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1. This m mu{:{rup was written with the 3#—-5.1r*1p1i'-f that you have a general or basic working knowledge of electrostatics, high voliage,
and electronics. We assume no responsibility for the use or misuse of our products. In particular, it 5 YERY HIGH VOLTAGES that must
be treated |.-,|Lh respect. Voltage this high likes to “reach out and touch someone ™ It likes to break some of the basic rules vl may be
tamilizr wit r': and behave by a new set of rules you may be UNFfamiliar with! So practice all the safety rules that apply to high voltage and

be sure Lo ALWAYS use protective grille andfor grill cloths to keep out and protect Burlous hands™

2. | have de Ih*raJ 2hy leftouk ALL of the equations and mathematics that | have used to develop and create SHOCKWAVE. Those of wou
u P e bl

that g2k more academic knowledge can refer to the ok :p,.:‘r ent tled "References”

- .
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3. Many security measures have been used in this manuscript for obvious reasons, This idea protects YOUR imvestment a= well 25 mine.
ALL of the construction details are here —-- but they may take the form of models and samples.

4. The general construction is very ir L}fpsr’flm and simple since you only build FLAT electrostatic loudspeakers(ESLs). Since there are so
many schogls of thought on what is considered the superio F; L construction method, | am unbizased and have deliberately left out these
vasic construction methods to let you decide on the one that best suits your needs, Audio Amateur Corp, (80%5-224 -&371) has mary
past articles and books that address b asic ESL construction.
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ne definition of ideal low-frequency the human hearing mechanism is unable to
sound reproduction is a-‘“tLIrl-l}- fairly detect errors in this characteristic. No consid-
simple ::i: is the realization that eration can be given to what is possible or fea-
poses thf: difficulties). Although the definition sible to produce. To do so would lead to a less
is simple, it may not be universally accepted by than perfect product, one that would naturally
all designers, manufacturers perform very much like past
or even listeners. The adopt- \ and present products. The
ed definition is precisely the list of ideal performance

same one- that  should be
applied to a full-range sound
reproducer, i.e., "The sound
pressure at the listeners
cars must exactly follow the
desired input  electrical
wavetorm.” Any deviation in

characteristics are:
Unlimited Dandwidth
(infra to ultrasonic repro-
duction)
—Zero Phase Shift (no time
alterations)
Unlimited Dynamic Range

that sound pressure wave- No mMaximutm sound limita-
form iz a distortion. In prac- / \ tion)

tice, it is impossible to —Ferfectly Flat Frequency

exactly duplicate any input waveform in this Response (totally neutral tonal balance with no
manner. But advances in our understanding and subtractions)

the creation and usage of new materials can, —Absolute Linearity (no distortion due to addi-
and have, progressively closed the gap and tions)

reduced distortions. However, to successfully As mentioned previously, none of these are com-
achieve a sighificant advancement, perfection pletely achievable but they may still be required.
must be the goal rather than merely attempt- To determine which may be absolute require-
ing to create ‘something different” or ‘some- ments, lets examine the human hearing system
thing better”, To produce a F"’ﬂr::lu-:t which per- and what is known about its dl:?:hw to perceive
forms its acoustic function in a nearly perfect these characteristics. Eaammm —

manner, a designer must decide which perfor-
mance characteristics can withstand compro-
= ich cannot. The
only allowable reason for not maintaining perfec-
tion in all areas of performance must be that ]
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he ear has a very rapid rolloff in

response below 20 Hz. Output below

20 Hz yields more of a bodily sensa-
tion than an actual hearing experience.
The hearing system exhibits a low frequency
suppression mechanism such that at lower vol-
ume levels, less bass is perceived. As a result of
this mechanism, the ear and brain primarily use
the information present in the peak bass ampli-
tudes to determine the subjective low-frequency
performarnce.
The ear becomes irritated and fatigued when
exposed to sound levels approaching and
exceeding 120 4B At levels above 100 4B, notice-
able volume level compression occurs within min-
utes, and continuous listening at these levels
also becomes fatiguing unless pauses occur to
reduce these effects.

“near perfect” because its performance is only
imperfect in areas where the human ear is very
insensitive. These new performance parameters
become:

* Bandwidth down to 10 Hz.

* Reasonable phase shifts are tolerable but
should be kept as low as possible.

* The distortion produced must be kept to very
low levels, What distortion there is must be con-
fined to low-order harmonics with high-order
and non harmonically related distortions virtu-
ally eliminated.

* feak sound levels of over 110 dB are required
but not continuously. Levels of 120 4B and high-
er are infrequently required.

*Ferformance at high-volume levels is very criti-
cal. Therefore dynamic linearity at volume levels

The human hearing mecha-
nism is only moderately sen-
sitive to bass distortions if
they are mainly second and
third-order in harmonic con-
tent. This is due to their
inherent existence in nearly
all music and natural occur-
ring sounds. However, the ear
i extremely sensitive to non
narmonically related distor-

above S0 db is an absolute
necessity.

* All amplitude response
peaks and sounds, which
pccur when no sound s
called for, must be reduced
to extremely low levels.

& have just identi-
fied the primary
performance
requirements of

tions and higher-order harmonic distortions, all
of which are only present in very specific natur-
al sounds. These then leave their characteristic
signature on all reproduced sound.

