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Figure 3. A selaction of anechoic frequency response
curves tor a prototype studio monitor speaker.

Without regard for other aspects of performance: dis-
tortion, phase linearity, etc., we can predict that, in terms
of the accuracy of sound reproduction, this speaker has
some problems. Compared with better quality consumer
speakers, including some made by the same company, it
rates poorly.

EQUALIZATION?

Advocates of equalization should aproach this one with
caution. Since room measurements are basically indicative
of total radiated energy, they may show the high frequen-
cies to be attenuated. Using an equalizer to flatten the
curve will simply boost the on-axis response, which is al-
ready reasonably flat. The room curve may look better,
but the ears will complain of strident highs. Hence there
have developed a number of empirical ‘ideal’ room curves
that, in fact depend very much on the intrinsic perform-
ance of the speaker being equalized. This, though, is not
information that manufacturers commonly dispense (some-
times for obvious reasons). As a result, equalizations are
usually done either to produce room curves that con-
form, in blind faith, to someone’s ‘ideal’ contour or, sim-
ply adjusted by measurement and- trial and error until the
sound is ‘right.’ Neither of these can be regarded as much
of an industry standard.

Room measurements and equalizers scem to be most
useful at frequencies below about 500 Hz, where the
audible defects of an unfortunate room shape and/or
speaker placement can usually be somewhat alleviated.

Sadly, there are still those misguided individuals who
believe that a control room ought to have a ‘sound’ of its
own, in which case EQ may be used to produce a quality
of sound that may exist nowhere else in the world. This
is an ego trip the industry can ill afford. Distinctive sounds
should exist on the records and be thus conveyed, through
the medium of hi-fi, to the consumers home or car. Just
imagine the different and idiosyncratic EQ's and mixes
that have been produced in the four control rooms with
the performances depicted in FIGURE 2.

THE RIGHT DIRECTION

For some time now the technology and products have
existed to do much better than this. That there has not
been widespread acceptance of truly accurate sound repro-
duction in the control room is a reflection of the most
serious problem of all—human judgement. Money is

poured into all manner of exotic electronics while the
sound quality is too often dictated by speakers of demon-
strably questionable merit.

As part of a new recording studio project an oppor-
tunity arose to try out the high principles being ex-
pounded here. Using the same criteria that one would
use in designing a hi-fi speaker (flat frequency responses,
low distortion, wide dispersion, clean transient response}
a number of speaker units were selected and assembled
into systems. It was an interesting exercise. Along the
way, some widely-used components were found to have se-
rious technical and audible flaws, while other widely-ig-
nored components turned out to be eminently useable. And,
without the encumbrance of having to use components by
a particular manufacturer, many options opened up.

The result of this pilot project was that two prototype
systems were built: both 4-way tri-amplified systems, com-
bining direct radiators and horn drivers. Not only did
they sound remarkably similar but the competition, in
terms of listener preference, came not from the old stan-
dard monitor speakers but from the ranks of better qual-
ity hi-fi speakers.

That much had, in fact, been predicted from the per-
formance measurements. FIGURE 3 shows anechoic mea-
surements on the prototype speaker system that was even-
tually used in the new studio. It is evident that, not only
are the frequency responses rather smooth, but there is
little change up to very large angles off-axis. Incidentally,
the high-frequency roll-off was designed-in, as a conces-
sion to reality: at present, even very good hi-fi speakers
exhibit an energy deficiency at the upper frequency ex-
treme.

Distortion was very low, and maximum sound output

Figure 4. Swept-tone frequency responses measured at
six locations behind the console in a studio control room.
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JOHN EARGLE

R uire en for

S d

itoring

The monitor system and its control room environment
remain an ongoing challenge to both studio designer and

component manufacturer.

OR MOST OF ITS HALF CENTURY, electrical record-

ing has made do with inferior monitoring speakers

and conditions. The early requirements were fairly

simple; monitors were used to check signal con-
tinuity and detect possible interference levels from hum
and other sources. Esthetic judgments were rarely made
over these early systems.

