .02 .03 .06
£2 ] w000 FLOOR .04 .03 .02
W& LINOLEUM ON SOLID FLOOR .04 .04 .02
L'l | PLASTER ON METAL LATH AND
«= | wooD STuDS .04 .04 .04
LGLASS .04 .03 .02
TOTAL ABSORPTION
INDIVIDUAL OBJECTS umTos
MOHAIR TYPE UPHOLSTERED CHAIR 2.5 4.5 4.8
ALL WOOD CHAIR .18 .24 .37
ADULT PERSON, STANDING 2.5 4.2 5.00
ADULT PERSON IN UPHOLSTERED CHAIR 3.0 4.5 5.2
CHILD 1.8 2.8 3.5

Fig. 17-2. Absorption properties of material in the home, including in-

dividual objects. Although the absorption varies with frequency, the value

given for 512 cps may be used satisfactorily because of variations prevalent

even in similar materials.

analysis of the treatment necessary for a room if all the pertinent sta-
tistics are available. It is not merely enough to know that a wall is
plastered in order to know what its absorption coefficient is. There
are several different types of plaster which may have different absorp-
tion characteristics. Even the way the plaster is supported will make
a difference in its acoustical properties. Plaster on hollow tiles will
have one characteristic absorption. When applied over metal lath
and wooden studs, its absorption may be twice as high. Moreover,
the actual factors of absorption of the various materials must be ob-
tained from the manufacturers’ published data concerning them, which
often are not consistent. For reasons such as these, an exact paper
analysis of a room and its treatment is at best a judicious approxima-
tion. It may be said, of course, that the professional man has available
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instruments for measuring the sound decay characteristics of rooms,
enabling him to determine accurately the reverberation time of the
room before and after treatment. With such instruments, the room
may be very precisely adjusted.

However, where the layman must make use of published data
concerning material and make educated guesses as to the type of walls
he has in his room, or the quality of the wood on his floor, or the grade
of the drapes that hang from the moldings, precision analysis is out
of the question. However, this is not to infer that he cannot arrive
at a close and workable adjustment to his room by making these edu-
cated guesses. Furthermore, because of the necessary approximations
that must be made in the selection of the numbers that go into the
solution of the problem, it is of advantage also to simplify the theoreti-
cal approach to the problem, so that the layman may proceed with a
straightforward solution to the problem of adjusting the room for
optimum listening conditions. The results obtained from the following
simplified treatment of the subject will be within 10 to 15 percent of
the more rigorous solution, but inasmuch as the numbers with which
the layman will have to work are in many instances no more accurate
than this, the simplified attack is fully justified. The problem to be
worked out will demonstrate the workability of this rule-of-thumb
method of adjusting the room.

Illustrative Problem on Room Adjustment

Stating the problem directly then, what we wish to determine is
how much and what kind of material do we need to apply to a room
of a particular size to achieve the optimum reverberation time, as
called for by the type of music we are going to reproduce in the room.
Figure 17-3 contains a chart that enables us to determine the necessary
total absorption units of a room of a given size for the particular type
of music for which optimum results are desired. Let us choose the
condition that will probably be the one most often selected — the
average music condition. (It may be stated parenthetically, however,
that by incorporating the proper variable adjustments in the room,
we may convert it from an organ recital room to a speech room. This
we shall discuss in due time.) Let us choose a room that is meant for
average music, and which has dimensions of 10 feet high, 15 feet wide,
and 20 feet long. What must the absorption of the room be? From
the above dimensions, the volume of the room is 10 feet X 15 feet X
20 feet, which is 3000 cubic feet. For this volume, the chart shows
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Fig. 17-3. Toral absorption units required for a given room volume for
different types of program material.

that the room will have to have a total absorption of approximately 150
units for average orchestral music.

We have, now, a quantitative measure of the room that will pro-
duce the desired results. QOur objective is to adjust the room to this
value. The next step is to use the data concerning the absorption
characteristics of various types of material to realize this objective. The
toral absorption characteristic of a piece of material depends not only
upon its absorption coefficient (how well it absorbs in reference to an
open window) but on the expanse of the piece of material as well.
Thus, for a slab of gypsum plaster, which has an absorption coefficient
of .04 and an area of 50 square feet, the total absorption of the section
is 50 X .04, which is 2 absorption units. Now all we have to do is
total up the absorption characteristics of all the surfaces of the room
and change them, in part, so they equal the value we need (in this
problem) of 150 units.

Completely Bare Room has too Little Absorption

For simplicity of illustration, let us assume that we start with a
completely bare room, consisting of a wooden floor, four plaster walls
and a plastered ceiling for the area in question of 3000 cubic feet.
Figure 17-4(A) illustrates this room, and at the same time tabulates
the areas of the walls, ceiling, and floors along with the absorption
coefficients for these sections. Notice that the individual area is mul-
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CEILING
i
\ a—A--WALL #4
h (REAR)
waLL #1—-+ | ~—T—WALL #2
(LEFT) o - (RIGHT)
WALL # 31— 10 "
(FRONT) |/ ~ 15
20' FLOOR
(A) LIVE ROOM
SAMPLE RECTANGULAR ROOM IN
COMPLETELY UNTREATED STATE
ABSORPTION TOTAL
MATERIAL AREA | COEFFICIENT | ABSORPTION
CEILING | PLASTER 15 X 20 .04 12
WALL #1 | PLASTER 15 X 10 .04 6
WALL #2 [ PLASTER 15 X 10 .04 6
WALL #3 | PLASTER 20 X 10 .04 8
WALL #4 | PLASTER 20 X 10 .04 8
FLOOR w000 20X 15 .03 9
TOTAL ABSORPTION UNITS = 49

(8) DEAD ROOM

SAMPLE RECTANGULAR ROOM IN
COMPLETELY TREATED STATE

ABSORPTION TOTAL
MATERIAL AREA | COEFFICIENT | ABSORPTION

CEILING PLASTER 15 X 20 .04 12
WALL #1 | DRAPES IN FOLDS | 15 X 1O .55 82.5
WALL #2 | DRAPES IN FOLDS | 15 X i0 .56 82.5
WALL #3 | DRAPES IN FOLDS | 20 X 10 .55 110
WALL #4 | DRAPESIN FOLDS | 20 X 10 .55 110
FLOOR CARPET 20 X IS .35 105

TOTAL ABSORPTION UNITS = 502.0

Fig. 17-4. Sample calculations showing a given room in a completely

untreated "live’ state has few absorption units. Same room when com-

pletely overtreated has a high number of sound absorption units and is
very dead.
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tiplied by the absorption coefficient for the material of which that area
is made to obtain the total absorption units for that area. After each
area is calculated, they are all added together to give the final absorp-
tion of the whole enclosure. For the present instance, this figure turns
out to be approximately 49 units, which is far less than the required
150 units. This means that there is not enough absorption, that there
is t0o much reflection, that the room is too live. This is what we
would expect from the postulated conditions of a bare room.