The ear is also moderately insensitive to grad-
ual phase shifts at low frequencies but is rather
sehsitive To the amount and rate of change in
phase at midrange (voice) frequencies.

The human hearing system is extremely sensi-
tive in detecting events which are added t8 the
original event or occur at times when nothing is
present to mask their occurrence. The ear is
less sensitive in detecting events which are
“removed” or diminished in volume level from the
original event,

After reviewing this list of known hearing char-
acteristics, a new list of product performancs
requirements can be assembled. A product
meeting these parameters should then sound

the "near perfect” low-fre-
quency sound reproduction system. But we
must remember all of these characteristics are
to be met 4t the listeners ears”, not just in a
special environment. There have been some sys-
tems capable of meeting these parameters
under special conditions. But all fall far short of
these goals when evaluated in a typical room at
the listeners ears. The reason this subject is
hot addressed more often is due to one of the
recognized purposes of designing and engineer-
ing. That purpose is to identify and control the
variables in order to ensure a desirablé outcome
when performing a task. Since room effects are
seamingly so uncontrollable and varied, the
most obvious method of simplification is to
leave those factors out of the equation.
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f course, but of the equation” may

also mean dut of the solution™ which

can keep nearperfect performance
peyond reach. Typ[s,ally, designers use an ane-
choic chamber to design and test loudspeakers.
This chamber is an idealized environment which
i actually a room with either a floor but no walls
or ceiling (2 pi steradian) , or a room which has
no boundaries of any type (4 pi steradian).
Another approach for testing is to position the
speaker 15 1o 20 feet off the floor in a very large
room (sometimes outdoors) or to use a test
setup that only measures the sound coming
directly from the speaken All of these methods
share the goal of eliminating undesirable sound
by preventing it from being generated or mea-
sured “in the test” [t seems unfortunate that
the listener cannot receive the performance the

An example of this misconception is a loud
speaker product which includes an individual cal-
ibrated response curve of ite low-frequency
response. The response curve correctly states
the exact measurement conditions (2 pi stera-
dian) and shows an immaculately flat output of
plus or minus one decibel from 20 Hz to 100 Hz.
Yes, the curve is very impressive, but it does not
represent what the customer will receive when
the product is purchased and used.

ince the earliest development of the
dynamic transducer, it was known
that as the diaphragm moved, it gen-
erated two opposite sound waves. It was also
discovered that when those two sound waves
were prevenied from interacting, the low fre-
quency outputl increased substantially. This

designer achieved in this
special test. 1ts also unfor-
tunate the room was left out
of the equation since it
appears to be the real
source of the problem. The
glimination of the rooms
poundaries in the testing of
loudspeakers greatly
improves the measured per-
formance of these products.
It also inhibits fidelity
improvements at the lowest
frequencies because the room interacts notice-
ably and unpredictably with the speaker yet is
neglected. This does not mean that aneschoic
Lesting serves no useful purpose. [t iz a very
valuable controlled environment to perform
“before and after” testing of a known or sus-
pected change in product performance. The
problem arises when somecne assumes that
those measured results are representative of
how the product performs or sounds in a typical
room with floor, walls and ceiling. The industry
has mistakenly convinced retailers, consumers,
reviewers and even naive engineers that these
curves correlate to what is heard and desirable.
Other than the average quantity of output
available over a frequency range, an anechoic
response curve below 100 Hz tells nothing about
the quality of low frequency sound reproduction
available.

I —

effect was later analyzed
and found to be a function of
the size of the transducer
with larger transducers suf-
fering less loss, Since it was
only feasible to make and
use fairly small transducers,
this effect began at about
400 Hz and became pro-
gressively more severe at
lower frequencies. This was
such a dramatic loss of bass
that the solution was obvi-
ous: use a barrier to isolate the front from the
rear wavefront. Unfortunately, it was necessary
for the barrier (or baffle) to be very large if the
lowest frequencies were to be prevented from
being attenuated. The next step in extending
the baffle which the transducer assembly could
sit (on a table top or floor). This provided an
improvement but was still inadequate for the
lowest frequencies. The final step was then
taken to eliminate the cancellation completely,
Le.. totally close the rear of the baffle and form
an “enclosure’. Eliminating the cancellation was
not the only effect the enclosure had on the
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ome of the obvious side effects were

noticed even then, with the most

notable being an increase in t
transducers resonant frequency. This actually
reduced The maximum possible bass output,
and only an enormously large enclosure prevent-
ed this problem. Likewise, the output at reso-
nance increased which caused a very unpleasant
boomy characteristic. After conducting listen-
ing tests, it was discovered that the enclosure
was also adding sounds of its own to the music.
To reduce these effects, desighers covered the
interior of the cabinet with materials which
would absorb sound or prevent enclosure wall
flexing. All this was done in an effort to fix a
problem caused by a solution to a problem (the
enclosure). In some models, designers stuffed
sound-absorbent materials into enclosures in

ne choice of which design is “petter]

and by "how much must first be put

into the context that the decision tg
use an enclosure has already been made
Althougn the reason for using an enclosure is
VERy cohvincing, it is the only reason. Severa
problems associated with enclosures have been
mentioned previously. There are six major sidée
effects which cannot be totally corrected when
an enclosure is involved in the reproduction of
SoUNd;
LAl enclosures shift the fundamental reso-
hanhce of the transducer upward in frequency.
such that less low frequency output becomes
available from that transducer. Resonances are
characteristics which are generally to be avoid-
ed in acoustics, and this upward shift in fre-
quency makes their effect even more noticeable.