The advent of tape recording in the post-war years
brought greater artistic freedom, in terms of increased
bandwidth and dynamic range, and the role of the monitor
speaker changed dramatically. The technology which had
been developed for motion picture sound provided the
basis for monitor systems over which esthetic judgments
could be made. A handful of manufacturers dominated the
field; in the United States, the Altec 604 coaxial loud-
speaker became the reference standard, while the Tannoy
15-inch dual-concentric loudspeaker played a similar role
in Europe.

In the early sixties, the monitor designs of James B.
Lansing Sound, Inc. began drawing attention, primarily
through joint efforts with a major record company and its
affiliates around the world. The company’s technical tradi-
tions were firmly rooted in those of Western Electric as
well as the design philosophies which originated on the
west coast during the early years of sound motion pictures.
This technology stressed efficiency and ruggedness as well
as the use of compression drivers and their associated horns
and acoustic lenses for high-frequency applications.

The most recent epoch in monitor system design dates
from the early seventies. Professional design consultants

John Eargle is Vice President, Product Development
at Jamnes B. Lansing Sound, Incorporated.

are responsible for many studios today, and they have inte-
grated their own monitor designs, constructed from stan-
dard componentry, into control room environments which
stress uniform acoustical absorption and diffusion across
the audio range.

MONITOR SYSTEM REQUIREMENTS

In general, we can outline present day-requirements for
the professional monitor system and its environment as
follows:

1. Ruggedness. Monitor systems must be able to with-
stand considerable electrical abuse, unintentional or
otherwise.

2. High output capability with low distortion. Monitor
systems must be able to reproduce cleanly the sound
pressure levels in the control room typical of pop-
rock performances. The ready availability of high
amplifier power has allowed a beneficial trade-off
between system sensitivity and low-frequency band-
width extension.

3. Accurate time domain response. No firm criteria exist
for this yet, but it is surprising how accurate in this
regard many present monitor designs are.

4. Reasonably flat energy response across the audio
band. Whether wide or narrow, the horizontal dis-
persion angle should be maintained as evenly as
possible.

5. Lateral symmetry in the control room, along with
smooth boundary conditions and smooth absorption
characteristics across the audio range.

ANALYSIS OF TYPICAL SYSTEMS

It is curious that the high fidelity industry realized the
advantages of three-way designs long before the designers
of monitor systems did. Up to the early seventies, most
monitors were two-way systems. In fact, for certain “close-
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Figure 3. A three-way enclosure system. Note the UHF
driver to the left of the regular high-frequency
system. (JBL 4333}

With these characteristics, the 4350 can easily produce
levels in a normal environment of 110 dB at distances of
10 feet. The system is shown in Figure 6.

For many broadcast and semi-pro recording applications,
fairly straight-forward two- and three-way direct radiator
systems are more than adequate as monitor speakers. These
are generally bookshelf systems, and as such are limited
in power handling capability when compared with their
big brothers in the compression driver class. Typical sen-
sitivity and power ratings for such systems are listed below.

Power
Number Rating
of (steady JBL
Elements Sensitivity State) Model
2 88 dB/watt/ metre 15 watts 4301
3 91 dB/watt/metre 40 watts 4311
3 89 dB/ watt/metre 40 watts 4313
4 89 dB/watt/ metre 60 watts 4315

TIME DOMAIN ACCURACY

We have heard much in the last two years of the im-
portance of time and phase accuracy in high fidelity speaker
designs. These concerns, if they are important at all.
should have relevance in the monitor area as well. Writing
in the Journal of the Acoustical Society of America, Blauert
and Laws established criteria for non-audibility of delay
effects, in the paper, “Group Delay Distortion in Electro-
acoustical Systems,” vol. 63, no. 5, May, 1978.

While it is true that a number of consumer high-fidelity
systems exceed the Blauert and Laws criteria, it may be
argued that this level of performance is really not necessary.

