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N THEIR never-ending quest to

produce the perfect loudsp=zaker,
engineers are continuously develop-
ing new materials, enclosures, trans-
ducers, circuits and systems. The re-
sult? Literally hundreds of loudspeak-
er systems in a great varisty of
shapes and sizes, employing dramati-
cally different operating principles, all
vie for consumer acceptance. This of-
ten bewildering array of loudspeaker
designs can easily create confusion
and make a meaningful buying deci-
sion difficult at best.

In this article, we will examne the
basic types of loudspeaker compo-
nents and systems, placing special
emphasis on the latest advances in
loudspeaker technology. First, we'll
look at the various transducers (driv-
ers), and then loudspeaker enclo-
sures. Finally, we will see how loud-
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speaker engineers are putting all the
components together to produce con-
temporary speaker systems, taking
both the effects of the listening room
and psychoacoustics into account.

The Drivers.

As its name implies, the function of
a driver (or more properly an electro-
acoustic transducer) is to impart mo-
tion to the air surrounding it. This mo-
tion will in the ideal case correspond
exactly to the time-varying nature of
the electrical signal applied to it. Our
ears, in turn, will perceive the motion
as sound.

There are many ways to convert a
time-varying electrical signal into
sound waves, as wiltnessed by the
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great variety of drivers found in to-
day's speaker systems. Let's examine
the principle types of drivers presently
in use, and see how each measures
up to the ideal transducer.

The Dynamic Speaker. The old-
est of all the driver types employed to-
day is the dynamic speaker. Its design
goes back to the mid-Twenties when
Chester Rice and E.W. Kellogg pro-
duced the first functional prototype.
Although the dynamic driver has over
the years been improved in a number
of ways, the principle is the same.

The typical dynamic speaker em-
ploys a conical diaphragm driven by a
magnetic motor. Motion is imparted to
the diaphragm via the interaction of a
time-varying magnetic field generated
by an electromagnet and a static field
set up by a permanent magnet. In the
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Fig. 1. Holographic analysis shows cone breakup in dynamic driver.
In 8-tnch woofer driven by 2000-Hz signal (A), standing waves
uppear at edge. At 9000 Hz (B), they occupy entire cone surface.

early days of dynamic speakers, suffi-
ciently strong permanent magnets
were not available, so the static field
was supplied by an electromagnet
called a field coil.

The time-varying field is set up by a
voice coil, an electromagnet driven by
the output of the power amplifier. The
magnetic field set up by the voice coil
varies in step both in amplitude and
polarity with the audio-frequency cur-
rent supplied by the amplifier. Alter-
nate repulsion and attraction between
the two magnets cause the cone {dia-
phragm), which is attached to the
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voice coil and a supporting structurz,
to compress or rarefy the nearby air,
depending on its motion relative to the
air mass.

When the cone is moving forward., it
compresses the air in front of it and
rarefies the air behind it. Similarly,
when the cone is moving backward it
compresses the air behind and rare-
fies the air in front. It can thus be seen
that the driver is a dipole radiator, si-
multaneously generating two out-of-
phase acoustic signals. At low fre-
quencies, these two signals will meet
while still in an out-of-phase condition
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Fig. 2. Cone compresses and rarefies air as shown at (A) and (B).
Baffle (C) separates two air masses to prevent eancellation.
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and cancel each other out. To prevent
this destructive interference, either
the “front wave" or the "back wave"
will have to be phase-shifted before it
meets up with its counterpart. Alterna-
tively, one component of the speaker
output must be attenuated or other-
wise prevented from reaching the oth-
er. Whichever of these design alterna-
tives is chosen is usually performed
by the loudspeaker enclosure. More
on this later.

Ideally, the dynamic driver behaves
like a rigid piston over its entire oper-
ating (frequency) range. A practical
driver, however, cannot provide this
ideal over the entire audible spectrum.
Its useful bandwidth will always be
limited to those frequencies where it
can approximate a point source. That
is, to those frequencies whose wave-
lengths are large compared to the dia-
phragm's physical dimensions.

Above these frequencies, the driver
begins to "beam” (become direction-
al) due to diffraction effects. The cone
of the driver ceases to act as a rigid
piston and undergoes a series of flex-
ing motions that are structural reso-
nances. This can be seen in Figs. 1A
and 1B.

These images were generated in
the Netherlands at the Philips Re-
search Labs by holographically ob-
serving the motion of an 8-inch (20.3-
cm) woofer cone. At low frequencies,
the cone vibrates as a rigid surface.
Above a certain frequency, standing
waves begin to appear on the cone.
For example, Fig. 1A reveals loops
and nodes just starting to appear at
the periphery of the cone when the
woofer is driven by a 2000-Hz sine
wave. When the frequency of the
drive signal is increased to 9000 Hz,
severe cone breakup occurs. Its entire
surface is covered with loops and
nodes (Fig. 1B), and only a little sound
is radiated.

Not only do these effects make the
driver directional as the operating fre-
quency is increased, but they also
cause fluctuations in its frequency re-
sponse. If the dimensions of the driver
are kept small to enhance its mid-
range and high-frequency response, it
will not be able to move enough air to
provide the substantial acoustic out-
put at low frequencies required for
high-fidelity reproduction.

It is obvious that no conventional
dynamic driver can single-handedly
cover the full range of audible fre-
quencies. This has led to the develop-
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ment of specialized dynamic speak-
ers, each designed to handle a given
portion of the audio spectrum. A typi-
cal speaker system employing all dy-
namic drivers will contain a woofer, a
midrange driver, and a tweeter. Some
systems employ four or even more
drivers, with a supenweeter handling
the extreme highs and/or a subwoofer
reproducing the deepest bass notes.
From the standpoint of system engi-
neering, however, it is often desirable
to employ drivers with useful frequen-
cy ranges as large as possible.

In the case of a woofer, useful fre-
quency range can be increased by
making the cone more rigid. One early
approach to increasing the dia-
phragm's rigidity was to change its
shape from that of a simple (true)
cone into a ‘"cone" with rounded
sides. Today's really large woofers
like Electro-Voice's 30-inch (76.2-cm)
unit are constructed in this manner.

Most of the engineering effort dedi-
cated to improving the dynamic woof-
er has been channeled into the devel-
opment of new materials for the cone
to replace the paper traditionally used.
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The ideal cone material would be
lightweight (for efficiency and good
transient response) and very stiff (for
extended frequency response). Re-
cently, some woofers have been
made using carbon-fiber pulp as the
cone material, During the Sixties, the
BBC experimented with sandwich-
construction cones utilizing special
plastics. Aluminum has also been

Cutaway view of
dynamic (cone) driver.

used in the fabrication of woofer
cones. Finally, some manufacturers
have tried doping paper cones with
special coatings for added stiffness.
The Bextrene woofer is a representa-
tive product of this type of experimen-
tation, and is commonly employed in
British speaker systems.

Tweeters can be made using paper
cones, but today the dome tweeter is
an increasingly popular alternative.
The dome has the advantage of per-
mitting the use of a large voice coil (for
power handling), but must be made of
very lightweight material if it is to be
an efficient radiator. Among the mate-
rials used to fabricate tweeter domes
are Mylar-type plastics, polystyrenes,
treated fabrics, and, notably, beryllium
alloys. Beryllium is one of the hardest
metals known and is extremely light-
weight. It is thus ideal for dome dia-
phragms. Dynamic tweeters, by the
way, needn’t have the familiar voice-
coil construction, as evidenced by the
ribbon tweeter. This driver utilizes a
thin corrugated metal “ribbon” placed
in a static magnetic field. Au-
dio-frequency current is passed di-
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rectly through the ribbon, which acts
as both a voice coil and a diaphragm.

One problem that the designer of
any dynamic driver must confront is
the dissipation of heat produced in the
voice coil, which generally has a very
low impedance (4 to 8 ohms). If the
coil draws too much current, the heat
generated in its windings can melt the
insulation on the wire (and perhaps
the wire itself) resulting in a burn-out
of the driver. Even if this doesn't hap-
pen, excessive heat will deform the
coil and weaken the binder that holds
it to the coil form. A discussion of
these problems is included in another
article in this section.

An interesting variation on the
standard dynamic driver is the Wat-
kins dual-impedance woofer used by
Infinity Systems in its top-of-the-line
speakers. This otherwise convention-
al woofer has two voice coils, one with
a standard impedance and a second-
ary coil with a low impedance. The
two are electrically coupled together
by series and parallel LC networks.
Ordinarily, the tuned circuit applies
the amplifier output to the standard
voice coil. However, at frequencies
near the fundamental resonance of
the speaker system, where the imped-
ance presented to the amplifier reach-
es its maximum value, the tuned cir-
cuit routes signals to the secondary,
low-impedance voice coil. This pro-
vides the amplifier with a virtually con-
stant load impedance throughout the
bass region.

The Electrostatic Driver. As its
name implies, this type of driver gen-
erates a motive force for its dia-
phragm by the interaction of electric
rather than magnetic fields. In a typi-
cal electrostatic design, a large dia-
phragm of lightweight material is
placed between two perforated
(acoustically transparent) electrodes.
The diaphragm is electrically polar-
ized relative to the electrodes, which
maintain a large electrostatic field.
The audio signal is applied to the two
electrodes in push-pull fashion. Under
these conditions, the diaphragm will
vibrate in step with the audio drive sig-
nal and produce sound.