an effort to force the box to ‘ 2.Enclosures increase the
behave in a more predictable severity of the transducers
manner. Theories were devel- fundamental resonance. This
oped which modeled the per- increase in the Q (severity)
formance of sealed and vent- further accentuates the per-
ed enclosure desians, all of sistent single-note effect of
which assumed the enclo- A resonance.

sure was perfect and the 2.Virtually all enclosures are
measurement room had no constructed using flat paral-
walls or ceilings to reflect lel  walls  which  develop
sound. Meantime, the search acoustic standing waves
for efficiency and areater “ between Lhem that are char-

quantities of sound led the

sound reinforcement industry to horn loud-
speakers which very successfully achieved those
limited but important goals along with directivi-
ty control. One very innovative approach, the
Transmission line, was developed and is still
being used today. |t was reasoned that the
pressure built up inside an enclosed cabinet
along with reflected sound off of the interior
panels were the major causes of enclosure dis-
tortions, The efforts expended to address
these concerns by using carefully damped and
tapered passageways in the cabinet are com-
mendable. But the complexity, limited dynamic
range, and low efficiency of the final products
reduced their acceptance. All of these tradi-
tional and special designs have one common
advantage, they provide a larger quantity of low-
frequency output than would be available using
the same transducer with no enclosure.

acteristic of the distance
petween the walls. The longer the distance, the
lower the frequency and the more standing
waves that occur These waves cause frequency
response and tonal coloration effzcts which
cannot be eliminated, only reduced. They cause
the enclosure walle to flex and reradiate their
sound into the room, and also reflect sound
back upon the transducers diaphragm causing
it to distort the friginal sound”,
4.Each individual wall In any enclosure possess-
&6 Mass and stiffness, which together yield a
set of natural resonances. They interplay with
the speed of sound inthe wall material and with
the dimensions of the wall to form what can only
be described as a myriad of complex wall flexing.
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Add to this the fact that all walls have finite & an Example of the pronounced

rigidity and many are not as rigid as they could . effect enclosure wall flexing can have,
be (cost, weight, construction technigues, etc ) a typical enclosed 12 inch woofer may
and we have to wonder if what we hear when we have a transducer radiating area of 72 square
listen to a loudspeaker is really the transducer inches and a cabinet wall area of 2000 square
or the enclosure walls. inches This means only 3% of the total external
In an effort to “improve’ the problems of funda- surface area of the loudspeaker system is
mental system resonance shift and increased 0 “desired” or “driven” area. The remainder is
caused by the enclosure, designers have undesired potential radiating area that must be
attempted to cancel the resonance by adding rigid to prevent distortion. Just how rigid does
ancther resonance to the system. This reso- it have to be? To keep bass distortion to less
nance cancelling technique (bass reflex) proved than 3% (a seemingly feasible objective) enclo-
to increase the colorations. Bass reflex theory sure wall flexing must be kept to less than
relies on the transducer and enclosure to work Q.O02% (3% of 2% of the transducers excursion).
as pure and perfect elements in order to reradi- Using 90 dB at 75 Hz as an example, we find
ate the transducers rear wave through a port that the enclosure wall flexing must be kept to
or passive diaphragm (also modeled as pure and less than Q.000043 inch excursion to assure
perfect elements). Even if all these elements ess than 3% distortion. Even when this number
were perfect, the maximum v & derated (because some
amount of output available walls flex more than others
through the small ports and the central portion of the
used in many systems is wall flexes more than its
ridiculously low (less than perimeter), the allowable flex-
20 dB at 1 meter) . Given ing is unbelievably small.
now well the enclosure per- eurological studies have
forms its function in sealed shown that the minimum
systems, it is ho wonder threshold for tactile sensa-
that, when asked to with- tion of the human hand is
stand the much higher inter- also apout 40 microinches.
nal pressures of a reflex Thi5 means any cabinet wall
design, it performs so poorly. flexing on a typical enclosed
loudspeaker that can be felt with the fingers is
early all enclosed loudspeaker sys- quite likely causing in excess of 3% distortion in
ems are point sources of sound the sound you are hearing. Thiz basic behavior of
transmission, meaning they radiate the enclosure is embodied in all enclosed loud-
their sound uniformly in every direc- spearers including the very highest performance
tion at low-frequencies. This is most often State-of-the-art”™ products. This logically
thought to be a benefit termed as "wide disper- means that very few people have been exposed
sion” or “omni-directional”. However, at low fre- to low-frequency sound reproduction that is not
quencies, the room in which the loudspeaker iz “clouded” by this effect or by the other five pre-
located has serious difficulties with standing- viously listed enclosure effects. Could these
waves which form between the three sets of effects be the reason many listeners find the
parallel room boundaries. In a room such as this, sound of full-range electrostatic and enclosure-
selecting a speaker that generates as much less dipoles to be more pure and accurate? We
energy as possible, in each of these three direc- believe this is exactly the difference they hear
tions, would not be the optimum choice. In fact, and may well be the only difference they hear at
the point source loudspeaker is the worst pos- lower frequencies. =—
sible sound transmitter in this environment, if
minimizing the rooms effect on the sound is the I”””
goal S 1]



ver the years, designers developed

low-frequency sound reproducers

which were completely separate from
the other loudspeaker components in a stereo
system. One of the main reasons for considering
the addition of this ‘subwoofer” product to a
system was to increase the overall fidelity and
accuracy of the complete system. Yet, when
these producte are examined for their perfor-
mance in a typical listening environment, they
provide a clear advantage only in the amount of
sound they can deliver at low frequencies.
Further examination shows that most sub-
woofers are really just larger versions of the
original smaller units they are meant to replace.