It is surprising how well behaved thz modest three-way
monitor systems are in their time domain response; they
are better in this regard than the larger designs with com-
pression drivers. This may be seen in FIGURE 7, where the
time domain response of the 4313 is compared with its
big brother—the 4333. The displacement due to the mid-
range horn structures account for these differences, as op-
posed to a typical three-way direct radiator system with
the acoustic centers of its elements located on the plane.

In computing the group delay characteristics of the
models 4313 and 4333 shown in FiGURE 7, the phase re-
sponse was first measured using a time delay adjusted to
the acoustic path length between the system and the micro-
phone. The slope of the phase response with respect to

Figure 4. A tour-way system. in the photo, the UHF
driver is to the right ot the high-frequency system.

frequency was then measured graphically. This slope
(d9/dw) represents the group delay characteristic of the
system.

THE MONITORING ENVIRONMENT

The professional studio designers we referred to earlier
have not only designed their own monitor systems but have
established criteria for studio and control room acoustics as
well. A handful of these design consultants have been very
successful and have established impressive “track records,”
designing rooms in which absorption is evenly distributed
and further, is uniformly calculated as a function of
frequency.

Often, the monitor enclosures are flush-mounted into the
environment; this ensures that uneven response from dif-
fraction effects due to sharp boundary discontinuities will
be minimized.

Another characteristic of a well-designed control room
is the avoidance of uneven bass response through the use
of selective absorption. Such “bass traps” effectively damp
out low-frequency resonances due to the normal mode or
eigentone structure characteristic of the room.

Finally, a canting inward of the monitors, along with the
use of wide-dispersion HF devices, will ensure that smooth
response will be maintained over a relatively large space,
enabling both engineer and producer to hear equally well.

MONITOR EQUALIZATION

Monrnitor system equalization has become an accepted
practice in professional control room design. If the monitor
componentry has been properly specified at the outset,
and if the acoustical design is proper, then the amount of
equalization required for smoothly-tailored response at the
operator’s position may be quite small.

Typically, one-third-octave, minimum-phase, band-rejzc-
tion equalizer designs are used, and these are now available
from many manufacturers. After some years of field expe-
rience in monitor equalization, most pract tioners of the art
are pretty much in agreement on the following:

1. The last equalization is the best. This rule is almost
self-fulfilling if due attention has been paid to moni-
tor “hardware and horse power” as well as acoustical
matters.
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ALMON H. CLEGG

It’'s A

tTi e

Waveform fidelity throughout the signal path, let’s not

exclude the loudspeaker.

IRST, 2 word about the subjective and objective as-

pects of loudspeaker systems. An artist spends most

of his working time in the “subjective” domain. A

scientist (or recording engineer) spends most of his
time in the “objective” domain. Objective aspects are mea-
surable, quantifiable and repeatable. Temperature, voltage.
frequency, impedance—these characteristics are read.ly mea-
sured, using the appropriate instrument, and then objective
data of one kind or another can be recorded. So long as
consistent measuring procedures and calibrated instruments
are used, two different observers can obtain similar results.
Take, for instance, the impedance value of a loudspeaker
at 400 Hz. The value is easily measured and recorded, with
little dispute about it among different engineers. The only
argument may be over the precision of the measurement.
Is it really 7.985 ohms or just 7.984 ohms? On the other
hand, subjective aspects, are unique to the observer, or
“subject.” Consider a fine oil painting: You think of it as
a beautiful masterpiece, yet another person tells you it’s
repulsive. Consider again the loudspeaker system which is
to one observer “boomy,” to another “strident” and to yet
another “hollow.” Each may be an “expert in the field,”
willing to defend his evaluation with his reputation, if not
with his life.

Thus, the difference between objective and subjective.
Now, in loudspeaker analysis, evaluation is usually a com-
bination of objective measurements, such as frequency re-
sponse under certain conditions, polar or dispersion char-
acteristics, etc., and of listening tests, which are subjective.
A great historical difficulty with all audio devices—particu-
larly loudspeakers—has been in correlating the objective

Almon H. Clegg is the manager of the Audio Engi-
neering Department Product-Engineering Division
at Technics.

measurements with the subjective tests. A great deal of
devotion has been committed to this subject by audio engi-
neers throughout the world. New measurement concepts,
such as TIM and slew rate in amplifiers, have caused a
great furor. In recent decades, one of the most significant
design directions in loudspeakers has been the search for
waveform fidelity, which would add a much greater degree
of objectivity to analytical techniques and at the same time
remove some subjective guess work. Hopefully, waveform
fidelity may make the system sound better, while it mea-
sures better.