Completely Treated Room has too Much Absorption

Now let us go to the other extreme for this room and apply full
treatment to the floor, walls, and ceilings. Our new conditions now
will be those in which the floor is heavily carpeted from wall to wall,
the walls heavily draped with velour trappings gathered in folds (draped
to half their total area), and the ceiling treated with conventional
sound absorbing acoustic tiles. The tabulation for this set of condi-
tions is given in Fig. 17-4(B). Again all the various sections have
been computed individually and then added up to give a final absorp-
tion of 502 units. This is far in excess of the required 150 units, and
the room will be completely dead, as we probably expected from the
statement of the problem. Somewhere between the totally bare room
and the totally treated room is the final answer. It should be fairly
apparent at this stage how the final treatment of the room is resolved.
We select the right amount of decorator’s material not only to match
the decor of the room but also to provide the right number of total
absorption units so that these materials in conjunction with the un-
treated areas of the room approach the correct value.

Selecting the Absorbent Material

To complete the problem, let us assume that the ceiling will re-
main in its original plastered condition, and that the floor will have
16 foot X 11 foot carpeting. How much drapery treatment will have
to be added to the walls to arrive at the figure of 150 absorption units?
These primary conditions of the problem ate set forth in Fig. 17-5(A),
where it will be seen that the total absorption of the room in this state
is 106 units. At some place in the room we have to add 44 units of
absorption. Looking at the chart of Fig. 17-2, we see that a heavy
weight velour drapery cloth has an absorption coefficient of 0.35. If
we divide this factor into the total additional units needed, which in
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10'
FLOOR CARPETED
(A) ROOM BEFORE ADJUSTMENT
ROOM OF FIGURE I7.4 WITH FLOOR
CARPETED, OTHER WALLSUNTREATED
ABSORPTION TOTAL
MATERIAL AREA |COEFFICIENT | ABSORPTION
CEILING PLASTER 15 X 20 .04 12
WALL #1 PLASTER 15 X 10 .04 6
WALL #2 PLASTER 15 X 10 .04 6
WALL #3 PLASTER 20 X 10 .04 B
WALL #4 PLASTER 20 X 10 .04 B
FLOOR CARPET, 16 X |1 .35 62
wOoOD
BORDER 124 SQ.FT. .03 q
TOTAL ABSORPTION UNITS = 106

(B) DESIRED ABSORPTION UNITS = 150 FOR THIS ROOM
(10 X 15 X 20 = 3000 CUBIC FEET) FOR AVERAGE
MUSIC AS OBTAINED FROM CHART IN FIG. I7-3

{(C) TOTAL SQUARE FEET OF ADDITIONAL TREATMENT
ABSORPTION UNITS NEEDED
ABSORPTION COEFFICIENT

(FOR HEAVY 150 -106 44
VELOUR DRAPES = 227196 . 3% . 56 squaRE FEET
FROM FIG.17-2) .35 -35
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Fig. 17-5. Simplified method of adjusting the absorption of a room to
produce the optimum reverberation for its size.
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this case is 44, we will get the total square footage of this material
that will provide the necessary additional absorption. Thus 44 divided
by .35 equals 126 squate feet, the total area of the drapery necessary
to bring the room to 150 absorption units.

Since the room is 10 feet high, we need 12.6 running feet of this
material. This amount of material may then be divided into several
sections, say into four 3.15-foot sections, and these sections may then
be hung on the several walls as befits the arrangement of the room
with its doors and windows, as shown in Fig. 17-5(D). Of course, in
the hanging of the drapes, we have removed (covered up) some of
the active surface of the bare plaster walls so there will be some reduc-
tion in the overall absorption of the room from the calculated value.
However, in relation to the absorption characteristics of the covering
material, the amount lost from the bare walls themselves is rather
insignificant, and may be neglected. One may, of course, if he desires
to be very precise, calculate the amount of bare wall absorption that
has been done away with because of the drapes (in this case 126 square
feet) and add to the original figure for the drapes an additional amount
to compensate for this loss.

Windows and Doors are Important

The reader will notice that we have left out some very important
features of a room, namely the doors and windows. If the opening
into the room is a simple archway, the room into which the archway
leads becomes part of the acoustic problem, and its own characteristics
must be added to the original room for the final evaluation of the
necessary treatment of the combination. If, however, the opening into
the room is a conventional door, the survey of the absorption units
must be made on the basis of the absorption characteristic of the door
material added to the other absorption factors, provided the door of
the room is to remain closed when the hi-fi system is being used. On
the other hand, if the door is open, the room beyond naturally be-
comes an acoustic element in the problem, as in the case of the archway.

Windows are treated in the same fashion. When the windows
are closed, the room sees panels of glass, which have a particular
absorption characteristic that must be added to the calculations. If it
is summer and the windows are open, they constitute exceptionally
good “absorbing” panels, for all the sound goes through them and
none is reflected. It is remarkable how an open window will change
the listening characteristic of a room. If, on a warm summer night,
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four living room windows are opened, and the open area is 9 square
feet, the total open window area will be 36 square feet, with an ab-
sorption power of 36 units. If we originally designed the room for
150 units, it is thrown off by approximately 25 percent. For all prac-
tical purposes, the windows are devices that allow the room acoustics to
be changed at will, although this was naturally not the original purpose
of the window. There are more specific devices that may be used as
manually adjustable elements within the room, but before we consider
these, it is necessary to discuss the one or two mote items that have
been left out of our reckoning.