In an electrostatic driver, the driving
force is uniform over the entire dia-
phragm surface. (Compare that to the
dynamic driver, in which the dia-
phragm is driven over a small portion
of its overall surface.) The result is
that the electrostatic doesn't suffer as
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drastically from "“breakup” (the excita-
tion of resonant modes on the dia-
phragm) as the dynamic driver. Tran-
sient response is excellent due to the
diaphragm's low mass. The electro-
static driver is basically hung on a
frame. It doesn't have a box enclo-
sure, so a great deal of “coloration"
(or frequency-response fluctuations
caused by the enclosure) is avoided.
Of course, the electrostatic driver is
not completely free from problems.
Bass cancellation caused by destruc-
tive interference between lhe front
and back waves does occur. Also, the
diaphragm does become directional
at high frequencies, where breakup
modes occur. It is difficult to get a
large acoustic output from an electro-
static. The diaphragm cannot make
large excursions, and placing it in an
electric field strong enough to produce
high sound levels will result in dielec-
tric breakdown of the air and arcing,
which almost always causes perma-
nent damage to the speaker. Without
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Heil air motion transformer (above)
and ATD woofer (right).

special design features, the acoustic
output of an electrostatic driver is lim-
ited. Nonetheless, these designs,
when executed properly, are remark-
ably good speakers. Some of the
most highly regarded “purist” speak-
ers are electrostatics. The famous
Quad electrostatic speaker is a good
example.

A solution to the limited-output
problem of electrostatics has been de-
veloped by Dayton Wright Associates,
Ltd. The driver is sealed in an airtight
plastic bag. Actually, this is standard
practice, because the electrodes and
diaphragm must be kept free of con-
tamination. The trick is that the bag is
filled with SFg (sulphur hexafluoride)
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rather than air. This gas is a better
dielectric than air in that it can support
a much larger electric field before it
breaks down and arcing takes place.
Hence, in the Dayton Wright electro-
static driver, the voltage on the elec-
trodes can be stepped up very high,
making the speaker capable of gener-
ating increased acoustic levels.

One last word about electrostatic
drivers—the impedance they present
to the power amplifier is high, and is
largely made up of capacitive react-
ance. This is in strong contrast to the
low impedance of the typical dynamic
driver, which has a large resistive
component. Very few amplifiers are
able to drive an electrostatic driver di-
rectly. (Most of those that can are
made by the speaker manufacturer
and are sold with the drivers as inte-
grated systems.) A step-up transform-
er can be used belween an amplifier
and the driver, but the amplifier will
still be subjected to reactive loading.
Some power amplifiers can tolerate
this, but others cannot.

The Walsh Driver. Both the dy-
namic and electrostalic drivers can be
considered ‘“‘conventional” transduc-
ers in that they have been with us for
many years. A relatively recent trend
among loudspeaker engineers, how-

ever, hasgbeen to dispense with con-
ventiong &rivers entirely and devel-

ope new types of transducers. One
product typiiying this approach is the
Walsh driver, which is used by Ohm
Acoustics in its Model F loudspeaker
system.

This driver is a tall, upright cone
constructed of three successive
bands of material—titanium on top,
then aluminum, and finally paper at
the bottom of the cone. It is driven at
the top by a specially-designed voice
coil, and the bottom of the cone is held
in place by a surround. This unique
driver is a full-range, omnidirectional,
and coherent radiator. There is no
phase cancellation of waves leaving
different parts of the diaphragm as the
sound is radiated as a uniform wave-
front. The Walsh driver's only major
drawback is its relative inefficiency.

The Planar Magnetic. This is an
electrodynamic driver that outwardly
looks like an electrostatic speaker. As
we have already mentioned, the elec-
trostatic driver utilizes a large planar
diaphragm of low mass to achieve ex-
cellent transient response, and the
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planar magnetic is its electromagnetic
analog. This driver has a lightweight
planar diaphragm with a pattern of
conducting material bonded to its sur-
face. The diaphragm is placed be-
tween two perforated magnets, thus
forming a voice-coil/magnet “motor.”
Audio current passes through the dia-
phragm's conductor, generating a
magnetic field that interacts with the
static magnetic field to produce the
force which generates the sound
waves. The driver has the good tran-
sient response and other advantages
of electrostatics. Itis hung on a frame
support, so there is no box to in-
troduce coloration, but bass cancella-
tion is a problem. In a full-range planar
magnetic system, two or more drivers
are often used because individual
drivers do become directional at
wavelengths small compared to their
dimensions. This driver was pio-
neered by Magnepan, and that com-
pany's speaker systems use only pla-

Walsh driver used in
the Ohm F speaker system
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nar magnetic drivers. The driver's
main disadvantage is inefficiency. The
planar magnelic driver need not be a
full-range transducer. For example,
Infinity Systems makes a planar mag-
netic tweeter (they call it the EMIT
tweeter) which it includes in most of its
speaker systems.

Heil Drivers. A distant relative of
the planar magnetic driver is the Heil
Air Motion Transformer or AMT, a
midrange and high-frequency driver
found in speakers manufactured by
ESS. lts diaphragm utilizes a light-
weight Mylar material with an imprint-
ed conductor pattern, but there the
similarity with the planar magnetic just
about ends. In the Heil driver, the dia-
phragm is folded up like an accordion
and is placed in a uniform magnetic
field. Application of audio-frequency
current generates a magnetic field,
which causes the many folds to
squeeze air out from between them,
producing sound. The AMT is a high-
efficiency device capable of uniform
response from the midrange to very
high frequencies.

The high efficiency of the Heil AMT
tweeter prompted experimentation
with a low-frequency driver of the
same design. This turned out to be
problematic—the Heil driver has a
cavity resonance above its nominal
operating range. In the case of the
tweeter, the resonance falls in the ul-
trasonic region, but a Heil woofer
would resonate in the midrange. Un-
daunted, Dr. Oskar Heil designed
another equally unusual driver, the
ATD woofer. This unit has five small
(4-inch or 10.2-cm) lightweight hori-
zontal diaphragms mounted one
above the other, all connected by a
set of four lightweight carbon-fiber
rods. The rods are driven by a con-
ventional voice-coil assembly, and
they in turn excite the diaphragms.
The diaphragms are mounted in
acoustic reflectors that isolate the "top
wave" radiation from the “bottom
wave." The entire columnar driver is
mounted on a large, flat baffle intend-
ed to isolate front and back radiation
as much as possible, but bass cancel-
lation is a problem with this design.

Piezoelectric Drivers. An alterna-
tive driver for the high frequencies is
offered by the piezoelectric driver. Pi-
oneer uses a novel tweeter, dubbed
the HPM, which is made of a piezoe-
lectric polymer it developed. This is a
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plastic-like material that, unlike a crys-
tal, can be made into thin sheets and
fashioned into a variety of shapes.
The HPM driver utilizes the film in a
cylindrical configuration, and is loaded
with an acoustic “lens” to control dis-
persion. Transient and high-frequency
response of the driver is very good be-
cause the moving mass of the dia-
phragm is negligible. The driver oper-
ates by the structural expansion and
contraction of the film. It is, however,
inappropriate for low-frequency ap-
plications as it is incapable of large air
displacements.

The “Massless” Driver. The plas-
ma driver, found in the Hill Type-1
speaker system by Plasmatronics, is
a realization of the loudspeaker engi-
neer's dream—a transducer with es-
sentially no mass. Sound radiation is
achieved by the expansion and con-
traction of ionized air through which
an audio current is passed. In the
plasma driver, an air/helium mixture
in a small cavity is subject to a high-
voltage discharge which completely
ionizes it (strips valence electrons
from the molecules to produce pos-
itive and negative ions). The gas then
becomes an electrically conductive
plasma. Passage of audio-frequency
current through the plasma causes lo-
cal temperature and pressure fluctua-
tions, the pressure fluctuations being
sound waves. Because the plasma
driver has no diaphragm and effec-
tively no mass, it has excellent
high-frequency and transient re-
sponse. The idea is not new, but the
Plasmatronics driver is said to elimi-
nate many of the drawbacks of older
designs, such as noisy operation and
carbonizing of the electrodes. In the
Hill Type-1 system, the plasma driver
handles frequencies from 700 Hz up.
It's major disadvantage is high operat-
ing cost. Bottles of pressurized helium
are built into the loudspeaker systems
and must be replaced an average of
two or three times annually, for an op-
erating cost of about 30¢ per hour.

The Enclosures.

The area of perhaps the most con-
troversy among loudspeaker engi-
neers and audiophiles has been the
design of the enclosure. Predictably,
there has been a proliferation of en-
closure types, each characterized by
certain advantages and disadvan-
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tages. What follows is a discussion of
the role of the enclosure in sound re-
production and an examination of
those types found in today's systems.

The Infinite Baffle. The simplest
speaker enclosure, the infinite baffie,
neatly illustrates the role the enclo-
sure plays. We have already men-
tioned that such transducers as dy-
namic and electrostatic drivers radiate
two out-of-phase components. The
process is shown in Fig. 2. When the
cone of the dynamic driver moves for-
ward, the air in front is pressurized
and the air behind is rarefied (A). The
reverse occurs when the diaphragm is
moving backward (B). A substantial
pressure gradient is therefore set up
by the motion of the loudspeaker's
diaphragm.

When driven by a low-frequency
signal, the diaphragm moves relative-
ly slowly and radiates long acoustic
wavelengths. In an attempt to equal-
ize pressures, the compressed air
rushes to the other side of the cone.
This results in the mutual cancellation
of the two out-of-phase sound waves,
and little acoustic energy is radiated.
At higher frequencies, however, the
diaphragm Is moving much more
quickly and wavelengths are short.
The pressurized air does not have
time to reach the rarefied region and
destructive interference does not oc-
cur. Cancellation, therefore, is a prob-
lem encountered principally in the
bass region.

To prevent bass cancellation, the
driver can be mounted on an infinite
baffle (Fig. 2C), in theory an infinitely
large flat surface. Such a baffle will
prevent any destructive interference
by totally shielding the rarefied region.
Obviously, no baffle can be infinitely
large, and practical “infinite” baffles
have finite dimensions.