THE WAVEFORM FIDELITY CONCEPT

The concept of waveform fidelity is certainly not new
to the measurement of ‘amplifiers and preamplifiers. Briefly
stated, the technique is to present some complex waveform
at the input terminals and compare the output with the input.
Using a dual-trace scope (or more sophisticated means.
such as comparator devices), it is easy to detect the result-
ing waveform distortion caused by the device under test.

Figure 1. A conventional loudspeaker system. Note the
difterent path lengths from each Speaker within
the system.

bo—

LISTENING
POSITION

wwWw americanradiohistorv com


www.americanradiohistory.com

WwWwWw.americanradiohistorv.com


www.americanradiohistory.com

db February 1979

40

input

output

3 kHz 2 kHz
input
output

500 Hz 300 Hz

Figure 5. Square wave responses of a linear phase
loudspeaker system.

The new terms, 6,, 8,, 9;, represent phase shifts caused by
the loudspeaker system. It is a simple matter to write a
program for a pocket programmable calculator to compute
the values of the final waveform. The result with zero phase
shift (§ = 0) is shown in FIGURE 3(A). Notice the waveform
approximates that of a square wave. (Adding still more
odd harmonics would give us a closer approximation.)
But now, let the phase of each frequency be shifted slightly
and see what happens. The result is shown in FIGURE 3(B),
where the various values of 8 are no longer equal to zero.
This is a very typical waveform, as seen from conven-
tional loudspeaker systems.

An interesting observation about the distorted waveform
is that only phase has been changed. The amplitude and
the frequency of each harmonic were not changed. If they
had been, even greater distortion in the waveform would
have appeared.

Thus, as we can see from the foregoing discussion, a
loudspeaker system must have flat frequency response
throughout the range of harmonics and fiat phase response
in order to insure waveform fidelity. Many designers have
merely stopped here, aligned the driver’s voice coils in a
vertical plane and assumed the job is completed. However,
many more problems must be dealt with because of the
inherent phase shift within the individual drivers and the
crossover network.,

Conventional dynamic drivers have phase shift because
of acoustical and mechanical resonances. These phase shifts
must be compensated for by adding some RLC compo-
nents between the amplifier and the terminals of the
driver. Also, the very nature of crossover networks causes
phase shift throughout the crossover region, and specially
designed networks must be created to allow acceptable
overall system performance.

After careful attention is given by the designer to all of
the above mentioned details, the final product can be mea-
sured. There are no universally accepted measurement
standards for waveform fidelity, but there are three ways
of showing it that will be discussed. Of course, an actual
musical signal is of interest since this is what it is all
about. Using two calibrated microphones (one placed in
front of a musical instrument and the other in front of
the loudspeaker under test) and a storage oscilloscope, it
is possible to compare the output to the input. This pro-
cedure is quite difficult because of synchronizing problems
with the instrumentation and of course, deciding which
portion of the musical waveform to show is judgemental.
Nonetheless, it is a worthwhile test and FIGURE 4 shows

1 kHz 700 Hz

200 Hz 100 Hz

the result of such a test, using a piano as a sound source.
The speaker under test is a Technics SB-7070.

LINEAR PHASE LOUDSPEAKER SYSTEM

Prior to the development of linear phase loudspeaker
systems (also called time aligned, time coherent, phased
array, etc., by various manufacturers) it was unheard of to
expect worthwhile results. We are now brave enough to
apply the square wave to the terminals of a speaker system
and thrust a pickup microphone in front of it and see the
results. FIGURE § shows the results of several different fre-
quencies as reproduced thru a linear phase loudspeaker
system. While these resulting waveforms are certainly not
as good as those of an amplifier, they do represent a great
step forward in state-of-the-art design of loudspeaker sys-
tems. As the years roll on, it is certain that many significant
improvements will be forthcoming.