Furniture wmay be Highly Absorbent

In the main, the furniture of the room remains fairly well fixed
in quantity. There are the usual easy chairs, sofas, side chairs, break-
fronts, and similar pieces in the average living room. These act
as absorbing devices in exactly the same manner as do the walls of
the room, and their characteristics may be approximated from the
type of material from which they are made. Evidently, a large, well
upholstered chair will be a good sound absorber, while a straight-
backed wooden chair will be a poor absorber. Absorption figures for
typical chairs are given in Fig. 17-2.

Liveness is Affected by People in the Room

Now we get down to the matter of the people themselves. The
absorption of the average human body will, of course, vary with its
covering material as well as its size. An adult presents more of an
absorption area to sound than does a child, and the clothes he wears
similarly affect the amount of absorption. It will be realized from this
simple statement how very approximate many of these calculations
must be, for it is impossible to list all combinations of sizes and modes
of dress in terms of sound absorbing constants. We must accept a
figure that is representative of the average. Thus the adult represents
a total of 4.2 absorption units when standing. When seated in a chair,
he merges with the chair; if the chair is an upholstered one, the total
absorption figure is only a little more than the chair itself represents.

Of importance, however, is the matter of the number of people
in a room at any one time. If the room has been adjusted to the proper
reverberation time for the immediate members of the family as the
listening audience, an influx of ten party visitors will immediately add
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40 to SO absorption units to the room. This is a condition we often
recognize when the guests pile in, for the sound becomes deadened
and lifeless, and we invariably have to turn up the volume if we want
to continue to have usable music coverage. The reverberation time
has gone down because of the absorption added to the room.

Having learned how to permanently adjust the listening room,
what can we do to provide a measure of adjustibility to take care of
contingencies that arise due to seasonal changes, for instance, with
open doors and windows, or social affairs with their many guests, or
even to different types of music. To have such adjustable devices is
to add to the versatility of the high-fidelity system as a whole. A room
liveness control is perhaps just as important as a treble boost control
on an amplifier, or a presence control on a multi-speaker network. The
liveness of the room is the final closing link in the acoustic chain be-
tween the loudspeaker and the ear.

Drawstring Drapes Provide Controllable Absorption

One of the easiest ways of providing variable acoustic adjustment
in the home is to use drawstring drapes. There is a difference in ab-
sorption effect between a drape that is pulled out flat and one that
is pulled together into folds. As shown in Fig. 17-2, a medium
weight velour drape may have close to four times the absorption co-
efficient when it is bunched into half its area than when it is simply
hung without folds over its entire area. Thus, although we cut down
by half the total absorbing area when we bunch up the drape, we
increase its absorption by a factor of 4; or we have a total gain of 2
in the absorption of the drape in folds. If the flat drape has an area
of 160 square feet with an absorption coefficient of 0.13, its total
absorption will be 160 X 0.13, which equals 21 units. Now, if we
bunch up the drape to half its area and apply its new absorption figure,
we get 80 X 049 = 39 absorption units. If we add to this figure the
original absorption characteristics of the wall that has now been ex-
posed, 80 X .04 = 3 units, we have effected a total increase of absorp-
tion from 21 to 42 units simply by bunching the drapes. We have
attained considerable control over the room by a simple means.

Venetian Blinds may be Used as Absorption Control

There is another simple expedient that the man at home may use
to adjust his room if he has any reasonable area of venetian blinds
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over his windows. Some of today's homes utilize large picture win-
dows in their living rooms, and frequently they are equipped with
full width venetian blinds covering what amounts to a large expanse
of wall. The blind may be used as an adjustable acoustic control by
treating one side of the slats with an absorbent material and leaving
the other side untreated. Suppose we had a window 8 feet long and
5 feet high. This amounts to an expanse of glass reflecting surface
of 40 square feet. If the blind were pulled all the way up, or if it were
left in the maximum open condition (slats horizontal ), the room would
feel the full absorption (or lack of it) of the glass. The figure for
this would be 40 X .03 = 1.2 units, which provides very little absorp-
tion. Now suppose we left one side of the (wooden) blind untreated,
and treated the other side with some common highly absorbent acoustic
tile material cemented to the slats. We thus obtain a wide adjustment
of acoustic absorption by varying the attitude of the setting of the
slats of the blind. When the slats are all closed, with the smooth wood
surfaces facing the inside of the room, there will be a probable ab-
sorption of approximately 40 X .2 = 8 units (taking .2 as the absorp-
tion coefficient of wood paneling). With the slats oriented so that
the tiled sides are facing the room, the absorption would be 40 X .85
= 34 units (taking an average absorption coefficient of .85 for the
tiles). Thus we can go from an open blind condition of 1.2 units
gradually through a rising scale to 34 units.

It will be appreciated that this is simply an adaptation of the
commercial means of controlling studio reverberation constants through
the devices of rotating panels or sliding wall sections. When properly
applied in the home, the method can be just as effective as in the
studio. It is conceivable that many more such variable devices may occur
to the reader that may fit directly into his home decorating motif. It
will be realized, of course, that in a room that is made to be adjustable
to different conditions, the room must be left live enough at one end
of the adjustment so that it will never be overdamped under the most
adverse conditions. Starting with this amount of liveness, the ad-
justable devices may then be designed to provide as much additional
sound damping material as necessary to bring the reverberation to the
other limit.

Enclosure Corner Should be Very Live

In treating the room for acoustic adjustment, one should be cau-
tious about the manner in which the corners of the room are manipu-
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lated. When the corner of the room is to be used as a sound source
for the placement of the enclosure, it should be completely devoid of
any kind of acoustic treatment. The corner should be considered in
the same light as the horn that is to go into the corner, namely that it be
strong, rigid, and non-absorbing of acoustic energy. Thus, if the corner
of the room is draped, much of the effectiveness of the acoustic radiation
of the corner will be lost, especially if the horn is one that actually
depends upon the walls of the room to complete the horn. These walls
must be totally reflective, and so must be the floor for the horn action to
be properly established. In the case of the self contained horn, in
which the side walls are integral with the enclosure scructure, the
matter of the corner treatment is not quite as critical, although even in
this case better results will be obtained if the corner retains its non-
absorbing qualities.