The baffle must be large if satisfac-
tory bass reproduction is to be
achieved. This is the drawback of the
infinite baffle principal. Good design
practice dictates that, with the driver
mounted at the center of the baffle,

the dimension of any one side shouid
not be less than one wavelength at
the lowest frequency to be repro-
duced. For a cutoff frequency of 40
Hz, the baffle size on each side of
center should therefore be 14 feet (4.3
m). Few listening rooms can accom-
modate such a structure!

Sealed Enclosures. To attempt to
provide the infinite baffle's prevention
of bass caricellation in a design of
more  manageable  dimensions,
sealed enclosures are used. If the
driver is mounted in a sealed box, the
back wave has no place to go and
stays inside the cabinet. The enclo-
sure must be filled with sound-absorb-
ing material to damp the rear radiation
of the diaphragm. Otherwise, standing
waves will form at any frequency
where one dimension of the box
equals an integral multiple of one-half
wavelength of the radiated sound
wave. As a result, not only would the
system’'s frequency response suffer,
but also the mechanical resonances
of the box itself would be excited by
the sound pressures created by the
standing waves.

The sealed box has its problems. It
is inherently inefficient because all of
the rear radiation is damped out and
converted Into heat. Sealed enclo-
sures housing standard woofers must
be large if significant bass output is to
be obtained, because the acoustic
impedance seen by the rear of the
driver will increase as the box volume
decreases. Furthermore, if the air in
the box is too stiff for the driver, the
fundamental resonant frequency of
the system will be too high for good
bass performance. This design, how-
ever, enjoys the significant advantage
of having a relatively gradual roli-off in
low-frequency response below the
fundamental resonance (about 12 dB
per octave). This means, among other
things, that the system won't ring
excessively at resonance.

One special type of sealed box is
the acoustic suspension enclosure. In
this design, a woofer with a very com-
pliant suspension is placed in a small
sealed box. The small volume of air in
the box has a high acoustic reactance
that compensates for the high me-
chanical compliance of the driver. The
box is completely sealed, with the
back radiation of the woofer absorbed
by damping material. This scheme en-
ables a suitable driver mounted in an
enclosure of small dimensions to re-
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produce very low frequencies. The
acoustic suspension enclosure was
introduced to audiophiles in the
1950's by Edgar Villichur of Acoustic
Research, and was largely responsi-
ble for the bookshelf speaker coming
into its own. The design is found in
many contemporary speaker systems
and can be viewed as a sealed-box
enclosure with a special matching of
the woofer compliance to the volume
of the box.

An interesting variation on the
acoustic suspension theme has been
developed by Cerwin-Vega which the
company calls Thermo-Vapor Sus-
pension. It involves the use of an
acoustic suspension enclosure fijled
with a gas that for a given volume is
more compressible (compliant) than
air. The Cerwin-Vega design results in
high-level deep bass from a small en-
closure with relatively high efficiency.
(Most acoustic suspension designs
are notoriously inefficient.)

The Bass Reflex. To make use of
the rear radiation that goes to waste in
a sealed box, the bass relex was intro-
duced. An enclosure of this type is not
completely sealed. Rather, it has an
opening (a “port” or “‘vent”) of careful-
ly selected proportions that acts as a
sound radiator at very low frequencies
to reinforce the frontwave output of
the driver. The port is “tuned” (its area
and length predetermined) to radiate
in phase with the active driver. The
bass reflex enclosure is really a Helm-
holtz resonator—of the same sortas a
wine jug or an ocarina—because
when excited by sound waves of the
right wavelength it resonates and pro-
duces sound from the port.

If a ported system is designed prop-
erly, bass output is augmented and
the overall efficiency of the system
compared to that of a sealed enclo-
sure is increased. The box volume
can be made quite small and still gen-
erate significant bass output. The en-
closure's disadvantages are an un-
evenness in bass output and a nota-
ble tendency to ring near the frequen-
cy of resonance. (Vented-box sys-
tems roll off at 18 dB per octave below
the system resonance.) Still, the de-
sign is fundamentally successful, and
this is verified by the fact that a vast
number of speaker systems on the
market today employ it.

The Acoustic Labyrinth. This is
another distinct enclosure type, al-
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though its most common incarnation,
the transmission line (see Fig. 3), is
rudimentarily similar to the bass reflex
design. The basic concept behind the
acoustic labyrinth is to provide a long
acoustic path behind the woofer for at-
tenuation and phase shifting of differ-
ent components of the woofer's rear
radiation. One way to achieve this re-
sult is to set up a complex series of in-
ternal baffles within the enclosure,
these being filled with sound-absorb-
ing material. This is often impractical
as the cabinet must be quite large.

The transmission line is basically a
long duct, one end of which is coupled
to the rear of the woofer. The other
end terminates in a port. The duct ac-
complishes two things. First, it pro-
vides a long path for attenuation of the
rear radiation of the woofer at certain
frequencies. Secondly, it results in
reinforcement of the woofer's front-
wave output near the system's funda-
mental resonance. The duct is filled
with sound-absorbing material, and
the frequency-dependent characteris-
tic of the attenuation is such that very
long wavelengths are relatively unaf-
fected, but the shorter wavelengths
(which comprise most of the woofer’s
output) are strongly suppressed. The
unattenuated sound, which is very low
in frequency, reaches the port in
phase with the front wave of the wool-
er and augments it. The interesting
twist to this design is that the sound-
absorbing material in the duct not only
attenuates acoustic energy, but also
maintains a slower speed of sound
propagation than that in air. This
means that for a given frequency, the
wavelength of a sound wave will be
shorter in the duct than it would be in
air. The duct can therefore be made to
reinforce very low audio frequencies
without being enormously long—
transmission lines of 8 feet in length
can provide useful response down to
around 30 Hz.

The actual transmission line need
not be a straight tube. To the contrary,
it is almost always a folded duct. Re-
flections from the folds in the duct are
minimized by using densely-packed
absorbing material at these spots.
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The ideal absorbing material is not the
fiberglass insulation universally used
in other enclosures but long-fiber
wool. Transmission line speakers with
awesome bass output can be made
surprisingly smalli—perhaps the best
example of this being the Obelisk pro-
duced by Shahinian Acouslics. The
speaker system, which measures only
26% x 14 x 12inches (67.9 x 35.6 x
30.5 cm), can really hold its own on
pipe organ music. What you gain in
clean bass from a transmission line
you pay for in terms of efficiency.
These systems are generally less effi-
cient than bass reflex designs.

The Passive Radiator. A more di-
rect spin-off of the bass reflex enclo-
sure is one that replaces the port with
a passive diaphragm—the passive ra-
diator. Although the acoustic imped-
ance seen at the diaphragm “vent” is
different from that in a ported system,

Fig. 3. The acoustic
labyrinth loudspeaker
enclosure.

the passive radiator works according
to the same basic principles. The box
resonates at a frequency near the fun-
damental resonance of the active driv-
er, at which point the passive radiator
augments the output of the driver.

It is worth mentioning that ported
designs in general have reached a
high level of sophistication in recent
years due to the application of a uni-
fied theory of vented-box speakers
developed by A. N. Thiele. Thiele's
theory has enabled designers to opti-
mize bass reflex designs in a relative-
ly straightforward manner. The result
has been an increasing number of
ported systems without many of the
uneven response problems of the old-
er bass reflex systems.

Horms. No discussion of speaker en-
closures would be complete without
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some mention of horns. A number of
speaker systems available today use
horns on some of the individual driv-
ers, almost always the midrange and
high-frequency units. A hom is basi-
cally an acoustic transformer that cou-
ples the air at the surface of the driv-
er's diaphragm with the air in the lis-
tening room. The "“throat” of the horn
is small and fits over the diaphragm.
Its “mouth” is much larger and con-
ducts the radiated sound waves into
the room.

The horn permits driver displace-
ment to be small without sacrificing
acoustic output. This means lower
distortion and higher power-handling,
as well as increased efficiency. The
dimensions and shape of a horn must
be carefully determined for the device
to function without acting as a reso-
nant tube. In addition, the interface
between the driver and horn must be
set up to avoid phase cancellation due
to diffraction. For this reason, “phas-
ing plugs” are used to couple the driv-
er with the horn.

You'll find horns used mainly as
midrange and high-frequency drivers
in most hi-fi systems because they are
of manageable size. Predictably, the
effective horn length required for bass
frequencies is very large. (You can
sometimes see bass speaker bins
with straight horns at rock concerts.
They are very long, as much as 6 to 8
feet or 1.8 to 2.4 meters.) One solu-
tion to the size problem is the “folded”
horn in which the horn is folded back
on itself to decrease the overall size of
the cabinet. The famous Klipschorn
speaker uses this principle, as shown
in Fig. 4. However, the horns are dif-
ficult and expensive to construct.

Most horn designs seen today are
not new. Folded horns, multicell
horns, and sectoral horns have all
been around for a while. One interest-
ing design used by JBL, among oth-
ers, involves the use of an acoustic
lens at the horn mouth. These lenses
look somewhat like the louvers on a
ventillation duct. Their purpose is to
alter the directional characteristics of
the horn—an important task, because
many horns tend to beam severely in
parts of their frequency ranges, result-
ing in a shrill sound. Other develop-
ments in horns include improved
structural designs for making the horn
rigid and lightweight (and less expen-
sive), and the use of novel phasing
plugs such as the “Tangerine” devel-
oped by Altec.
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Typical horn loudspeaker.
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The System.

If a speaker design is to be suc-
cessful, it must be engineered as a
system, with each component de-
signed to work harmoniously with all
the others. Accordingly, there have
been design innovations that involve
the overall system rather than one
particular component such as the driv-
er, crossover network or enclosure.
Some of these innovations flow from
considering the listening room as part
of the audio system. Others are due to
increased attention to phase re-
sponse, low-bass response, etc. Let's
look at how this systems approach is
affecting loudspeaker design.