The two previously mentioned test methods are in the
time domain. It is possible to characterize the linearity of
the amplitude and phase vs. frequency by direct measure-
ment. The system is complicated somewhat by virtue of
the time taken for the sound wave to travel from the loud-

Figure 6. Block diagram of test set-up for phase
measurement.
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D. B. HATHAWAY

The Use of Ferrofluid

in Moving-

L dspeake

Ferromagnetic fluids applied to moving-coil loudspeakers
provide efficient heat sinking capabilities and viscous damping

of the voice coil’s motion.

ERROFLUID TECHNOLOGY, developed in conjunction

with the NASA space program, has been com-

mercially available from Ferrofiuidics Corporation

of Burlington for over ten years. However, it was
not until 1974 that ferrofluids were used in loudspeakers.
At that time, Epicure Products of Newburyport, Massa-
chusetts incorporated the fluid in the design of a new
tweeter. Since then, the use and application of ferrofluid
in loudspeakers has expanded tremendously, with research
continuing to add to our knowledge of its behavior in
loudspeakers.

The use of a ferromagnetic fluid in the air gap of a
moving-coil loudspeaker not only provides the designer
with a method to provide voice coil heat sinking, but also
the capability of adjusting the damping of voice coil mo-
tion, without affecting speaker efficiency.

Before discussing the use of ferromagnetic fluid in
moving-coil loudspeakers, it will be helpful to describe
exactly what a ferromagnetic fluid is, and what some of
its physical properties are. This will provide an immediate
idea of the uses and limitations of a ferromagnetic fluid.

MAGNETITE PARTICLES

Ferromagnetic fluid is a suspension of magnetite {the
stable, inert magnetic oxide of iron) particles in a liquid
carrier. The particles range in size from 90 to 100 ang-
strom units (1 angstrom unit; abbr. A = 1 x 101 meter,
or approximately 100 hydrogen atomic diameters). The
particles are so small that the thermal Brownian motion of
the liquid carrier molecules keeps them permanently sus-
pended. (The irregular movement of small particles—
known as Brownian motion—is attributed to the bombard-
ment of the particles by the molecules of the medium—Ed.)

The particles are coated with a stabilizer (known as a
surfactant) which keeps the particles from clumping to-
gether and ensures a homogenous colloidal suspension

D. B. Hathaway is Director of Research & Develop-
ment at Epicure Products Incorporated.

(that is, an even dispersion) under the influence of strong
magnetic fields. The magnet'te particles provide the fluid
with its magnetic properties. Higher concentrations of par-
ticles increase the saturation magnetization of the fluid,
thus allowing strong forces to hold the fluid in place. This
magnetization may be measured in Gauss.

Presently, ferromagnetic fluid is commonly available in
100 to 200 Gauss concentrations. This corresponds to fluid
which contains by volume, 1.8 to 3.6 per cent magnetite
particles. However, even the highest conductivity fluids,
which contain the most magnetite particles, do not contain
enough magnetic material to substantiallv influence the
operation of the speaker magnet circuit. The viscosity of
the fluid is essentially controlled by the viscosity of the
liquid carrier, because the concentration of particles is so
low. This is convenient because a wide range of viscosities
is necessary to suit different types of speakers and design
goals.

Figure 1. The effect of various viscosity flulds on the
damping of a mid-range speaker.

cps = Centipoise; a CGS (centimeter-gram-second)
measurement ot viscosity.
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the speaker structure is greatly reduced. The time required
for thermal equilibrium between voice coil and speaker
structure is the inverse of the thermal conduction between
the coil and speaker structure. This means that—depending
on the amount of thermal conduction that the fluid provides
in a loudspeaker gap—the heat generated in the voice coil
by an electrical power transient may be sunk into the
speaker structure and rot fully felt by the voice coil itself.
The exact thermal conduction between a voice coil and
structure is determined by the amourt and position of the
fluid, and the size and geometry of the air gan and voice
coil. If the temperature of the voice coil (which can be
found by monitoring its rise in resistance) is plotted as a
function of input power at a constant frequency. a rela-
tionship such as that in FiGure 3 is found.