Absorption Material Should be Divided into Several Areas

In making the necessary acoustic adjustment to the room, it is
advisable to break up the sound absorbent material into several smaller
areas rather than one large area of treatment, where other committ-
ments, such as interior decorating, will permit. Such a procedure will
scatter the reflective and absorptive properties throughout the room,
making the room more uniform from wall to wall. This will produce
smoother acoustical performance of the room by the tendency to mini-
mize excessive reflections from what might otherwise be a large bare
surface. Reflections of this sore might still exist from such a wall, even
though the room as a whole had been compensated by the treatment
of some other wall. In general, broken up surfaces, differently treated,
and with non-paralle]l walls (if possible) provide the optimum con-
ditions for smooth room performance.



cuaerer 18:  Adjusting the System to Match the Ear

The Ear is a Variable Element

Having gone through all the problems of the loudspeaker, its
enclosure, and the environment in which the sound is to be heard, we
come to the last element in the acoustic chain. This is the all-important
ear, which does the listening. The ear is a variable device. This is
not to say that we can vary our acuity of hearing at will; it is not
variable in that sense. Perhaps it would be more accurate to call the
ear the component with the most variants built inco it.

No two people have the same hearing characteristic, any more
than they have the same fingerprints. An individual's hearing capa-
bilities may even differ from one ear to the other. There are many
factors that affect one’s sense of hearing. These factors are the subject
of the present chapter, along with means that may be utilized to adjust
the performance of a system to an individual’s ear so that he may obtain
optimum satisfaction from it.

The ear is not a linear device. What it hears, and how well it
hears it, depends upon not only the ear itself but in a great measure
upon the sound. One of the most important characteristics of hearing
is the change in sensitivity of the ear for different frequencies as the
sound grows softer or louder. When music is loud, the ear has one
response characteristic. When the music is soft, the ear has an entirely
different hearing pattern. Therefore, a system that may be balanced
for the ear under one condition of loudness may be entirely out of
balance for another condition. This is shown in Fig. 18-1. This par-
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Fig. 18-1. The Fletcher-Munson contour lines of equal loudness for nor-

mal ears. The curves show how much louder than the 1000 cps note other

frequencies have to he produced to be beard equally as loud as the 1000
cps note.

ticular characteristic is called the Fletcher-Munson curve, after the two
researchers who formulated it. This family of curves so well known to
the art is indicative of the average ear. Any individual's ear may, and
probably does, differ considerably from it.

To what practical application may we put this piece of clinical
information? Certainly, it shows that what the ear hears under one
condition it may not hear under other conditions, and that a system
adjusted for one condition may not be properly adjusted for another
condition. Let us explore this in a little more detail.

Sensitivity to Frequency Varies with Loudness

Examination of these hearing acuity curves tells us that for very
loud sounds the ear hears all frequencies at almost the same intensity;
for loud prog'tam‘ma‘teti‘al, the ear may be considered fairly “flac.” It
hears the sound exactly as reproduced. As the loudness of the sound
decreases, the ear begins to lose sensitivity to the lowest frequencies
and the highest frequencies. Therefore, when the level of the music
is very low, the ear does not hear the program exactly as reproduced.
It hears the middle frequencies fairly well, and loses both ends of the
spectrum. Putting it more bluntly, the ear decides to concentrate on
a small portion of the sound, as it were, so it may “understand” it
better. As lightly put as this thought is, perhaps there may be con-
siderable evolutionary truth to the statement. We do know that most
of the intelligibility of sound exists in the middle spectrum area of
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the frequency curve. We receive perfectly good communicative intelli-
gence from the telephone with a reproduction of frequencies ranging
from about 400 cps to 5000 cps. The lower and higher ends are not
at all necessary for the ear to make sense out of what it hears. Thus
perhaps the ear has learned to adapt itself to very low level sounds in
such a fashion that it closes its “consciousness” to those parts of the
spectrum that it does not need, and concentrates entirely on the small
middle band, from which it may extract the desired message.

Whatever the reason, the fact exists that the ear does have this
differential frequency sensitivity with a change in signal level. In high-
fidelity practice. however, we are concerned with more than just com-
municative intelligence. We want the lowest throb from the bass
violin and the highest tweet of the piccolo. These low and high limits
belong to the musical intelligibility of the sound, and they must be
present in the individual’s hearing mechanism for the full program
to be received by his consciousness.

Adjusting the Volume Changes Frequency Sensitivity of Ear

Suppose we are listening to our high-fidelity system at a good
comfortable concert hall listening level (one at which our ears are
“flat”). Let us assume that the amplifier response is flat too, with the
bass and treble controls set at midpoint. We now hear the program
to our ear’s psychoacoustical satisfaction. Suppose now that the hour
is late, the children are in bed, the neighbors do not like our selection
of music, and we want light background music by which to relax. We
turn down the volume control to where the music can barely be heard.
What do we actually hear? By simply turning down the volume control
of the amplifier, we have destroyed the wide range high-fidelity char-
acteristic of the chain of the system. The ear no longer hears the even
thythmic beat of the bass at the low end, or the tinkling of the triangle
at the high end. It hears only the middle frequencies of the music.
That this need not be so we will soon show.

First, however, it will be of interest to the reader to try a little
experiment for himself. Select a vocal composition, preferably a female
vocal rendition backed by a full orchestra. Play the recording at a
fairly loud level and listen carefully to the low notes and the high notes
that “surround” the soloist. Play one section over several times so that
you are familiar with the musical accompaniment as well as the vocal
part. Now turn down the volume so that you can barely bear the
vocalist. Invariably, the ear will completely miss the accompanying
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low notes and high notes that it heard before. It hears only the voice
and the notes immediately surrounding it. The fidelity of the system
has been watered down by the poor frequency response of the ear at
low listening levels. This situation does not, fortunately, present us
with an insoluble dilemma. We can adjust the system either manually
or automatically to take care of this characteristic of the ear.

Loudness Controls on Amplifiels Compensate for Ear Deficiencies

Many amplifiers are equipped with “loudness controls” in addi-
tion to or in place of ordinary volume controls. There is a definite dif-
ference between these two types of controls. The loudness control,
sometimes called a contour control, changes the characteristic of the
amplifier so that as it is turned down to lower levels of loudness, the
low end response and the high end response are automatically boosted
in relation to the middle frequencies by an amount necessary to com-
pensate the ear for its deficiencies at the ends of the band. Once the
loudness control has been set, the volume control may then override
it varying the overall level of the intentionally deformed curve of the
amplifier as affected by the contour or loudness control.

Amplifiers that do not have such loudness controls may be adjusted
manually through the bass and treble controls. When the volume
control is turned way down, the bass and treble controls may be turned
up to boost the ends of the spectrum to compensate for the hearing
loss at these points.