The Room/Speaker Interface.
From the loudspeaker engineer's
point of view, the least controllable
element in any audio system is the
room/speaker interface and a number
of speaker designers have directed
their attention 1o trying to cope with it.
An excellent example of this height-
ened sensitivity to room effects is the
well-known Bose 901 series of loud-
speakers, whose design is based on
what Bose calls Direct/Reflected
Sound. The 901 system employs
eight rear-firing drivers and one front-
firing driver. Its rear baffle is angled to
direct the two sets of four drivers each
to different room areas, and the front
baffle has a mild curvature. This sys-
tem, when used in a reasonably rever-
berant room, will reflect large amounts
of sound off the walls, creating a re-
flected sound field that works with the
direct sound of the front driver to pro-
duce a feeling of spaciousness and a
“concert hall” effect. Another interest-
ing feature of the design is the fact
that its drivers are all 4-inch cone ra-
diators. Low-frequency reproduction
is achieved by constructive interfer-
ence of the many drivers, whose in-
dividual outputs combine in phase at

Fig. 4. Large bass horn
can be folded into a
structure of more
manageable dimensions.
Walls of room
act as
extensions
of the horn.,
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low frequencies to give the desired
bass output. These drivers are some-
what limited in high-frequency re-
sponse, so an equalizer is provided
with the system to adjust the charac-
teristic of the drive signal accordingly.

Allison Acoustics also designs its
speakers with the listening room in
mind. The Allison Model 1, for exam-
ple, has a prism-shaped columnar en-
closure with side-firing, acoustic-sus-
pension woofers placed to minimize
frequency-response aberrations due
to room reflections. Allison's Model 4
is a true bookshelf system designed to
use the shelf to its advantage. The
woofer is placed at the top of the cabi-
net and effectively radiates into the
shelf. Again, standing-wave formation
is minimized with this scheme. The
top-of-line AR speaker, the AR-9, also
employs side-firing woofers.

It should be mentioned that all
speakers are to some extent sensitive
to room placement. As a rule, those
designed to take the listening room di-
rectly into account are, not surprising-
ly. more sensitive to room placement
than others. To get smooth frequency
response and optimum directional
characteristics, speaker placement
must be experimented with until the
“right” location for a room is found.

A number of speakers on the mar-
ket today permit you to alter their di-
rectional characteristics to suit a par-
ticular room. One representative sys-
tem is Infinity’'s massive Quantum
Reference Standard, which has both
forward- and rear-fiing tweeters
mounted on a cabinet with “flaps™ that
swivel in the horizontal plane. Moving
the flaps enables you to change the
dispersion characteristics of the
speaker. The Leak Model 3090
speaker system has its mid-range and
high-frequency drivers in a separate
enclosure from the woofer. The two
enclosures are connected by a swivel-
ing mount. This enables the listener to
change the firing position of the woof-
er relative to the higher-frequency
drivers. For example, the woofer can
be aimed at a nearby wall, and the
midrange and tweeter pointed directly
at the listener.

“Linear Phase” Speakers. The
philosophy of the new linear phase
speaker is this: if phase effects are im-
portant in program listening, the hi-fi
system should have flat phase-vs.-fre-
quency response as well as flat ampli-
tude-vs.-frequency response. For a
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speaker to have flat phase response,
it should introduce no phase shiit that
can be detected at the listener’s posi-
tion. Now, the typical multi-way
speaker system does introduce phase
shift, bcause of the effects of its cross-
over circuits, and because of the fact
that the different drivers, mounted on
a flat baffle, have effective centers of
radiation that are spatially displaced,
resulting in a path-length difference
between each driver and the listener's
ears. In fact, the phase shift intro-
duced in the crossover is the more se-
rious of the two because there is a
large discontinuity in the phase re-
sponse of the network at the crossov-
er frequency. The sharper the cross-
over's filters (say, having rolloffs of 12
or 18 dB/octave as opposed to 6 dB/
octave), the greater the discontinuity.
On the other hand, the path length dif-
ference resulting from the mounting of
the drivers creates a time delay on the
order of 1 millisecond, which trans-
lates to about 6 degrees of phase shift
at 1000 Hz.

Bang and Olufsen was a major
force in the early work on phase-com-
pensated speakers. The most inter-
esting work in this area has involved
the design of crossover networks that
eliminate phase anomalies. The ideal
crossover for flat phase response
uses active circuits (that is, multi-
amping is necessary) and a “filler”
driver that is active over a narrow
band of frequencies centered at the
crossover frequency. The filler driver
is not intended to radiate significant
acoustic power over a wide band-
width. Rather, it's there only to smooth
out the rift in the phase-response
curve without serious disruption of the
amplitude response.

In Bang and Olufsen's phase-com-
pensated speakers, the filler-driver/
crossover combination is employed
and the drivers are mounted on an an-
gled baffle. The angle of the baffle is
set so that, at the hypothetical listen-
ing position, there is no path-length
difference between the two drivers.
Even though B&O systems use filler
drivers, they dont require multi-
amping because the filler drivers are
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carefully designed to work with pas-
sive crossover networks (they are
more efficient than the main drivers,
for one thing).

A number of other manufacturers,
such as Technics and B&W, have pro-
duced systems intended to have flat
phase response. All of these systems
utilize offset mounting of the drivers,
with the tweeter generally set several
inches in back of the woofer to elimi-
nate path-length differences. Often,
for example, the main cabinet houses
the woofer and the midrange and
tweeter are mounted on small baffles
set back on top of the woofer enclo-
sure. It's worth noting that the Walsh
driver mentioned earlier (it's em-
ployed in the Ohm F system) is, be-
sides its other qualities, a true linear-
phase speaker.

It must be said that there is no
agreement as to whether a speaker
with flat phase response is necessary.
In fact, a growing body of evidence in-
dicates that, when music or speech
program material is heard in a rever-
berant environment, phase effects are
of little importance to the listener. It is
only with specialized test signals and
very specialized listening environ-
ments that phase effects other than
basic phase cancellation (destructive
interference) can be heard. After all,
the typical listening room, introducing
sound reflections as it does, totally
randomizes the phase information in
the acoustic signal by the time it
reaches the listener's ears. It has
been said that “it can’t hurt” to have a
linear-phase speaker, which is true,
ideally. But a number of designs cur-
rently on the market introduce ampli-
tude response aberrations due to dif-
fraction effects caused by the offset
mounting of the drivers. These re-
sponse anomalies are audible. Thisis
worthy of consideration, because a
number of manufacturers go to great
pains to make their baffles smooth
and free of structural discontinuities
simply to minimize diffraction of
high-frequency sound (consider the
latest designs by Avid, for example).

Electrostatic Systems. As men-
tioned earlier, a solution to the limited-
output problem of electrostatics is ex-
emplified by the formidable Dayton
Wright electrostatic speaker. The
electrodes and diaphragm are im-
mersed in an atmosphere of SFg,
which can support very high polarizing
and driving voltages without breaking
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“Linear phase” speaker system.

down and arcing. Hence, the Dayton
Wright system is capable of generat-
ing more acoustic output than stand-
ard electrostatics. The system is pro-
vided with a special power amplifier
that is capable of driving the almost
lotally reactive load of the speakers
(which would be a horror for many
conventional amplifiers). The Dayton
Wright is a two-way system. Frequen-
cies above 10,000 Hz are handled by
a piezoelectric tweeter.

Another novel (and equally mas-
sive) electrostatic system is the Bev-
eridge 2SW. This speaker employs a
single 6-foot electrostatic panel, but
the driver is loaded with a unique
acoustic lens that gives the system
wide dispersion in the horizontal
plane. Ordinarily, a single electrostatic
panel would become highly directional
at high frequencies, especially if it
were large enough to provide signifi-
cant bass output. In the Beveridge
speaker, the effective size of the ra-
diator is quite small, because the
mouth of the lens is a narrow slit rath-
er than a large, wide panel. The Bev-
eridge system is provided with a spe-
cially-designed vacuum tube power
amplifier as well as two subwoofers to
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augment the electrostatic driver's
bass output in the lowest octave.

The Beveridge 2SW represents an
intresting means of obtaining con-
trolled high-frequency output from an
electrostatic speaker. Other designers
take different approaches, such as
multi-way systems with two or more
electrostatic drivers of different panel
sizes. Some manufacturers, such as
RTR, utilize electrostatic tweeters
composed of several small panels

Make-up of an
electrostatic driver.

placed at angles to one another so
they radiate into a wide solid angle.

Equalized Systems. Some de-
signers utilize electronic equalizers to
compensate for frequency response
deficiencies of the speaker system, as
is done in the Bose 901 series men-
tioned earlier. These equalizers are
generally placed between the preamp
and power amp, and have either fixed
equalization or a minimum of user
controls so their performance isn't hin-
dered by user adjustments. Another
example of equalized systems is Elec-
tro-Voice's Interface line of speakers,
some of which include equalizers that
smooth out bass response and control
high-frequency roll-off.

Powered Speakers. Speaker de-
signers who want absolute control
over the electronic circuits to be inter-
faced with their systems use powered
speakers. These speakers contain
power amplifiers that are built right
into the speaker cabinet. Systems of
this kind are almost always muilti-
amped. That is, the system will con-
tain a separate amplifier for each driv-
er, as well as an electronic crossover
at the input, so you drive the "speak-
er” with the output of a preamp. There
are some obvious advantages to this
scheme. For one thing, it is probably
the most cost-effective way to drive a
speaker system. Multi-amping en-
ables you to match each transducer
with its appropriate drive level, and
therefore gives you a maximally effi-
cient system. Additionaily, there are
none of the power losses that occur in
higher-order passive networks, so you
can provide each driver directly with
only the power it needs and no more,
(This isn't really critical in hi-fi sys-
tems, but if you're setting up a stage
system for the Grateful Dead or de-
signing a monitor system for a big stu-
dio, it is.) Other advantages of multi-
amping are potentially lower distortion
and smoother frequency response.
Regarding the latter, the active cross-
over can be designed to introduce no
phase shift of one band relative to
another. Accordingly, near the cross-
over point, where more than one driv-
er is radiating the same signal, de-
structive interference won't occur. In
any event, if multi-amping is important
in a particular application, the pow-
ered loudspeaker is an efficient way to
do it. Another feature, exemplified by
the Powered Advent speaker system,
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is compactness. The bulky power
amps are built right into the cabinet.