The inverse slope of the curve in FiGure 3 is related to
the thermal conductivity or the amount of heat that has
moved from the voice coil to the speaker structure. The
slope of the curve is related to the thermal time constant
or the time it takes for heat to flow from the voice coil to
the speaker structure.

Plots of coil temperature. made with and without fluid.
illustrate the cooling effect the fluid has in a particular
speaker.

CONCLUSION

The introduction of a ferromagnetic fluid surrounding
the voice coil will lower the coil temperature by sinking its
heat to the surrounding speaker structure. This means that
for a given coil temperature. more electrical power may be
dissipated with fluid than with air as the transfer medium
between coil and structure. The voice coil should not be
constantly operated above 100°C for prolonged periods of
time in order to protect the fluid carrier from evaporation.
However, the power requirements made by music are tran-
sitory, and steady-state power is very rare and usually
accidental.

The best use of the fluid’s cooling ability then, is to
average out the thermal peaks or transients by allowing the
entire speaker structure to dissipate heat, rather than the
voice coil alone. This, of course, is best demorstrated when
low-duty-cycle pulses of power are used to test a loud-
speaker for maximum power handling.

If a voice coil could handle higher temperatures without
the use of fluid. then its power handling would be-ircreased
by not using the fluid. But very few coils have this cap-
ability—which can easily be determined by measuring the
maximum input power possible. with and without the fluid.

]
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Speaker Protection

AVE ROSEN at Audio by Zimet in Manhasset, New

York, sells and installs a lot of high-powered

audio systems for disco and sound reinforce-

ment applications. Therefore, he's seen more

than his share of demolished loudspeakers. Although many

such installations are quite extensive, speaker failure is still

not an unknown phenomenon. After all, as the night wears

on, the disco gets more and more crowded, the volume

controls go higher and higher, until suddenly—the sound

of silence! More often than not, the voice coil has gone into
some sort of self-destruct mode.

The first thing that comes to mind is a failure due to
over-heating, but Rosen decided to do a little in-shop inves-
tigation anyway, in an effort to reduce his return rate.
Using a calibrated strobe light and a signal generator, he
noted that in many cases, there was considerable voice coil
shift within the gap at high input levels.

A coating of hard epoxy over the voice coil gave better
performance at high power, but didn’t stop the overheating
and voice coil burn-outs.

Here, ferrofluids came to the rescue. During re-coning
jobs, Rosen “paints” the voice coil, using a cotton swab.
The coil is then re-inserted into the gap. When working
on an intact speaker, the dust cover is removed and—
using a hyperdermic needle—the ferrofluid is forced be-

tween the coil and the air gap. (See Figure 4 of “Anatomy
of a Loudspeaker” in this issue for an idea of what’s in-
volved. Note that the hyperdermic needle must first pene-
trate the diaphragm and spider—and be careful!—Ed.)

A samplae of a voice coil ribbon, prior to winding.
Photo courtesy of JBL.

/
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1

DANIEL QUEEN

p ance Matching

Impedance matching loudspeakers and amplifiers, there’s

no neat rule of thumb.

T ONE TIME, when power amplifiers and loudspeakers
were usually sold in the same box, their relation-
ship was well-known to engineers, who would
design amplifiers and speakers to compliment

one another. Even in the field of sound reinforcement,
where the speaker and amplifier were not in the same box,
the loudspeaker designer could be reasonably confident of
the nature of the amplifier for which he was designing.
However, with the coming of component high fidelity, both
loudspeaker and amplifier designers retired to their own
worlds—each to assume minimum interaction with the other.