The underlying problems in the smaller systems
still exist in the larger unit and some of the

problems have grown larger ”
along with the size of the
enclosure. In a typical room,
most mirror the sound of the
room and simply play the
room’” louder than the origi-
nal speaker had done. After
speaking with listeners who
are primarily concerned with
musical accuracy and clarity,
you find that the addition of
a subwoofer to their music
system is a very mixed bag.
Usually they find that with music such as pipe
organ or large orchestral pieces, the sound is
quite “impressive. However, with music not nor-
mally considered to have much bass or music
which is very transient and percussive, the com-
ments are usually not favorable. These listeners
desire to extend accurate reproduction down
lower in frequency, down into the sensory “feel-
ing region. The disappointment these listeners
feel is a result of our industng lack of perceiving
one problem (the room) and lack of insight in
correcting another of our own generation (the
enclosure). But all is not lost. . read on!

hen considering what type of trans-

ducer to use in creating the most

accurate low-frequency sound repro-
duction system available, there are only two
realistic alternatives: electrostatic or electro-
dynamic.

(~\

The electrostatic has a reputation for accura-
cy and uncompromising performance. Yet for
those who own them (we have) and for those
who desigh them (we have), the reputation may
be somewhat overstated at the frﬁqu&:ﬂay
extremes, especially the lower extremes. There
are few equals to the electrostatic in the mid-
range (voice) region. However, at low frequencies
the story is different. Certainly, the electro-
stats difficulty in developing large diaphragm
excursions may be part of the reason. But are
there other reasons? This question must be
answered if the optitmum transducer is to be
selected on true merit and not mystique. The
following is a list of generally agreed upon char-
acteristics of the electrostatic transducer
—The maximum force per unit area available to
move the diaphragm is extremely low.

—The force required to move
the diaphragm is also very
low. This is because the mass
per unit area can be made so
low that at low frequencies it
Pe comes insignificant com-
pared to the airs mass.
—Large air volume displace-
ments require a very large
radiating area since available
diaphragm displacement is
very limited.

—Generally, electrostats
display rather abrupt and pronounced misbe-
havior when driven beyond their designed capa-
bilities. Since diaphragm excursions are limited
tor electrostatics, and because excursion
requirements increase dramatically at lower
frequencies, reasonable low end response and
dynamic range are extremely difficult charac-
teristics to achieve.

—The extremely low mass of the diaphragm, ts
lack of rigidity and the low force per unit area
combine in preventing the effective use of a rear
enclosure in all but very special cases. This also
means the transducer is very sensitive to
changes in the air load it "Teels”. S
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—The constant-charge, balanced, push-pull
operation of an electrostatic offers extremely
low distortion possibilities.

When a large electrostatic diaphragm is used
to reproduce low frequencies in an environment
where extreme variations in the sound pressure
exist (due to room modes) , the transducers
diaphragm will not have the ability to overcome
these changes in its airload. It will passively
respond to the room rather than the input sig-
nal. This is Termed acoustic output impedance
and the electrostatic has an extremely high
output. impedance. Also, the rooms pressure
may not be uniform on the diaphragm and since
the diaphragm has virtually no rigidity, it again
succumbs and flexes. Under large excursion con-
ditions, the edges of the slectrostatic
diaphragm experience stretching because no
separate edge suspension /
exists. Bventually this may
lead to fatigue and either
performance changes or fail-
ure.

he key to under-

standing the opti-

mum usage for
the two types of drivers
(ESLs and moving coil) is to 3
realize that the require- N
mente for higher frequency
reproduction coincide with the strengths of the
electrostatic driver In turn, the rﬂquirfrrﬂfrnt.ﬁ
for lower frequency reproduction match well with
the strong points of the moving coil driver We
believe some of the most accurate loudspeakers
ever made and still being made are electrostat-
ic systems. No disrespect is intended in relaying
this information on extreme low-frequency
behavior. The historic performance of high-quali-
ty electrostatic systems demonstrates that
they have always been on the leading edge of
technical development and high performance.
Owners of these superb systems will find their
concern for accuracy well matched to the capa-
bilities of the device we will soon describe. As
pointed out earlier, one advantage to open back
loudspeakers is their elimination of the enclo-
sure problems by simply eliminating the enclo-
SUre.