The ultimate powered speaker sys-
tem is one that utilizes motional feed-
back to correct for driver nonlinearities
such as in the Philips RH-545. This is
a three-way tri-amplified system with
a small transducer mounted on the
woofer cone. The transducer gener-
ates a signal proportional to the woof-
er output, which is fed back and sub-
tracted from the input signal (just like
the negative feedback used in every
audio amplifier). The signal that drives
the speaker is thus “compensated”
for the woofer's nonlinearities. Feed-
back systems of this sort are primarily
useful for reducing distortion in a
speaker's bass output. They aren't
generally used for the higher-frequen-
cy drivers for practical reasons.

Subwoofers. A relatively recent
trend in the design of loudspeaker
systems involves the use of large dy-
namic drivers for reproduction of the
deepest bass and separate “satellite”
speakers for the upper bass, mid-
range, and treble frequencies. Be-
cause audio frequencies below 70 Hz
or so are nondirectional to the human
ear (it can't locate their source), a sys-
tem can be set up to operate with a
single subwoofer covering the range
of, say, 20 through 70 Hz, and a pair
of satellite speakers for the higher fre-
quencies. (Alternatively, a separate
woofer can be used for each channel
and its operating range increased ac-
cordingly.) As evidence of this trend
you need only note the increasing
number of "mini" speakers on the
market, made by manufacturers like
ADS, Visonik, Braun, etc. If the satel-
lites are not intended to reproduce
any low bass (anything significantly
below 100 Hz) they can be made very
small. The ADS Model 200 |l, for ex-
ample, measures only 63 x 44 x
45 inches (17.1 x 11.7 x 10.8 cm)
and has a rated frequency response
of 85 to 20,000 Hz +3 dB. (Response
goes down to 55 Hz +6 dB.) The
advantage of using a single subwoof-
er in a low-profile cabinet and two
small, lightweight satellites is clear
from the standpoint of aesthetics and
placement in the average room. If de-
sired, the woofer can be hidden in an
out-of-the-way place because its out-
put does not affect stereo imaging.
The compact satellites are easy to
find room for.
Acoustique 3A
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taken the idea of the hidden subwoof-
er to its extreme with its Triphonic sys-
tem. Here the woofer is a self-pow-
ered, motional-feedback system con-
cealed in a coffee table. The higher
frequencies are handled by two small
(17 x 10 x 7 inches) satellite speak-
ers. A single stereo ampiifier is re-

Mesa’s subwoofer housed in an enclosure disguised as a coffee table
is meant to be used with a pair of small satellite speakers (left).

EW IF ANY difficulties are en-

countered in testing electronic au-
dio components such as amplifiers
and tuners in a hi-fi system. The rea-
son for this is that we are dealing with
generally well-understood effects
(power, sensitivity, distortion, noise,
etc.), and the measuring procedure is
defined by standards issued by the In-
stitute of High Fidelity (IHF) arfd other
organizations. Hence, we can reason-
ably well define the performance of
such products under test. Not so for
speaker systems, which have yet to
come under a testing standard (al-
though an IHF technical committee
has been activated to generate such a
standard).

Unlike electronic components, the
electromechanical loudspeaker is far
from a simple device with a uniquely
defined output that can be directly re-
lated to an input signal. Until a testing
standard is formulated, those of us
who test speaker systems must es-
tablish our own laboratory procedures
based on what we consider to be im-
portant characteristics. This is the rub,
because as things now stand, there is
no agreement as to just which charac-
teristic of a speaker system's output is
related to its sound and which, there-
fore, should be measured.
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quired to drive the system because
the woofer is self-powered.

One disadvantage of the subwoot-
er/satellite approach in terms of cost
is the fact that these systems general-
ly have to be bi-amplified. An electron-
ic crossover and separate amp for the
woofer is needed. If the woofer is re-
producing frequencies down to 20 Hz,
and is of the acoustic suspension type
(as is not uncommon), you'll need
plenty of power for it, too!

In Conclusion.

Although there aren't all that many
generic types of speakers and enclo-
sures, the number of variations on the
basic designs that have been iried at
one time or another is huge. Each de-
sign attempts to solve the problem(s)
its creator sees as most pernicious
(whether they are real or imagined).
However, one thing is certain—as
time has passed, the fundamental de-
signs have been improved and refined
to the point that well-executed exam-
ples of each design type will all be
good-sounding speakers. o)

Interpreting
Speaker
Test

Results

BY JULIAN HIRSCH

Hirsch-Houck Laboratories

The Problems. Although the input
to a speaker system is electrical and
can be specified quite well (assuming
one considers it as a voltage only be-
cause the complex input makes it very
difficult to measure the true input pow-
er), its output is acoustic energy. This
energy is commonly expressed as a
sound pressure level, or SPL, in deci-
bels relative to 0.0002 dynes/cm?.
The SPL measurement per se is not
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difficult to make with a suitable cali-
brated microphone. However, there
remains the question of the testing en-
vironment and the physical relation-
ship between the speaker system and
microphone during the test.

The acoustical SPL output of a
speaker system is a function of the di-
rection and distance between the mi-
crophone and speaker system and
the driving frequency. If the frequency
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response is measured in an anechoic
chamber—the most commonly used
test environment, with the microphone
on the central axis of the system—one
may obtain a reasonably “flat" re-
sponse curve. Bear in mind, though,
that “flat” for a speaker system is not
the same as “flat” when applied to the
response of an amplifier or even of a
phono cartridge. Every driver in a
speaker system is subject to count-
less unwanted response variations
from its cone and voice-coil suspen-
sions, the cone itself, the supporting
basket, the cabinet edges, and many
other factors. As a result, what is ob-
tained in an actual test is a very rough,
irregular response curve. This re-
sponse curve is usually so irregular
that its useful content is obscured.
Hence, it is common practice to use
fitering and pen damping in the
graphic level recorder to smooth out
the rough edges, so to speak, leaving
a more general—and often more in+
formative—contour of the speaker
system'’s response.

No matter how the measurement is
made, we cannot avoid the fact that
the response will be different for every
different microphone position relative
to the speaker systerh. An on-axis re-
sponse is essentially worthless as an
indicator of how the speaker system
will sound or even of its intrinsic merit.
If the response is measured at a num-
ber of different microphone locations
while sampling the sound field over a
wide angle in front of, or even through
a full sphere surrounding, the speaker
system, it is possible to process the
data with a computer to obtain a plot
of the total power response as a func-
tion of frequency. This is a measure-
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ment of the total acoustic energy the
speaker system radiates in all direc-
tions, into the hemisphere or spherical
volume that loads the system.

There is good reason to think that
the power response of a speaker sys-
tem is more closely related to the way
it sounds in a real listening room than
in any anechoic measurement along a
single axis or several axes. This is not
to imply that such a measurement—
indeed, any possible measure-
ments—will ever be able to define or
describe the performance of a speak-
er system with the accuracy that such
measurements can describe the na-
ture of amplifier or tuner performance.
There are many orders of magnitude
of difference between the subtleties
detectable by the human ear and
processed by the brain and anything
that can be picked up by a micro-
phone and processed by a computer.
Nevertheless, in a home environment
a speaker system does radiate sound
in all directions although not neces-
sarily uniformly. Most of this output,
after reflection and some absorption,
eventually reaches the listener's ears.
For this and other reasons, we have
long felt that such a measurement
(power response rather than any sin-
gle-axis pressure response) is the
most meaningful way to measure the
general, octave-by-octave, frequency
response of a speaker system.

Our Procedure. Forunately, a
computer or a large number of micro-
phones are not really needed for a
power-response measurement. An-
other and often simpler technique is to
use a reverberant chamber for a test
environment. This is an odd-shaped
room with no parallel surfaces, its
walls, floor, and ceiling made of hard,
nonabsorbing material. All the sound
emitted by a speaker system in such a
room, after many reflections, will pro-
duce a uniform, homogenized sound
field at any point in the room. Like an
anechoic chamber, a reverberant

o
CORAECTED _ _
i |
e : ‘

d ‘u\Ekhq;t

.
‘o000 20000

FREQUENCY (Hz)

Fig. 1. Average response curve is for left and right speakers
and corrected curve takes room characteristics into account.
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room can be used only for middle- and
high-frequency measurements. A rea-
sonable-sized anechoic room may be
useful only down to 100 Hz or so, and
the cut-off for a reverberant room can
go up to 500 Hz.

At Hirsch-Houck Laboratories, we
have neither an anechoic nor a rever-
berant chamber. We have found that
a normally furnished listening room
behaves much like a reverberant
chamber. Beyond a distance of 10 ft
(38 m) or so from the speaker system,
the sound field is semireverberant.
That is, the measured SPL changes
littlte as the microphone is moved
about. The room's response is not
“flat” with frequency, of course, due to
the normal absorption by the bound-
ary surfaces and furnishings. These
surfaces cause the high-frequency re-
sponse to roll off in any measurement.
However, we have been able to com-
pensate for this rolloff with gratifying
success. To do this, we measure the
response of two calibrated speaker
systems in a normal stereo listening
setup at the front of the room, spaced
about 10 feet apart. We place the mi-
crophone on-axis with and about 12 ft
(8.7 m) from the left speaker system.
At this point, the microphone is angled
about 40° off-axis from the right
speaker system. Then we run re-
sponse curves for both speaker sys-
tems separately but on the same chart
paper, using a “warble tone” swept
oscillator and heavy pen damping in
the recorder to obtain the smoothest
possible curve. The two curves, from
100 to 20,000 Hz, usually have “rip-
ples” from standing wave effects in
the room. We find, however, that
these standing waves tend to cancel
out between the speaker systems.
This yields a relatively smooth line av-
erage for a reasonable curve. (Fig. 1).