In connecting console components together, the easiest
situation to handle is that in which the input of one com-
ponent bridges the output of the other. Thus, a component
should have a very low output impedance, which will pro-
vide a constant voltage to the load. The loading component
should have virtually infinite input impedance, thus draw-
ing no current from the source.

Lately, the trend in power amplifier design has been in
the same direction. Thus, we see damping factors of over
200—that is, the amplifier output impedance is 1/200th
that of the loudspeaker load at its nominal impedance. (For
more on damping factors, see Theory & Practice, Feb.
1978 and The Sync Track, July 1978-—Ed.)

Nevertheless, the opposite choice would have had sub-
stantially the same effect if history and coil winding tech-
niques had not brought about the 8 ohm de facto standard.
Perhaps, had the transformer been eliminated from its
critical position in the power amplifier earlier, then we
might have amplifiers with 200 ohm output impedances
driving loudspeakers with 1 ohm impedances—the ampli-
fier thus providing constant current drive to the source,

Daniel Queen is head of Daniel Queen Associates,

consultants, of Chicago. Illinois.

much in the manner in which a record amplifier drives a
tape recorder head.

The fact that high damping factors are not necessarily
the optimum way to drive loudspeakers had always been
recognized in commercial products. The juke boxes of the
1930s utilized 15-inch loudspeakers driven by relatively
high impedance push-pull triodes (and even tetrodes) to
obtain a ringing bass while sharply cutting off the response
at a frequency high enough to prevent too much transmis-
sion of vibration into the record playing chamber—thus
reducing tracking problems for the 700 gram cartridges.

Figure 1. As the phase of the current shifts through
360 degrees, the maximum instantaneous dissipation
occurs at 180 degrees.

RELATIVE MAXIMUM
INSTANTANEOUS DISSIPATION

0 45 90 135 180 225 270 315 360
QUTPUT CURRENT PHASE SHIFT
{IN DEGREES)
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Figure 4. Same as Figura 3, but with a change in
crossover frequency. Solid line represents amplitude
response; Dashed line represents phase response.

In a long transmission line such as in a telephone net-
work or power cable—where maximum power transfer is
a necessity in order to reduce standing wave losses—load-
ing coils are used to achieve and maintain this relat'onship.
However, in the lines much shorter than the wavelengths
encountered in the connection of loudspeakers. such tech-
niques are seldom possible (except perhaps in very long
line distributed systems).

A look at a simplified equivalent circuit, in FIGURE 2,
for a loudspeaker shows how difficult it would be to make
the amplifier look like a loudspeaker.

SOURCE IMPEDANCE

The effects of the output impedance of the amplifier on
the loudspeaker are evident in the equation given earlier,
which shows the loudspeaker efficiency. The amplifier re-
sistance obviously affects the Q of the circuits. In FIGURE 3
we see computer-plotted responses of this network for
three source impedances; (A) near zero ohms, (B) equiva-
lent to the d.c. resistance, and (C) ten times the d.c. re-
sistance. In terms of the average deviation from flatness,
the 8 ohm source impedance case [FiGURe 3(B)] might be
thought to be more desirable, although its effects on tran-
sient response would have to be evaluated, particularly
where the sharp slopes are encountered. Nevertheless, the
resonant peaks in the response shown are really not serious
enough to predict any substantial transient problems. One
could say that this loudspeaker was designed for current
drive rather than voltage drive.

In FiGURE 4, a change has been made in the crossover
frequency. Now, the difference between low impedance
drive and high impedance drive creates a problem in the
crossovers. Since protection circuits tend to raise the out-
put impedance of the amplifier when they operate, this is
a possible source of the “chirp” often experienced.

In a direct radiator designed entirely for low frequen-
cies, the equivalent circuit of FIGURE 2 can be greatly sim-
plified to show essentially only the moving mass and sus-
pension compliance of the loudspeaker as the principal
reactances. One can then design the amplifier to provide
the conjugate output impedances—in this manner essen-
tially canceling out the resonance frequency of the loud-
speaker and allowing improved low frequency response.
Today—using active filter concepts in the amplifier feed-
back network—this is achieved with relative ease, and is
embodied in some recent sub-woofer designs. The approach
is not new; it was put forward more than ten years ago by
Keith Johnson at an Audio Engineering Society meeting.