There is yet another advantage when the cabi-
net is removed. The resultant dipole system no
longer radiates sound as a point source. The
system now radiates its sound in what is called
a cosine pattern. The sound source becomes
two sound sources located in the same place.

ne source radiates a sound wave

frontward while the other radiates a

“reverse polarity sound wave rear-

ward. An interesting and useful phenomenon
occurs in the plane of the transducer (top, bot-
tom and on both sides). The sound from the
frontal wave is exactly equal to the sound from
the rear wave. Since they are reversed in polari-
Ly, they completely cancel each other. This might
first be thought of as a loss of precious bass
output. But, this effect only occurs in direc-
\] Fions where we are not lis-

tening. The frontal wave we
hear remains unaffected.
This cancellation in th
sound output in four direc-
tions yields a tremendous
improvement in tonzal accu-
racy and response smooth-
ness when analyzed in a typ-
ical listening room. If th
decision to develop a sub-
woofer is to be made, two
other key concerns must be
addressed. The one that stirs the most contro-
versy is: Stereo ve. Mono Bass. This choice can
be further divided into stereo dual-source bass,

Ly 1

]
=
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bass. The reason for this further breskdown is
that, as we will discover shortly, the number of
sources located in the room ia more critical 1

performance than mono or stereo operation
The most logical decision would be to preserve

ki

“full stered reproduction as was the intent of
the original program material. That seemed log
ical enough, but was it? Here is what was found
after some investigation: e
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Virtually zll bass below 100 Hz is purposefully or
unknowingly ‘recorded monophonically. That
which is not, is almost never done purposefully,
but is accidental. The reason it is recorded
monophonically is that loudspeakers which do
not operate “in unison” below 100 Hz produce
unpredictable losses in bass output due to
Foom modes, Epﬂﬂkﬂt‘ F?|.EGETHE}HL and the listen-
ers location in the room.

Sound becomes progressively more difficult to
localize as its frequency is lowered. This means
human hearing is unable to distinguish where a
sound is coming from at extremely low frequen-
cies. Sounds above 200 Hz tend to be those
used by humans to locate the source of an
event. Frequencies below 100 Hz tend to give us
a sense of size, power and space but not direc-
Tion.

hen monophonical-

Iy recorded bass

program material
is replayed through two
physically separated loud-
ﬁpﬁakﬁr’.ﬁi, whether driven
monophonically or stereo-
phonically , a listener must
ve physically positioned an
equal distance from each
speaker or the sound heard
will not have the intended
tonal balance, bass power or impact.
Even when the listener is listening equi-distant
from the two loudspeakers, the bass perfor-
mance will still be compromised unless the room
s exactly symmetrical and the speakers are
placed in perfect symmetry in the room. The rea-
son is that even small amplitude differences
caused by the rooms resonant modes will shift
the phase of one speakers output quite differ-
ently than it will the other speakers output
unless everything is perfectly symmetrical. This
again leads to a loes of impact and bass power
which were present in the original recording.
The luxury of having to place only one low-fre-
quency loudspeaker in a listening environment is
more than just a size, logistics, aesthetic and
economic benefit. 1t also means only one
thoughtful decision is required for optimum
sound reproduction rather than two, thus

eliminating interaction and needless side
effects.

If these factors are taken seriously and care-

ful listening teste are performed to confirm
their importance in the sound reproduced, the
results are obvious. The “logical” decision to pre-
serve stered will consistently produce inferior
sound at low frequencies. Remember, we are not
dealing with the concept of a dynamic range
improvement brought about by using two speak-
ers, because the device we are contemplating
will need no additional dynamic range. Remember
the single-source low frequency decision is not a
compromise. It is the optimum decision with
dual-source being the performance compro-
mised approach.
The basic groundwork has now been laid. The
compromises in enclosed bass loudspeakers
force us to pursue an enclo-
sureless approach if the ulti-
mate bass reproduction sys-
Lem is desired. Though elec-
trostatic transducers offer
superb acoustic perfor-
mance potential, they are
not ideal, nor even preferable,
for extremely low-frequency
reproduction unless major
changes to their design are
implemented. The system
must be a dipole source to
reduce the performance compromises of a
closed box source design and to maximize the
aemonstrable impact and power of the repro-
duced sound. Lastly, the electronics should be
kept to a minimum which meet all the require-
ments for low-frequency accuracy. These deci-
sions were consolidated and formed a target
design criteria for a device which would embody
the highest performance attainable at low-fre-
quencies. The initial prototype was then devel-
oped, and testing proceeded to evaluate its
performance. The results from measurements
and listening tests were astounding. All those
ivolved indicated the product was superior to
anything available. =
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he concept of controlling noise by More than any other consumer product, the
generating a mirrorimage, out-of- automobile is rich with possibilities for antinoise
rhase sighal is hardly new; it has applications. Recent projects undertaken by
been in commercial and industrial use for a num- Lotus Cars in England are among the first to
er of years. Indeed, the patents covering this catch the publice attention. Though passenger
technique date back more than 50 years. What comfort may seem incentive enough to spur
s new is the application of antinoise principles antinoise research for cars, the primary motives
to consumer products. The day is approaching are somewhat less altruistic. By eliminating
when even the annaying whine of a blow-dryer or exhaust-flow restrictions created by the multi-
the cacophony of a lawn mower—annoyances of ple baffies and labyrinths in a conventional pas-
late sleepers everywhere can be nullified. sive muffier system, improved fuel economy can

be achieved.