Knowing the actual reverberant-
room response of our speaker sys-
tems from data supplied by the manu-
facturer and knowing that our micro-
phone is flat within =1 dB up to
20,000 Hz, we can draw a correction
curve. When this curve is added to the
response curve of any other speaker
system measured in the same room,
we obtain a response curve roughly
equivalent to the speaker system's to-
tal power response. Although acousti-
cians will probably flinch at the
approximate nature of this measure-
ment and the various assumptions
that have been made in its perfor-
mance, we find that we usually come
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within 2 or 3 dB of a true reverberant
response measurement when we
have access to that data from a
speaker manufacturer. This is accu-
rate enough for our purposes.
Although the curve obtained ex-
tends down to 100 Hz, it is not valid
below about 300 Hz because of the
unavoidable resonance effects of our
room. At lower frequencies, we place
the microphone as close as possible
to the woofer's cone and run a curve
from 20 to 1000 Hz (Fig. 2). (No war-
ble tone is needed since close-micro-
phone measurement is not affected
by the room and gives essentially a
true anechoic response.) This mea-
surement is not valid much above 300
Hz. where the dimensions of the woof-
er cone become comparable to the
wavelength of sound, but we carry it
up to 1000 Hz for the same reason
that our quasireverberant measure-
ment is carried down to 100 Hz.
Having obtained two sets of curves,
we splice them together to form a sin-
gle composite frequency response
(Fig. 3). By extending each curve
beyond its most accurate range, we
find it easier to overlap them for the
best splice. On occasion, there is little
overlap range and we must make an
educated guess about the splice
point. In many cases, the two curves
have considerable overlap and there
is no doubt about the accuracy of the
composite frequency-response curve.
One might fairly ask how we can
call this composite curve a “frequency
response’ plot of a speaker system.
Our reasoning is that the midrange
and high-frequency portion of the
curve is a fair representation of the
speaker system's total power output
over that range and consequently
represents how much energy it will ra-
diate into almost any room. Regard-
less of the room's characteristics, a
peak or a drop in output at the high
frequencies will almost always be
heard as a brightness or dullness of
the sound, and irregularities in the
midrange generally correlate with dif-
ficult-to-define colorations one often
hears from a speaker system. While
this portion of the curve is fairly appli-
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cable to any listening room, the bass
response is drastically affected by the
room size and placement of the
speaker systems. In most cases, it
would be quite impossible to produce
any curve that really reflects how the
speaker system will perform in any ar-
bitrary room.

Given the above, we content our-
selves with showing the low-frequen-
cy (anechoic) response obtained with
close microphone spacing. This is a
“worst-case’” condition; the actual
bass performance will always be bet-
ter in any real room, where the bound-
aries will reinforce the low-frequency
output of the system. The curve we
give is useful for comparing speaker
systems. The magnitude and width of
the low-frequency output rise at reso-
nance also give a good indication of
the Q of the woofer.

In spite of its unorthodox derivation,
the composite response curve relates
well to how the speaker system
sounds in our test room and how it is
likely to sound in most “real” listening
rooms. It is worth noting that the two
separate response curves at high fre-
quencies reveal very clearly how good
the dispersion of a tweeter is in the
upper registers. An omnidirectional
speaker system, or a system with very
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good dispersion, will reveal little or no
difference between the two curves,
one on-axis and the other 40° off-axis,
at any frequency, but most speaker
systems will reveal at least several
decibels difference at frequencies
beyond 10,000 Hz.

Other Tests. We also measure the
harmonic distortion of the woofer be-
tween 100 Hz and its lower frequency
limit (Fig. 2). We use the same close
microphone technique here employed
for the bass response measurement,
but the microphone's output goes to a
spectrum analyzer instead of a chart
recorder. The output levels of second
and third harmonics (higher order
components are almost never signifi-
cant) are combined to obtain a THD
reading at each 10-Hz frequency in-
crement. The woofer is driven with a
constant 2.83 volts and then at a con-
stant 8.94 volts, which correspond to
power levels of 1 watt and 10 watts
into an 8-ohm load. We do not mea-
sure distortion at higher frequencies
because the irregularity of the sys-
tem's response makes the test im-
possibly complicated unless very spe-
cialized automatic plotting equipment
is used.

A bass distortion measurement tells

L

1000

FREQUENCY (Hz)

Fig. 2. At left is a typical bass response from 20 to 1000 Hz. At right
are typical distortion curves below 100 Hz at two power levels.

FREQUENCY (Hz)

Fig. 3. A composite corrected frequency response. It is formed by
splicing the curves from 100 to 20,000 and from 20to 1000 Hz.
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us how low the speaker system will go
before the woofer ceases ta be cou-
pled to the air load of the room. At this
frequency, distortion begins to rise
rapidly. For a typical bookshelf speak-
er system, the distortion may measure
in the vicinity of 1 percent or so down
to about 60 Hz, rising somewhat at 50
Hz and very abruptly at lower frequen-
cies. Regardless of its measured fre-
guency response (measured al a low
drive level}, such a system will not
produce usable, undistortad bass at
frequencies much below 50 Hz be-
cause its cone is no longer coupled to
theroom, causing excessivadistartion.
One thing everyone should know
about his speaker system is how
much drive is required to produce a
given SPL output. (This is relatad to
how much amplifier power capability
is needed.) This information is given
in our sensitivity measurement. (This
is not efficiency, although the two are
reiated, since we do not know how
much electrical power we zre aclually
delivering to the speaker sysiem, or
how much acoustic power it is produc-
ing.) We drive the speaker system
with 2.83 volts of band-limited pink
noise (an octave wide and centerad at
1000 Hz) and measure the SPL at 1
meter in front of the grille. We prefer
this signal tc full-bandwidth pink roise
because it measures the sensitivity in
the important midrange, where most
of the subjective volume is produced.
Impedancs is measured by driving

RESPONSE (dB)

the speaker system's voice coil direct-
ly from the swept oscillatar of our fre-
quency response plotter, with the
graphic level recorder in parallel with
the output of our oscillator and the
speaker system. The 600-ohm output
of the oscillator looks like a constant-
current source to the speaker system.
Hence, the voltage across the speak-
er system and recorder is directly pro-
portional to the impedance as the fre-
quency sweeps from 20 to 20,000 Hz.
Since the amplitude scale of the re-
corder chart is logarithmic, we cali-
brate it before each measurement by
substituting a precision resistance
decade box for the speaker system
and calibrating over a range of 1 to
100 ohms (Fig. 4).

Although we still examine the tone-
burst responses of a speaker system
as part of our test sequence, these do
not lend themselves to objective inter-
pretation unless the speaker system
is unusually good or bad. We usually
drive the speaker with 4-cycle bursts
while varying the frequency and ob-
serving the behavior of the acoustic
output in the operating range of each
driver. [t is generally necessary to lo-
cate the microphone fairly close to the
speaker system (within a foot or so)
and on the axis of the driver being
studied to avoid interference from the
other drivers and room reflections.
This is one of the tests that really
should be made in an anechoic cham-
ber, since it is almost impossible to
eliminate room effects from delayed
reflections off the walls unless the mi-
crophone is so close to the speaker
that it may affect the actual output.
(One cannot assess total system per-
formance under this conditian.)

Interpreting Results. From the
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Fig. 4. A typical impedance curve obtained by driving the speaker system,

from the swept oscillator of Frequency response plotter.

Www amernieanmadinhistory com

general shape of the composite re-
sponse curve, one can determine by
inference whether the system will
sound bright or heavy, have midrange
coloration, or perhaps be one of the
few really smooth and uncolored re-
producers available. A very flat curve
usually means that the speaker sys-
tem is very good, but moderate ir-
regularities do not necessarily mean
that the system is a poor performer.
Our comments on the sound of a
speaker in the “User Comment” sec-
tion of our reports should help in inter-
preting the curves.

Very low bass distortion usually
means that a speaker system will
soundclean in the low bass range and
that it can probably be equalized for a
flatter, more extended bass output
with a suitable graphic equalizer, with-
out risking excessive distortion or
damage. Higher bass distortion, such
as 2% or 3% in the 50-to-100-Hz
range does not necessarily sound bad
since the ear is very tolerant of low-
order harmonic distortion, especially
at low frequencies. If the speaker sys-
tem is capable of delivering a healthy
output in the low-bass range, a mod-
erate amount of distortion will prob-
ably never be noticed.

The impedance curve is important
to anyone who plans to parallel two
pairs of speaker systems on a single
amplifier. We give in our reports the
lowest impedance observed.

The sensitivity rating is a rough
guide to how much amplifier power
will be needed to drive the speaker
system to a given SPL. Most acoustic-
suspension systems produce an 85-
dB SPL at 1 meter for a nominal 1-
watt input (the range is typically 82 to
88 dB). Ported or vented systems may
range from 88 to 92 dB, while a few
will reach 94 or 95 dB. These figures
do not tell how loud a speaker system
will play; they tell you how much pow-
er is required to play at a given level.
Their usefulness is mainly to permit
you to compare competing systems.
For example, a speaker system rated
at 92 dB will require only one-tenth as
much amplifier power as one with an
82-dB sensitivity rating, for the same
listening level.

Finally, we should mention that our
test figures will rarely, if ever, agree
with any supplied by a speaker sys-
tem manufacturer. This is because to-
tally different test methods were used,
which is not a reflection on either the
manufacturer or on our test results, ©
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Power-handling

Capacity

HE AMOUNT of power a speaker

can handle without incurring dam-
age is little understood by most audio
enthusiasts. For example, why can a
loudspeaker with a high power rating
be damaged in a particular situation
when one with a lower rating is un-
damaged? Why do some speaker
systems that are provided with fuses
still suffer overload damage without
the fuse being blown? To answer
these and other questions, we must
first recognize the power limitations of
a loudspeaker system in two failure
areas—thermal and mechanical.