Ear Compensation in Multi-Speaker Systems

There is still another method for compensating the ear for its
deficiency and that is through the use of controls on the loudspeaker
systems themselves. For instance, in the case of a three-way system,
with its usual crossover network and volume controls, aural compen-
sation may be made without touching the amplifier, thus avoiding
certain disadvantages inherent in the other method. If the amplifier
has been turned way down in level and the bass control turned way
up, intermodulation distortion may be severely increased within the
amplifier. Intermodulation distortion exists between low frequencies
and high frequencies if there are nonlinearities in the circuit. This is
true acoustically, mechanically, and electrically. Thus, if we greatly
increase the level of the low frequency signal in the amplifier in rela-
tion to the middle frequencies, the probability of intermodulation dis-
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torcion will be increased. This particular situation may be especially
aggravated under conditions of extreme bass boost. The amplifier may
be forced to work near the limits of its power handling capacity in
this lowest part of the frequency spectrum, which will introduce non-
linearity into the amplifier.

Obviously, there is a definite advantage to control of the loud-
speaker characteristic at the speaker system itself without touching the
amplifier. The contro] usually found in the midrange speaker of the
three-way system may be used to turn down the level of the middle
range of the reproducible spectrum, so that by comparison the low end
response and the high end response are boosted far above the midrange
response. ‘Then the volume control of the amplifier may be turned
down to produce the necessary listening level, and the total sound
emanating from the system will be properly compensated for the lis-
tening deficiencies of the ear at the low levels.

How Much Adjustment Should be Made to the System?

The degree of compensation that will be necessary will depend
on the individual’s particular ear characteristics and upon average level
of the program materia]. The number of controls on today’s high
fidelity equipment is indicative of the realization that high fidelity is
a personal thing as well as a technical art. The many controls on pre-
amplifiers, amplifiers, record compensating devices, and loudspeakers
are all means by which the listener may alter the colors in his musical
picture. It is a moot question whether the lxstener should have the
privilege of editing (or shall we say aqdmng ) the music presented
to him. According to one school of rhought the hstener should not
corrupt the conductor’s interpretation of the work he should leave
the controls flat. This is the concept of realism. Then there are the knob
and gadget fanciers, who prefer to “set the stage” before listening.
The “music lovers” and the “gadgeteers” are not necessanly on oppo-
site sides of the fence. Together they constitute the portion of the
listening public that apprecjates good reproduction.

Perhaps we should change the word “reproduced” to “recreated.”
To the purist, reproduction means an exact duplication of the original.
On the other hand, the word “recreated” implies something basically
different. To recreate is to make over. We have all at many times
recreated the music to which we have listened. For example, when
Beethoven wrote the thunder into his Pastorale Symphony, he intended
it to sound near at hand. Yet in hearing his work af 4 subdued level
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we have moved the storm away to some far hilltop. We did not
“reproduce” the music; rather we recreated it to confrom to standards
different from those Beethoven had in mind.

Moreover, we have seen that the mere act of turning down the
volume may entirely change the fonal value to the ear, changing com-
pletely the effect the composer wanted to produce upon us. Thus, both
in dynamic range and in tonal nuances, we have “recreated” the music.
Whether we like it or not, we become our own impressarios simply
by turning down the volume control.

Nature also takes a hand in this. As we grow older our sight
grows weak and our ears grow insensitive. The aging process that
turns our hair gray causes changes to our ear drums and auditory
processes as well. These changes destroy to varying extents the tonal
ranges of our hearing and there is nothing ( physiologically) that we
can do about it. Nature limits not only the sensitivity but also the
frequency response of our hearing. Of course, the deterioration of
hearing with age is very gradual. Constant changes are produced in
our ears, and in our auditory processes. Also, childhood maladies may
leave us with ear impairment, and even though they may be small they
may cause one to hear things differently.

Even sex enters into the picture insofar as women as a rule are
more sensitive to high frequencies than men. Often the woman of the
household hears the high pitched scanning frequency from the tele-
vision set (15,750 cps), while the mere man is totally oblivious to
this spurious sound. When the high-fidelity system is playing, her
ears, being more sensitive to highs, find piercing and shrill the sounds
that to the man of the house are rich and brilliant. Because of these
differences in the hearing characteristics of individuals, there can be
no best balance, no best range, no optimum loudness. These are matters
of personal physiological inheritance; health; and musical, educational,
and listening environment. In order to enable the average music en-
thusiast to recreate the music so that it is satisfying to his ear, he is
given the many controls on the pre-amplifier, amplifier, and speaker.

For that matter, long before the music reaches the listener, whether
it be over the radio or on disc or tape, many different “editors” have
had a hand in altering the music to a far greater extent than the com-
poser ever thought possible. Today, all music reproduction is mech-
anical. It is mechanical if we hear it through any means other than
the original composer-performer. We do not hear the Philharmonic
at home in the same way the zudience in Carnegie Hall hears it. Be-
tween us and the conductor is that long acoustic and electronic chain
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discussed in the first chapter of the book. The number of microphones
and their placement, the “hearing” abilities of these microphones, the
technical excellence (or lack of it) in the long series of speech input
amplifiers, the technical manipulations of the telephone lines that bring
the program to the various broadcast stations, the quality of the broad-
cast transmitter itself, and the characteristic performance of the tuner,
amplifier, and loudspeaker all intervene between the orchestra and
the listener.

At each of these bridges the human factor is introduced. An
individual or group of individuals is constantly at watch at these crucial
points to see that everything is “right.” But “right” for whom and for
what? For the technologicul equipment, of course. Is there a tremendous
crescendo coming? Quick, crank down the gain or well blow the
transmitter off the air. Is there a long sustained pianissimo passage
coming? Crank up the gain, or we won’t modulate the transmitter
properly. It is, of course, true that all these precautions are taken to
insure that the listening audience gets optimum service from the tech-
nical apparatus involved, but in the accomplishment of this deed, it is
the technical apparatus that gets the babying, and the technical appa-
ratus that determines what we are going to hear.