A POOR MATCH

A direct radiator loudspeaker is a low efficiency device
because it is poorly matched to its load (the air). To afford
maximum power transfer from the loudspeaker diaphragm
to its load, horns are used. However, once the loudspeaker-
to-air transfer is maximized, the effect of amplifier-to-
loudspeaker transfer becomes greater. In Acoustics, Bera-
nek showed that ten-fold improvements in horn loudspeaker
efficiency can be achieved by matching the amplifier to the
horn driver.

In this case, the problem of loudspeaker reactance is
also minimal, since the masses and compliances of the
loudspeaker are largely swamped by the throat impedance
of the horn; so that a well designed horn provides an es-
sentially resistive load to the amplifier—making more prac-
tical the goal of maximum power transfer.

Thus, impedance matching, which is a virtual necessity
to achieve power flow through transmission lines, can be a
versatile design tool in achieving the flow of power from an
amplifier to a loudspeaker, but cannot be approached with
the rule book in hand. .
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Fig. 13 — Model SP13.5TRBXWK

Unequivocally, undeniably, doubtlessly, without
question and really this is the most amazing, re-
markable, revolutionary, sensational new de-
velopment ever revealed, ever, honest! When you
see this new terrific unit you wont't be able to
contain yourself! WOW | Silky highs-woolen lows|
Complete with new vital "presence " and "absence "
controls ! Your friends will scream with envy when
they hear this new speaker! Amazing new exclusive
3-way, 12-D, binaural relief port eliminates spuri-
ous propagation of intermediate, and undesirable
biped, tertiary grid-leaks! Nomessy floors to mop |
WOW! This new reproducer incorporates a new,
ridiculously simple principle which our engineers
can'texplainyet! 13 extra octaves of added bass
when the unit is coupled to a bow! of catmeal.
Think of that-just think of that! WOW ! Complete,
self - contained including new "wow" filter;
nothingelse to buy! (See page 2 for accessories.)
Comeswith new 5" cable and new genuine combi-
nation "Good-luck” charm and stylus pressure
gauge |

Mr. Fafnir N., Horse Cave, Ky.
“Send me another—my canaries love it—it’s for the birds!” |

Miss Brunhilde S., Horse Cave, Ky.
*“This thing scares me!”

Mr. Clyde T, Horse Cave, Ky.
*I'd send it back, but the postmaster won’t touch it.”

Mr. Wong Wong Ago, Horse Cave, Ky.

T g Y

Fig. 5 — Actual Testimonials
from Satisfactory Customers
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Rearaxlal Soft eaker
FEATURES sy
/®
IT'S HEAR!
NEW! THE SPEAKER THEY SAID “COULDN'T BE MADE”
You won’t believe this! WOW!
Top Extra Highest Fidelity!
Unprecedented! Superb! Unexcelled! Amazing!
Unnervingl Undirectionall
Unnaturall Customized! WOW!
i
SPECIPICATIONS
Frequency Response: DC to middle of Channel 5
+ 3 inches (See Fig. 39.)
NRA Sensitivity Rating: 98.6° >
Free-Space Cone Resonance: Huh?
Power Handling Capacity: 110-220V 25 cycle >

AC-DC 3 phase

Critical Damping Factor:
In an infinite Baffle: ,001
In recommended orange crate: WOW!

Distortion: Don't mention that word

Mognet Weight: 3 tons

Size: 5'4" wide x 17' narrow x 13 1/16" high x
$7 short

Mounting: 13 miscellaneous size holes randomly
spaced at uneven intervalsin a haphazard
way

Net Weight: 73 tons

Shipping Weight: 68 tons

Price: $7,907* Audiopill Net, F.O.B.
nearest tar pit. Comes completely
assembled in three box cars
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FREQUENCY IN CRS.

Fig. 3 — Frequency Response at 791-watt Level

*Zone 2 includes: West Texas
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