Thermal Failure. To understand
why thermal failure occurs, we first
determine what a loudspeaker does
with the input power it receives. We
are familiar with audio amplifiers that
deliver 50, 100, 200, or even as much
as 700 watts per channel. However,
few of us know how many watts—that
is, actual acoustic watts—a loud-
speaker delivers. An indication can be
obtained, however, by considering the
output of a large pipe organ. It will typ-
ically deliver 12 to 14 acoustic watts in
a spacious environment. A conven-
tional saxophone, on the other hand,
delivers about 0.3 waltts, a piano 0.4
watts, a bass singer 0.03 watts and
speech at a normal level about
0.000024 watts.

Obviously, we are now looking at
much smaller power levels than those
considered by the average hi-fi en-
thusiast because he is thinking of
electrical input to a speaker, not its
acoustic output. The enormity of the
difference is seen if we consider the
12 to 14 watts delivered by a large
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pipe organ. In the average house, this
amount of acoustic power would liter-
ally shake the house.

Thus, we can see that, for even ex-
tremely loud listening levels in the
home, we are only considering acous-
tic power outputs of no more than a
few watts. To supply this power, how-
ever, it is often necessary to have an
amplifier with a large power output be-
cause of speaker inefficiences. This
brings up the subject of just how effi-
cient high-efficiency speakers are
when compared to low-efficiency
units—how inefficient even the high-
efficiency systems are is not generally
appreciated. Acoustic-suspension
speakers can have efficiencies as low
as 0.2%, ported systems about 1%
and horns up to approximately 15% to
20%. For most current speakers, for
every 100 W of electrical power deliv-

ered to a speaker, only about 0.2 to 1
watt of acoustical power is delivered
as actual sound! The rest of the power
(over 99 watts, in this case) goes al-
most entirely into heating the voice
coils on the speaker drive units. (A
very small amount of power is used to
overcome mechanical resistances in
the drive units while another small
amount heats the leads from amplifier
to speaker).

Let us now look at what happens
when we apply this power to a speak-
er's input. Figure 1 shows typical
heating and cooling of a conventional
midrange unit with a 1”-diameter voice
coil for a constant sine-wave input. A
steady state is rapidly reached around
105°C (221°F) above ambient (about
20°C or 68°F).Usually, thermal break-
down occurs when adhesives used in
the construction melt or fail. This is
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Fig. 1. Heating rate of a midrange coil when
a nominal 10 watts of 1-kHz sine wave is applied,
and the cooling rate when the signal is removed.
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usually at temperatures of about
170°C (338°F) to 180°C (356°F).
Consequently, it would appear to be
safe to use 10 watts continuously ap-
plied to our hypothetical unit. Unfortu-
nately, itis not!

To understand why, let's first exam-
ine what happens when the tempera-
ture rise apparently levels out. At this
point, all the power that's producing
heat is not merely raising the temper-
ature. It is travelling across the air gap
in which the coil sits to the other metal
parts and ‘'magnet (Fig. 2) causing
them to heat up. Since the metal parts
have a larger mass than the voice coil,

CONE ______——
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nal, as indicated by Fig. 1. However,
this rapid variation in temperature will
have upper levels determined by how
long the system has been playing, as
seen in Fig. 3. Consequently, a loud-
speaker cannot be played as loud af-
ter several hours of use as it can when
first turned on. This may explain why
simple fusing so often fails to protect a
system. A low-current fuse which
would provide adequate protection for
all signals after any period of playing
is simply not practical, as it would
mean limiting the system to unrealisti-
cally low levels for most normal listen-
ing conditions.

What can the designer do? One ob-
vious answer is to transfer more heat
away from the unit, possibly with heat-
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Fig. 2. Cross section of a typical loudspeaker
drive unit with voice coil sitting in air gap.

however, the former is slower in
reaching its maximum heat level. As
shown in Fig. 3, it takes about two
hours for the temperature to stabilize
to a point where all the heat received
by the structure is, in turn, transmitted
to the air around the unit. During this
time, the metal rises to about 68°C
(154°F) above ambient. But, more sig-
nificiantly, the voice coil rises with it to
about 155°C (311°F) above ambient--
close to the failure level of adhesives.
What does all this mean to the loud-
speaker user and loudspeaker de-
signer? We need to look even further
into the subject to see how the design-
er can optimize the situation, but
we already see one danger point for
the user. A loudspeaker voice coil will
rapidly heat and cool with variations in
level applied with a typical music sig-

sink fins on the metalwork. Unfortu-
nately, this will work only if he can effi-
ciently transfer the heat from voice
coil to metalwork. This is where we
have the major temperature differen-
tial in the order of 90°C (194°F). If we
could reduce this differential to, say,
20°C (68°F), then for the same input
power of 10 watts, we would only get
a long-term voice coil rise of about
90°C (194°F) instead of 155°C
(311°F). This would occur because,
under steady-state conditions, about
9.9 watts is generated as heat in the
voice coil, crosses the air gap to the
metalwork, and is then transmitted by
the metalwork to the surrounding air.
The temperature difference neces-
sary between coil and metalwork for
this 9.9 watts is about 90°C. How can
it be reduced to, say, 20°C (68°F) and
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¢6. .. a loudspeaker cannot [always| be played as loud after
several hours of use as it can when first turned on.%?

still transfer the 9.9 watts? To answer
this takes a complex study of heat
transfer mechanisms. The results of
ohe such study are described below.

In this study it was found that in the
type of unit used as an example,
about 3% of the heat was transferred
from the coil to the metalwork by ra-
diation, none was transferred by con-
vection, and 97% was conducted
through the air in the gap. This ex-
plains the high temperature differen-
tial between coil and metalwork, as air
is a fairly poor conductor of heat (the
air in our homes is heated by convec-
tion, a mechanism that does not occur
in the voice coil gap). Attempts to im-
prove radiation by having blackened
coil formers and blackened metalwork
had little effect, giving an increase in
power handling of only 12%. To make
inroads, we need improvements of
several hundred percent, as each
doubling in power handling means
that we can safely play the system 3
dB louder (12% is an improvement of
0.5 dB in output).

The obvious answers to improve-
ment in power handling lie in two
areas—increasing the maximum tem-
perature the unit can withstand and
improving heat conduction away from
the voice coil. Higher maximum tem-
peratures require the use of adhe-
sives that will withstand higher tem-
peratures without softening or break-
ing down. As stated earlier, these
adhesives normally have an upper
limit of about 189°C. Adhesives that
can withstand higher temperatures
are now becoming available and are
being used on a few drive units. Gen-
erally speaking however, most voice
coils still have the sort of temperature
limit we have been dealing with.

We are thus limited to the upper
temperature limit of about 180°C
(356°F). Is it possible to handle more
power before reaching this limit? One
obvious way is to increase the surface
area of the voice coil. High-power
speakers for electric guitar amplifica-
tion, for example, often achieve their
power-handling ability by using tweet-
ers with large voice coils—sometimes
4 or 5 inches in diameter. Unfortu-
nately, large voice coils cause two se-
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rious degradations in tweeter or mid-
range performance. First, for accu-
rate reproduction of transients and
high frequencies, a tweeter voice coil
has to be lightweight, so it can't be
very large. Secondly, a large voice
coil automatically means a large
acoustic radiating surface which, in
turn, means a tweeter that will be-
come Seriously directional even at rel-
atively low frequencies.

Another way to handle more power
for a given sound pressure level be-
fore reaching this limit is to use a
much more efficient tweeter and pad it
down in the crossover network to the
level of the rest of the system. Thus,
much less power is applied to the
tweeter (the attenuator network used
should, of course, be able to handle
the rest of the power). Such a twzeter
of midrange element would have to
be horn loaded for sufficient increase
in efficiency. This approach is quite
valid, but does produce systems with
treble directionality problems since
the radiating area of a horn is that of
its mouth. This is really only fully satis-
factory when used in systems specifi-
cally designed to make use of these
directionality effects (a very complex
subject in its own right). It also ex-
plains why power-handling failures

are less likely to occur in fully horn-
loaded systems; they don't handle
more power, they just play significant-
ly louder. Hence, the amplifier level
does not get turned up as much and
the loudspeakers do not get as much
power fed to them.

Magnetic Fluids. Recently, anoth-
er method of improving the ability to
handle power before failure tempera-
tures are reached has become avail-
able to the loudspeaker designer. This
method significantly improves the
transfer of heat from the voice coil and
across the voice coil air gaps by re-
placing the air in the gaps with a spe-
cial oil that has an excellent thermal
conductivity.

The oil is the base of a remarkable
new material called magnetic fluid, a
molecular suspension of ferrite parti-
cles in an oil carrier. This fluid is at-
tracted by magnetic fields and thus is
firmly held in the air gap of a loud-
speaker, as shown in Fig. 4. Now, for
the first time, a new generation of
high-power-handling tweeters and mi-
drange units of the small size neces-
sary if a design with good dispersion
characteristics is desired can be built.
Such units are now incorporated in an
increasing number of American man-
ufacturers' models and will, it is be-
lieved, soon be seen in systems from
both Europe and the Far East.

Using a combination of high-tem-
perature adhesives and magnetic flu-
id, loudspeakers having much better
power handling capabilities than be-
fore can be designed. Why, then, is it

still possible to damage loudspeakers
thermally? This is where we look at
the last part of the story, the signal ap-
plied to the speaker.

Loudspeaker Signals. In most
systems the woofers are large and
have large voice coils and lots of met-
alwork; tweeters have small coils and
a much smaller mass of metal; and
midrange units lie somewhere in be-
tween. Obviously, a tweeter cannot
handie power as well as can a woofer.
It is fortunate for the designer, there-
fore, that loudspeakers are designed
to play music and not constant-ampli-
tude sine-wave signals. This means
that he can take advantage of mu-
sic spectra, such as those given in
Fig. 5, in the design of individual drive
units for a system. It also means, un-
fortunately, that it is relatively easy to
misuse the system, often without real-
izing it.