In the days before the invention of mechanical reproducing sys-
tems, there was only one person between the performer and the listener,
and that was the conductor. Today there are dozens of people and
dozens of technical processes, through which the music has to run the
gauntlet. These are the editors of the music that we hear. These
processes and the people who supervise them are not always perfect.
In fact, we cannot even be sure that the conductor of the orchestra is
perfect. We need only read the various concert reviews and record
reviews in the daily newspapers, the music magazines, and the high-
fidelity publications to learn thac critics often express diametrically
opposite views of a particular conductor’s efforts. They discuss at length
whether he interpreted a phrase right, whether his dynamics were good,
whether he lacked lyricism here or forcefulness there. Certainly, the
conductor thinks he is doing a good job, yet here are critics whose
privilege and duty it is to criticize the work. It all boils down to the
fact that in art there is no right or wrong. It is largely a macter of
taste. To satisfy this taste, high fidelity brings to the listener all the
necessary ingredients to flavor the music to suit his own artistic palate,
and perhaps most vital to these individual recipes for musical recreation
at home are the important acoustic phenomena associated with loud-
speakers, their enclosures, and the rooms in which they petform.
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ENCLOSURE CONSTRUCTION DETAILS

for 8-inch speakers

FIG. A-1 BOOKSHELF BASS REFLEX
FI1G6. A-2 WALL TYPE HORN LOADED PORT BASS REFLEX
F1G6. A-3 CORNER FOLDED HORN

for 12-inch speakers

FIG. A-4 WALL TYPE HORN LOADED PORT BASS REFLEX

F16. A-5 CORNER FOLDED HORN

FI16. A-G CORNER FOLDED HORN

FI1G. A-7 CORNER FOLDED HORN

F16. A-8 FOLDAFLEX BASS REFLEX OR FOLDED HORN

FIG. A-9 CORNERLESS CORNER HORN LOADED PORT BASS REFLEX

for 12-inch or 15-inch speakers

F1G6. A-10 CORNER FOLDED HORN

FI1G6. A-11 BACK LOADED BASS REFLEX

FIG. A-12 CORNERLESS CORNER HORN LOADED PORT BASS REFLEX
FI1G. A-13 CORNER HORN LOADED PORT BASS REFLEX

for 15-inch speakers

FIG. A-14 BACK LOADED FOLDED HORN

F16. A-15 BACK LOADED FOLDED HORN

FIG. A-16 WALL TYPE BASS REFLEX

FIG. A-17 FRONT LOADED, REAR COMPRESSION LOADED, REAR VENTED
DUAL 15 HORN

F16. A-18 WALL TYPE REAR FOLDED HORN

(These illustrations are reproduced through the courtesy of the manufac-
turers and publications designated in the captions.)
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Fig. A-10. Corner folded horn (Cabinart KR-3 — Klipsch design).
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A-B testing, 249
Absorption:

coefficients, 316

units, 316
Air gap, magnetic circuit,

17, 19, 59, 86

Aluminum voice coils, 14
Amplifier:

internal impedance, 105

regulation, 98, 105
Amplitude distortion:

in amplifiers, 109

in speakers, 82
Apex area, 26, 45, 47, 53
Array:

cone, 61

horn cellular, 66
Axial motion of voice coil,

., 87
Axial response of cone, 53

Backward wave, 278
Back emf, 94, 103
Baffle:
bass reflex, 172, 191-204
closed box, 171, 187
as acoustic crossover
element, 260
combination types, 177,
232.241

construction:
effect upon response,
271

7
need for good, 270
corner placement,
302-308
corner type, 175
cornerless corner type,
175, 176, 215

definition, 165
direct radiator types, 166,
179-204, 232-241
effect on response, 8,
165, 166
horn, see Horn
indirect radiator type,
4

7
infinite, 171, 186
internal reflections, 278
open back, 166, 188
placement, effect on
standing waves, 306
resonance, effect upon
response, 192-194,

260
shape, 169, 170
size, effect upon
response, 245, 251
wall, 186, 187
Basket, 27, 89
mounting methods, 275,
276
Bass-reflex enclosures, 172,
191-204
acoustic crossover, 258
adaptability, 203
calculations for, 196
horn loaded port, 177,
232

size reduction, 202
wuning, 192, 193,
198-201
Bass resonance of woofer,

56, 57
Bends in horns, 266-268
as low-pass filters,
266-267
Binaural effects, 310
Bookshelf enclosure, 242

357

Break-up, diaphragm, 80

Capacitors, electrolytic, 156
Catenoid horn, 175
Centering devices, 21, 22, 89
Chokes, 156
Closed box, see Baffle
Co-axial loudspeaker, 121
Coeflicients, absorption, of
materials, 316
Coil:
network, 156
voice, see Voice coil
Compatibility:
angular response of
speakers, 115
efficiency of speakers,
112, 159
response range of
speakers, 113, 145
systems, 112, 116
Compliance:
acoustic, of enclosure,
191

mechanical, of dia-
phragm, 58
Compression chamber,
see Horn
Compression driver, 64,
226
Concentricity of voice coil,
23, 86, 87
Cone:
array, 61
cry, 80
resonance, 58
speakers as compression
drivers, 226
stiffening ribs, 81
Conical horn, 211
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Corner:
effect on high frequen-
cies, 307
effect on low frequen-
cies, 302-.306
Corner speaker systems, 175
Cornerless corner system,
175, 176, 215
Critical damping, 102-105
Crossover:
acoustical, 147, 257-268
attenuation of, 137-139

Distortion:

amplifier, on peaks, 109
diaphragm suspension, 82
intermodulation,
reduction;
by multi-speaker
systems, 100
by networks, 143
non-linear, 82
transient:
by networks, 145
in loudspeakers, 48

magnetic, 18
Grill cloth, acoustic
porosity, 283

Hearing:
individual characteristics,
11, 333

loudness sensitivity, 321
response characteristic,
2

Helmholtz resonator, 173
Horn:

benefits, 133-135,
142.143

circuits, 133-139, 152

frequency, 127, 158-161

mechanical, 49-51

network, need for, 114,
142, 143

three-way network, 125,
136, 153

two-way network, 135

Crystal loudspeaker, 39
Cutoff frequency of horns,

113, 210, 215, 219,
222, 223

Curvilinear diaphragm, 47

Damping:

of cabinets, 248,
278-280
of loudspeakers, 100-105

Decay of sound:

by loudspeakers, 48
in rooms, 291, 295, 298
rate, 291

Decibel, 139
Decoupling, diaphragm

sections, 45-57

Diaphragm:

behavior, 24, 45-57
conical, 78

constants, 58
curvilinear, 47
decoupling in, 45
design, 26, 77-81
effective area, 254
effective diameter, 254
mechanical stresses, 77
stability, 77-81

stock, 26

suspensions, 82

Diffraction from horn

mouth, 67-69

Diffusicone, 53
Dipole source, 182

baffled, 184-186
unbaffled, 182-184

Direct radiator, see

Loudspeaker

Directivity characteristics:

effect of room, 10, 294,
297

of cone, 53
of tweeter horns, 66-71

Dispersion:

of high frequencies, $3,
54, 61, 66-71

of sound, by speaker
placement, 307

Doubling frequency, 35

Draperies, for reverberation
control, 321

Drivers, compression, 64,
226

Driver head as low-pass
filter, 264-266
Dynamic loudspeaker, 12

Edge resonance, 83
Efficiency:
direct radiator, 174
at resonance, 97
horn, 174
small damped systems,
248

Electrodes, in electrostatic
speaker, 32
Electrodynamic loud-
speaker, 28
Electromagnet:
in dynamic speakers, 28
power supply for, 30
Electrostatic loudspeaker,
-38
Enclosures, see Baffle, Horn
Equal-loudness contours,
321

Excursion, voice coil, 23,
87

Exponential, see Horn,
exponential

Feedback in amplifiers, 105
Field:
electromagnetic, 28, 30
gap, 17
permanent magnet, 12
Filters:
band-pass, 136
high-pass, adjustable,
130, 134
low-pass, 135
Flare, constant, see Horn
Flux density, 18, 48, 59, 87
Folded horn, see Horn
Free air resonance:
damping, 100-104
effect of closed box, 187
of speakers, 310
of tweeters, 60
of woofers, 56
Frequency doubling, in
electrostatic speakers,

35

Gap:
flux, 18, 48, 59, 87

advantages, 206-209, 230
as acoustic transformer,
100, 206-208
bends, effect on high fre-

quencies, 266-268
catenoidal, 175
compression chamber,

227

effects upon linearity,
7

effects upon power
conversion,
228, 229
sealing, 278
compression driver, 64,
6

efficiency, 228

conical, 211

corner, 215

cornerless corner, 215

cross-sectional area, 211

cutoff frequency, 113,
210, 218, 219,
222, 223

diaphragm motion, 209

diffraction, 68

efficiency, 174, 208

exponential, 211

design of, 215

finite, 221

flare, 215-219, 222

folded, 175, 215

front horn, 234

high-pass filter, 210

high frequency, 66-71,
230

hyperbolic, 211
infinite, 221

Klipsch type, 215
Lee type, 215

loaded port, 177, 232
loading, 62

low frequency, 216
mouth, 207, 208,

216, 222
diffraction, 66-71
shape and size consid-

erations, 222.226

multicellular, 66
perfect, 221
rear horn, 237
reciprocating flares, 71
restrictions, 230
short, specialized use,

235

throat, 207, 222, 224,
225
distortion, 212-214



Horn (cont.):
tweeter, 66-71
wall dependent type, 215
wall vibration, 277

Image, loudspeaker,
from walls, 299-302
Impedance:
of air, specific acoustic,

180

horn matching, 100,
206-208

motional, 95

peak, of loudspeaker, 95

pipes, 238, 239

rated, of loudspeaker,
91-93, 95, 96

trough, of loudspeaker,
1

variation with resonance

of loudspeaker, 93

Inductance, voice coil, 96
Inertance, acoustic, 191,

1
Infinite bafflle, 171, 186,
18

Intermodulation, 110
in amplifiers, 331
in speakers, 110
minimizing by multi-
speaker systems,
110, 111
minimizing by network
application, 143,
144
Ionophone loudspeaker,
39-42

Labyrinth, acoustic,
238-240
Lining of enclosures, 240,
248, 279, 282
Listening room:
absorption surfaces near
ear, 309
as an enclosure, 287-288
need for acoustic consid-
eration, 287
obstruction in, 308
resonances, 288-289
reverberation control,
312-327
shape of, 289, 312-313
Lobes in field response, 61,
66
Location of speaker:
at wall, 299-300
binaural, 310
effect on highs, 307
effect on lows, 302-306
in corner, 301-305
Loudness control:
contours of ear, 328
of amplifiers, 331
of multi-speaker system,
331-332
Loudspeaker:
acoustic power capacity,
85-86
basket for, 27, 89

centering devices, 21,
crystal type, 39
diaphragms, see
Diaphragm
direct radiator, 166
baffles for, 179-204,
232-241
co-axial, 121
decoupling in, 45-47,
51-52
efficiency, 174
general purpose, 43,
44,117
mechanical crossover
in, 51-52
packaged multi-unit,
121-122
single coil, double
cone, 51-54
tri-axial, 122
wide range, 44
dynamic, 12, 43
versatility, 44
electrical power capacity,
58, 61
electrodynamic, 28
field supply, 30
electrostatic, 30-38
polarizing voltage

field structures, 17-21,
87-89
free air resonance, 310
damping, 100-114
effect of closed box,
187
tweeters, 60
woofers, 56
impedance:
peak, 95
rated, 91-93, 95, 96
trough, 91
ionic, 39-41
power supply for,
41-42
magnetic circuit, 17-21,
48, 87, 89
mechanical constants, 58
mounting:
methods, 275-276
multi-system, 107-130
multi-unit type »s. multi-
speaker systems,
122-130
narrow band:
efficiency, 55
power conservation,
107-110
non-linear distortion, 82
progressive expansion,
117-121
response variation with
size, 44
spatial distribution, 61
spider, 21, 22, 89
transient response, 48
voice coil, 13, 14
power capacity, 58-60
tweeter, 60
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woofer, 58

Magnet (see also
Electromagnet) :
materials, 18, 19
shapes, 19
Magnetic circuit, 17, 19-21,