Sound travels through the air in a classic pres
sure waveform. [ts pitch is

dependent on frequency, or ,
the number of waves that
reach a given point every sec-
ond. Between the pressure
peake iz a low point—the
trough of the sound wave—
and when a peak and trough
of equal frequency and inten-
sity (amplitude) intersect, it
results in almost total noise

\ In some ways, this is the
deal application for anti-
noise: The noise is contained
in a duct (the exhaust
plur’ﬂblr*g] = ”Fpﬁtltlv" and
predictable, and a great deal
of its spectrum falls within
the low-frequency range
where active noise cancella-
tion is most effective.

cancellation. As a natural It is a fortunate quirk of

phenomenon, it has long been hature that antinocise works

known to concert hall designers. This cancella- bFest on the low end of the scale where other

tion zone of silence—where reflected sounds in methods arent nearly as effective. Traditional

a room meet with a generated signal of equal passive sound-deadening techniques—thick

frequency but 160 degrees out of phase—is insulation, absorbent padding—efficiently quell

known as a node point. high frequency signals, easily dissipating their
energy. A low-frequency rumble is much tougher

Headphones, as used in the systems for MRI to deal with, thouagh. Fortunately, the lengthy

scanners and pilots, prove to be an ideal low-frequency wave offers an antinoise signal a

method for deploying antinoise, because the wide working range for cancellation.

enclosed sound environment can be tightly con-

trolled. In the Bose a'ufir’ﬁt:f}r"l headset, a dramat- For example, the length of a sound wave is

ic reduction in noise is accomplished by insulat- Mt’i’:"mi”fﬁj by dividing its speed by its frequen-

ing the headset from outside sources and doing cy. Roughly speaking, a sound with a frequency

both the monitoring and cancelling inside the of 100 hertz traveling at sounds l"l‘:“F‘“"’S-f;:" 1,200-

headset itoalf | feet-per-second pace in sea-level air has a 12-
foot-long waveform. S

With increasing regularity, auto-show concept

cars include active noise cancellation as one of E

their advanced features. q ]



Total cancellation occurs where the peak and
trough intersect perfectly—where the sound
waves are exactly 160 degrees out of phase:
some degree of cancelling will be achieved, how-
ever, even where the waves are not pﬁr‘Ff:r::t mir-
ror images. On a short, high-frequency wave, the
zone of cancellation is a very small area in
space, 50 small that a 10,000-hertz whistle
may be nullified at your left ear but not at your
right. Low-frequency sounds, however, offer a
peak that presents a much larger target for
cancellation. Walker Manufacturing Co. of
Racine, Wis., a major supplier of conventional
auto mufflers, has steadily developed the tech-
nology in recent years under a joint venture
agreement with NCT, con-
centrating on frequencies
less than DOO hertz.

ntroducing the

antinpise signal

also presents
special engineering chal-
lenges. An enging exhaust
system with high tempera-
tures and corrosive water
vapors, presents a rather
unfriendly atmosphere for
antinoise components. In
the air-conditioning duct of an office building or
the exhaust stack of a factory, its simple
enough to mount the loudspeakers in a T-shaped
junction and inject the antinoise signal directly
into the pipework. In the systems under develop-
ment at Walker, however, the antinocise
signal is carried in a sealed pipe
that surrounds the actual exhaust system.
There is no contact between the hot engine
gases and the twin four-inch antinoise speakers.
The opposing signals for the exhaust and the
annular pipes meet and cancel only after reach-
ing their rearmost outlets.

The basic requirements of an antinoise system
are disarmingly straightforward. The noise
source is monitored to determing its pitch and
loudness, and this data is fed to a processor
for analysis so the mirrorimage signal can be
created.

10

A downstream microphone listens to the can-
cellation results to pmv’u:lﬁ a correction factor

The process of synthesizing the correct signa
may be achieved in many ways. One obvious
approach is to simply place a microphone at the
noise source to collect the frequency and ampli-
tude -data, feed this signal to a high speed
processor, and generate the correcting signal
Early experiments with this technique faltered
because the microphone was unable to distin-
guish the source noise from the antinoise signal,
hopelessly locking into a feedback loop.

Highly directional microphones and speakers
were tried, but the real
Freakthrough came in
Britain from professor
George Chaplin. He replaced
the microphone with a
tracking signal sensor that
supplies a synchronizing
input—a tachometer pick-
up. for example—allowing
the processor to predict
souUnd.

SUMMATION OF TWO WAYEFORMS TENDS TO TERO—SILENCE

microphone at the outlet evaluates

the residual noise and provides a

correction signal to the processor
that generates the antinoise. More recent
advances in electronics enable the noise to be
directly read at the source without confusion
from the antinoise signal.

A device known as the Infinite Impulse Kesponse
Adaptive Filter, developed by Digisonix, a division
of Nelson Industries in Middleton, Wis., allows
noize To be sampled at its source, or upstream,
rather-than at the downstream (outlet) posi-
tion. A down stream microphone provides the
processor with an error-correction signal based
on the final noise outputl. EEEE——




The advantage is in response and the abili-
Ly to cope with random noise, according to
Nelsons vice president of research, Larry
Eriksson. "With our system, the fact that a
sound is not r&pﬂiitim Adpes not pr.:ﬂ;::ludﬂ
cancellation. We can do broadband noise as
well a5 we can do a continuous tone.

eyond the obvious uses—exhaust

silencers, air-conditioning tans,

and the like—theres a multitude
of rich possibilities in the more subtle
sources of disturbance. By applying noise
cancellation techniques to engine supports,
vibration can be reduced before it ever
reaches the passenger compartment. The
active engine mount is a goal being pursued
by virtually every car maker today, a new-
age electronif balance shaft that extracts
no engine power for drive and works over a
wide range of engine speeds. Active mount
technology crosses into an area where dis-
turbing signals are not exactly noise, but
rather are low-frequency vibrations that
ntrude oh comfort and hasten fatigue over
the course of a long drive.