Misuse of a system, in a thermal
damage context, means changing the
spectrum of the signal applied so that
too much power is applied to the most
vulnerable units, the tweeters. The
spectra shown in Fig. 5 are for a varie-
ty of rock-music records, which gener-
ally present the worst thermal problem
for two reasons. Firstly, and most ob-
viously, rock music is simply played
louder. Secondly, its spectrum gener-
ally puts more power into the system
at higher frequencies, reaching a
broad maximum around 800 Hz. In
contrast, classical music reaches a
maximum power level somewhere
around 500 Hz. Consequently, classi-
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cal music does not generally impose
such a high power level into the tweet-
ers and midrange units of a system.

In a typical piece of rock music on
one system, it was found that, when
35 watts was applied to the system
the tweeter received only 1 watt. |f we
assume that this system was rated at
100 watts on a music signal, then a
“safe"” test signal of 20 watts could
easily destroy the tweeter since it
could handle only about 1/35 of 100
watts. This is the first point—Never
apply sine-wave test signals of more
than one or two watts to a loudspeak-
er system, and never maintain such
test signals on a tweeter for more than
a few minutes!

Another way of changing the ener-
gy content of a music signal is to drive
an amplifier into clipping, which im-
mediately produces a disproportion-
ately high average power by reducing
the peak-to-average ratio. This is why
it is frequently found that loudspeak-
ers have been damaged by amplifiers
that are apparently lower-powered
than the rating of the loudspeaker. In
this context, if high sound levels are
frequently desired, and the amplifier
power rating is within the limits of the
loudspeakers being used, it is a good
idea to place a mark on the volume
control to represent the maximum
“safe" setting. This position is easy to
find if an oscilloscope is available (or
can be borrowed) because it is the
volume level just before clipping sets
in on the loudest record in one's rec-
ord or tape collection. If an oscillo-
scope is not available, the setting is
more uncertain and should thus be a
position of the volume control above
which distortion audibly appears on
loud piano music.

Other areas of such damage can be
an amplifier's high-frequency instabili-
ty above the audio range; careless in-
terconnection of components such as
tape-deck monitor circuits; and fast
wind on certain tape recorders where
the tape is near the playback head,
producing an unwanted high-frequen-
cy signal. The latter problem is easily
prevented by always remembering to
turn the volume to zero when fast
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winding. If one wishes to listen while
in fast wind to find some section of the
tape, the treble control should be
turned down to minimum and the vol-
ume kept as low as possibie.

Finally, one last area of thermal
damage to loudspeakers should be
explored: continuous, high-level, dis-
cotheque music. This type of music
should not be played for many con-
tinuous hours owing to the severe re-
duction in thermal overload capacity it
causes. Only loudspeakers specifical-
ly designed for this type of application
are relatively safe to use under these
trying circumstances.

Fusing. Fusing is of very limited val-
ue in protecting systems against ther-
mal overload. The best type of fuse is
one having its own thermal link. To
some extent, this allows for both in-
stantaneous high-current overload
and a longer-term lower-level current
overioad. One such series of fuses is
the “Fusetron” FNM series, the best
value of which should be found by
consultation with the loudspeaker
manufacturer, if possible.

The problems with fusing a system
are multifold. The fuse cannot match
the long-term thermal constants of the
loudspeaker drive units and, what is
more, it can be chosen only for max-
imum input levels. These occur in the
lower midrange where loudspeakers
are built to handle the power. How-
ever, the vulnerable tweeters remain
largely unprotected, so all the other
precautions discussed still have to be
observed. It is possible to fuse the
tweeter individually, of course, to pro-
vide much better protection. This,
however, will change the frequency
response of the system somewhat, as
will now be shown.

Let us assume that a typical three-
way system is rated as being safe on
music program material with amplifi-
ers rated at up to 100 watts rms per
channel. This means that the tweeter
itself is probably safe with about 3 or 4
watts rms applied. If the system is rat-
ed for 8 ohms, the tweeter probably
falls to about 6 ohms; for a maximum
input of 4 watts, this means a max-
imum safe current of 0.8 ampere.
Such a fuse would have a resistance
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¢¢. .. many speakers have been damaged by amplifiers that are
apparently lower-powered than the rating of the speakers.

of about 0.5 ohm, attenuating the
tweeter by about 1 dB. This attenua-
tion is worthwhile if useful fusing pro-
tection is deemed necessary.

Finally, a word on a somewhat ex-
pensive type of thermal protection
which could be (but is not yet, to my
knowledge) incorporated at the de-
sign stage, especially in powered
loudspeakers. The idea of any ther-
mal protection is to prevent the voice-
coil from rising above a certain tem-
perature (which can be determined in
the design stages). This is best
achieved by actually detecting that
temperature by continuously monitor-
ing the dc resistance of the voice coil,
since this resistance is directly related
to temperature. Several less costly
systems have been suggested that
monitor directly the temperature of a
series resistor. The simplest circuit
uses a thermal circuit breaker bonded
to the resistor. The problem here is
that it is impossible to match the high-
ly complex heat-transfer mechanism
in the loudspeaker and thus impossi-
ble to match the temperature-rise
characteristic of the voice coil.

Mechanical Overload. Generally
speaking, mechanical overload can
be in one of two forms: irreversible
damage and cumulative damage. The
second form is in the hands of the de-
signer, while the first lies mainly in the
hands of the user.

To elaborate, irreversible overload
damage can occur when large over-
load signals cause the woofer cone-
coil assembly to “bottom™ and the coil
and/or cone to buckle. This can be
caused by a drastic overload at low
frequencies, such as when an organ
record is played at an excessively
high level. The only real protection
against this type of overload damage
is plain common sense. Don't attempt
to drive a given loudspeaker beyond
its capabilities—a point that is usually
easy to detect due to the rapid onset
of a high level of audible distortion. It
should not be forgotten here, too, that
the various units in a system can be
driven beyond their capabilities by
other, usually brief, signals. For exam-
ple, dropping a pick-up arm onto a
record or causing a Stylus to jump by
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jolting the turntable can cause ex-
treme movements in bass units and
damage to the voice-coil, especially
with very high-powered amplifiers. For
similar reasons, if large switching
transients occur when controls are
changed, care should be taken to turn
down the volume before these con-
trols are operated.

The other type of mechanical over-
load damage is cumulative. It can be
produced by work-hardening and
eventual fracture of the wires going
from the terminal strip to the voice coil
on a loudspeaker drive unit. The only
answer here lies in the design of the
drive unit so that the wires used in this
application can withstand continuous
flexure. One such type of wire is
called tinsel. It's made in multi-strand-
ed form, with the tension being taken
by a number of cotton or nylon cores.
The only instance in which such pre-
cautions do not really apply is in the
case of tweeters which operate above
about 5000 Hz. Movements here are
so small that such work-hardening
does not generally occur.

We have covered various areas in
which overload can occur and have
implied that no single comprehensive
protection method exists apart from
common-sense precautions. To apply
this common sense, however, we
need to know what power our loud-
speakers can actually handle.

Unfortunately, the foregoing is not
simple. Examining loudspeaker speci-
fications will show such power han-
dling terms as: (1) 100 watts rms, (2)
100 watts program material, (3) 100
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Fig. 5. One-third octave analysis of six rock recordings
based on rms levels held for at least five seconds.

watts, (4) 100 watts continuous pow-
er, and (5) may be safely used with
amplifier rated at up to 100 watts rms
on normal speech and music program
material.

Many other terms may also be
found, but only number (5) above or
some similar phrasing is of any real
value to the consumer. Number (1)
may be true at some frequencies but,
apart from some specialized speak-
ers, would result in frying the tweeter.
Number (2) is not valid either, unless
more information is given. For exam-
ple, does it mean program material
not clipping on an amplifier of 100
watts or does it mean an average pro-
gram material level of 100 watts? The
latter would allow full use of an am-
plifier of about 1000 watts since a typi-
cal modern recording has an average-
to-maximum power ratio of about
10:1. Number (3) obviously requires
more information, and (4) has the
same shortcomings as number (1).

The only way out of all this confu-
sion in specifications (if the system is
going to be played at high levels) is to
get some definitive statement about
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Fig. 4. Cross section of a loudspeaker drive with magnetic
fluid to conduct heat across the voice-coil air gap.
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the maximum safe amplifier power for
a loudspeaker system before pur-
chase. Finally, if high sound-pressure
levels are required, don’t forget that a
high-powered speaker does not nec-
essarily play louder than a lower-pow-
ered system. Loudness is determined
not only by how much power can be
put into a speaker before damage en-
sues, but also by how efficient that
speaker system is. For this reason itis
possible to double power-handling ca-
pability by using two loudspeaker sys-
tems per channel. However, twice the
power handling means only a 3-dB in-
crease in sound level at maximum
safe power, a very expensive way to
achieve this 3 dB. Moreover, it should
not be forgotten that two loudspeak-
ers in parallel (especially if those sys-
tems have impedances of 4 ohms)
may provide a dangerously low equiv-
alent impedance for the amplifier be-
ing used, whereas putting those same
speakers in series may adversely
affect woofer damping and produce
"boomy" bass. These problems are
compounded by much more complex
ones of placement, interference pat-
terns, and so on, and become worse if
different speakers are paired up to im-
prove power handling. The obvious
answer is to buy the correct system
for the purpose in the first place.

Conclusion. If high sound pressure
levels are desired from a home hi-fi
system, one should adhere to precau-
tions outlined in this article. In general
terms, the average user of high-qual-
ity speaker systems will never experi-
ence overload damage unless some
other part of his system fails and
"takes the loudspeaker with it.”
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