87
air gap, 17, 19, 59, 86
Mass:
of diaphragms, 58
of voice coils, 59
Measurement:
of reverberation time,
291
of sound absorption, 316
Modes of vibration of
diaphragms, 80
Mounting methods for loud-
speakers, 275-276
Mounting panels, 274-276
tilted, effect upon internal
reflections, 281
Mulcicellular horn, 66
Multi-speaker systems,
107-132
adjustable, as aid to
hobbyist, 130
flexibility, 107
frequency ranges, 113
growth from single
speaker, 117-120
intermodulation reduc-
tion, 110
matched in angular
response, 115
matched in efficiency,

narrow band units,
107-110
conservation of
power, 107-110
power distribution in,
107-110
typical commercial, 125
Multi-unit speakers, 121,
122

coaxial, 121

compatible units, 125

need for direct radiator
enclosure, 124

triaxial, 122

typical commercial,
122-123

Network, crossover:
adjustable, 150, 151
attenuation, 139
band pass section, 136
crossover frequency con-

siderations, 158-161
in commercial
systems, 127
design, 152-153
effect on transient
response, 148
elements, 137
frequency band sepera-
tion, 133
high-pass section, 134
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Network (cons.):
intermodulation
reduction, 143
low-pass section, 135
need for, 114, 133
packaged, 149
phase shift in, 148
power conservation,
142-143
sharpness of separation,
145-147
volume controls, 157

Ohm, acoustic, 180

Open back cabinet, 166,
188

Open tube impedance, 238

Optimum reverberation
time, 314

Overhang, in loudspeaker,
48

Path lengths, in acoustic
heads, 263, 264
Permanent magnert, 18, 19
Phase inverters, 191, 194
Phase shift in networks,

148

Phasing plugs in acoustic
heads, 64
Piston:
action in diaphragms,
45-47
effective size, 254
without baffle, 181-184
Polarizing voltage for elec-
trostatic loudspeaker,
35
Port:
bass-reflex enclosure, 172
constants, 196
damping of, 201
tuning, 192, 193,
198-201
Power:
capacity of loudspeakers:
acoustical, 85-86
electrical, 58-61
distribution in loud-
speakers, 107-110
ratios in decibels, 139
Presence in loudspeaker
systems, 116-117
Progressive expansion
system, 117-121
Projector, reflex, 75

Radiation:
doublet, 181-184
reactance, 228
resistance, 179, 180,
221, 233
Reactance, radiation, 228
Reflection:
image of loudspeaker,
300-302
in enclosures, 278

in rooms, 289, 290,
293, 294
Reflex projector, 75
Resistance:
acoustic:
in enclosures, 240,
248, 278
of ports, 199
radiation, 179, 180,
221, 233
voice coil, 96
Resonance:
free air, of loudspeaker,
1

of bass-reflex enclosure,
192, 193
of speakers, 310
of tweeters, 310
of woofers, 56
rim, 83
Resonant impedance, 95
Reverberation, effect on
articulation, 292
Reverberation time:
effect on program
material, 292
effect of room size, 298
optimum, 314
Rim, loudspeaker:
construction, 24, 25
resonance, 83
Room (see also Listening
room) :
acoustics, 287-298
adjustments of,
312-327
dead, 295
effect on loudness, 296
high absorption, 295
increased directivity,
297
psychoacoustic shrink-
ing, 296
live, 289
effect on loudness, 293
high reverberation,
292
low absorption, 289
psychoacoustic enlarge-
ment, 294
reduction of direc-
tivity, 294
sound pressure irregu-
larities, 290-291
resonances, 288-289

Sabin, absorption
coefficient, 315-316
Sabine, Wallace, 315
Sound dispersion:
by direct radiators, 61
by horns, 66-73
Sound source:
doublet, 182
multiple, 127, 294,
300-302, 310
Spiders, 22

Standing wave, effect on
response:
in baffles, 278
in rooms, 290-291, 306
Suspension, of diaphragm,
4

Suspension constants, 58

Throat, horn, 207, 222,
224, 225
distortion, 212, 214
Transient behavior,
loudspeaker, 48
Treble control, 124
Tri-axial loudspeaker, 122
Tweeter:
compression driver, 64
diaphragm mass, 58, 60
direct radiator type, 61
horns, 62-72
power imput, 60, 61
resonance, 60
voice coil, 60, 61

Vibration, modes of, in
diaphragms, 80
Voice coil:
alignment, 23, 87
aluminum, 14
construction, 14
d-c resistance, 96
inductance, 96
power capacity, 58-60
tweeter size, 60
woofer size, 58
Voltage:
polarizing, in electrostatic
speaker, 35
ratios in decibels, 139
Volume control for
speakers, 157

W magnet, 19
Wall baffle, 186, 187
Walls:
parallel, in enclosures,
278

reflection from, 289,
290, 293, 294
Wave:
backward traveling, in
enclosures, 278
standing, see Standing
wave
Wide-range speaker, 44
as basis for system
expansion, 117-121
Woofer:
acoustic power capacity,
58-G0
as compression driver in
horns, 226
diaphragm characteristics,
81
electrical power capacity,
58-60
resonance, 56
voice coil size, 58
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ABRAHAM B. COHEN

Audio Engineer

Abraham B. Cohen has been active in music and music reproduction since
his teens. During his high school years he was Concertmaster of the Boston
School Symphony Orchestra and first violinist in the Boston Civic Symphony
Orchestra. Although his extra curricular interests lay in musical activties,
his professional goal was electrical engineering and in 1932 he received
his BEE degree, cum laude, from Northeastern University and his BS in
electrical engineering in 1933.

Upon graduation he became a member of radio station WCAU in
Philadelphia where from 1934 through 1936 he served as studio control
engineer. From 1936 through 1942, Mr. Cohen was a member of the
Engineering Department of Westinghouse Broadcast Stations serving with
radio station KYW in Philadelphia. He came to New York in 1942 as Chief
Engineer for Metropolitan Television Inc. Following this, Mr. Cohen took
the positions of Senior Acoustic Engineer with Best Manufacturing Co.,
Industrial Electronics Field Engineer with Radio Receptor Co., and then to
University Loudspeakers in 1946 as Laboratory Supervisor where in 1953
he became Engineering Manager. In 1958 Mr. Cohen organized his own
company, Advanced Acoustics Inc. He then formed a new company,
Acoustic Developments Inc. ’

Mr. Cohen is a charter member of the Audio Engineering Society, a
member of the Acoustical Society of America, and a member of the Institute
of Radio Engineers. Mr. Cohen has twice served as Chairman of the Loud-
speakers Sections of the annual conventions of the Audio Engineering
Society and is a member of the Electro-acoustical Cormittee of the Institute
of Radio Engineers.
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