E-;irﬂply, the body shell of a car is a resonant
cavity—comparable to the hollow body of
an acoustic guitar—where a perceptible
“booming is amplified. Disturbance sources
include the natural vibrations created by
unresolved shaking forces inside a four
cylinger engine or the harmonics generated

oy a rough road surface.

n what must be regarded as a
classic paper in the context of
the active control of sound,
Olson and May (1953) introduced the glec-

tronic sound absorber”. Although the title
of The paper is something of a misnomer;
Olson and May foresaw many of the appli-
cations of aclive control techniques that

o practical use. The
rived in The paper is illustrated
| oL - EFF&.’EIT.ZLIE
illustrates well the state of electronic tech-

nology at the time the paper was writien.
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h Electronic microphoné (in which “the

- impinging sound vibrations directly
control the electron etreamin a vacu-

um tub€) was used to derive-a signal propor-
tional to sound pressure. The microphone had a
flat frequency response down to U Hz and a
phase response that was “less than two
degrees from 20
Hz to 400 HZ. The

the detected sound pressure was fed back wite
a phase inversion and high gain in order to drivs
the pressure fluctuation towards zero. Drivirg
the sound pressure in the vicinity of the louss
speaker to zero of course ensures that the]
loudspeaker neither radiates nor absorbs ang
energy under steady state conditions. This was
recognized by Olsos

o ]"‘Z" ¥ and May but they sugs

sighal was ampli- - o o gested that the devics
fied by using a bat- could also absorg
tery powered valve " ‘ sound by designing ths
amplifier The ampli- system so the propes
fier output was . +phase relations arg
used to drive a obtained”. They alsé
loudspeaker with a -C ‘ ~saw that this was difs
“high  impedance o Nt & ficult to achieve i
voice coil” which : | 15'_”"3 . practice and suggestes
I | 1

avoided the neces- y
sity of a trans- e
former between the "
vacuum tubes of
the amplifier and . .
the loudspeaker A

transformer would

O A A0 A i S i O i O

L]
-
-
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* that if the region of the louds
f speaker and microphong
was surrounded by an

v . acoustically resistivé
_screen, then this couls

be made to dissipaté

i
I S A A A

energy. Olson and May

R
introduce a tonsid- i, J P— . B suggested that in general
erable phase shift” * v -l Amplitier 1= “the problem in low fre-
in the low ﬁ'squancy . quency sound absorp-
range and this was ij (b P tion is to provide an
to be eliminated. ln e ’ T f,{_mhiw "‘_ acoustical imped-
addition,the g‘ N | - I ey “ance of relatively
response of the . S Ei|1 J[ small value so that the
amplifier was made . ﬂ}ﬁﬂﬁi‘l L Bateries volume ~current  which
to roll off at fre- Ky T S rﬁ; ae A “introduces the sound
quencies above Loudspeoler @ metit m“':fﬂ"j"' ™ Swrtch - absorption will not be lim-
about 400 Hz to , ited by high acoustical
avoid positive feed- " limpﬁdaﬂcé. Thus, Olson
back™  The overall "'F -, a , and May reasoned that
operation of the © A . . the feedback system
device was made to .. - , 'producing low sound
ensure that the PR _1: L ® ~4) = pressure could provide a low
phase shift could s ~ratat~ impedance for terminating the dis-

be minimized between the input to the micro-
phone and the output from the loudspeaker
Under these circumstances a simple inver-
sion of the microphone signal could be intro-
duced such that the loudspeaker output was
180" out of phase with the microphone input. I
a high gain of the amplifier was used, the device
would then act as a Sound pressure reducer’;

sipative acoustic impedance provided by the
surrounding screen. However, most of the appli—
cations suggested by Olson and May  involved
the use of the device as a Spot sound reducer”.

N A
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dynamic ducer, was known

that as the diaphragm moved, it gen-
erated two opposite sound waves. It was also
discovered that when those two sound waves
were prevented from interacting, the low fre-
quency output increased substantially. This
effect was later analyzed and found to be a
function of the size of the transducer with larg-
er transducers suffering less loss. Since it was
only feasible to make and use fairly small trans-
ucers, this effect began at about 400 Hz and
pecame progressively more severe at lower fre-
quencies.
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This was such a dramatic loss of bass that the
solution was obvious: use a barrier to isolate
the front from .the- rear wavefront.
Unfortunately, it was neces-
sary for the barrier (or baf-
fle) to be very large if the
lowest frequencies were to
be prevented from being
attenuated. The next step in
extending the baffle was to
fold it backward so it would
take up less physical space
and provide a platform upon
which the  transducer
assembly could sit (on a
table top or floor).

This provided an improvement but was still inad-
equate for the lowest frequencies. The final step
was then taken to eliminate the cancellation
completely, i.e. totally close the rear of the baf-
fle and form an “enclosurg’. As is well known,
dipole radiators with a finite baffle size lose
radiation output below a critical frequency due
to front-to-back cancellation of sound energy.

This crit
average baffle «
rate of En:lr: octav
whose half-wavelength
age baffle dimension
length is 11, so

I : . . -
1IArae In siZe TO mMainmi-an o

E 15 gdetermined by the
ncellation (at the
for frequencies
arger than the aver-
, The nalf-wave-
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ow That we have both a-historical and
mildly technical perspective of these
principles concerning the active con-
trol of sound, lets discuss how they will apply to
ESLs. In particular, how can we increase ESL
bass using these fascinating concepts.

We all realize that enclosing the rear wave of an
ESL is very impractical since it not only raises
tne "0 but. more importantly, the ESL loses
tremendous volume. The enclosed air must now
be compressed by the weak physical di aphragm
power of the ESL, But if we consider the back-
wave to be "undesirable noisé and apply active
noise control principles to reduce the cancella-
Tion effect, we should increase the quantity of
desirable frontwave ESL bass.

And since the backwave is
acoustically predictable,
that is, is exactly the
same -as the frontwave only
180° out-of phase, we can
eliminate the microphone
and other complex equip-
ment associated with noise
control approaches, So we
need not deal with unpre-
dictable noise sources

L

e

All we need to do is feed a
auplicate signal (music) from the ESL amplifier
to a second radiating source that is 180° out of
phase with the rearwave of the ESL.

But this is not as sasy as it may soun
the second source must be of sufficien
and size plus all phase correctio
implemented to avoid distortion of the
or frontal wave.

Ll _d F

The solution is sti
unless we employ sev
next three chapters

the solution in a more specif
onl
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REARWAVE DESTRUCTION

n this section we will begin to

address the problem of the active

control of free field acoustic radia-
tion. Our starting point is an investigation of
the nature of the sound field produced when a
sitiple Becondary point monopole source is
introduced in order to control the radiation of
an existing primary point monopole source, both
s0Urces radiating sound at the same single fre-
quency. The form of the resulting sound field has
long been understood and in the particular case
of the two sources being of
equal and opposite strength '
and separated by a distance
that is emall compared to
the wavelength of the sound
radiated, the sound field
produced reduces to the well
known dipole field. It is well
known that to produce sub-
stantial reductions of the
sound field radiated by a
simple source, we have only \
Lo introduce in close proxim-
ity a simple source of equal and opposite
strength. However, a cleser examination of the
problem reveals that this strategy is not nec-
essarily the best approach, and that to mini-
mize the total sound power radiated by the
source combination a subtle variation of the
secondary source strength is necessary. Many
of the same physical processes observed in the
one-dimensional case are also evident in the
equivalent three-dimensional problems. For
example, we shall again see the capacity of a
secondary source both to absorb radiation from
a primary source and also to prevent radiation
escaping from a primary source. The latter
mechanism of “loading occurs through the sec-
ondary source producing the appropriate pres-
sure on the primary source at the appropriate
time. Since there is a finite time taken for sound

—

=

to propagate from the secondary source to the 'l 4

U

primary source, the secondary source has to
anticipate the output of the primary source.

nalysis conducted in the frequency

- domain often reveal such “non-causal”

action of the secondary source when

the solutions are transformed into the time
domain. The case examined is of a point primary
source whose source strength fluctuation is a
stationary random process. A secondary
source is introduced in order to control the field.
At field points closer to the
secondary source than the
primary source, the sound
pressure fluctuation can be
cancelled perfectly through a
delayed action of the sec-
ohdary source. For field
points further from the pri-
mary source than the sec-
ohdary source, the sec-
ondary source must produce
an optimal prediction of the
primary sound pressure fluc-
tuation in order to minimize the time-averaged
value of the pressure fluctuations. |t is demon-
strated that for stationary random fluctua-
Lions in the primary field, the best achievable
performance of an active controller will often
depend on the statistical properties (and thus
predictability) of the primary pressure fluctua-
tion. This simple result shows that if a single
secondary source s used to drive the pressure
Lo zero in the far field of a single point primary
source then, provided the two sources are sep-
arated by less than one-twelfth of a wavelength,
attenuation of the entire far field will be pro-
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e will see that ensuring that prima-

ry/eecondary source separation dis-

tances are much less than the wave-
length of the sound being radiated is a consis-
tent requirement for the successful global con-
trol of sound fields. Before leaving this discus-
sion of the simplest of all three-dimensional
active control problems, it is interesting to
observe the form of the resulting sound field by
tne addition of parallel ESLs relative to the
acoustic wavelength and various chosen points
of cancellation in the far field (sce illustration
at left). Five parallel elements prove to be opti-
mum.
In determining the global effectiveness of active
control, the total power output of given source
arrangements is a very useful measure. The
power output of an acoustic source is given by
the integral of the acoustic intensity over a sur-
face surrounding the source. In the far field, the
mean squared pressure is a measure of the
acoustic intensity. Thus, the acoustic power is
effectively an addition of all the contributions
to the mean squared pressure at all locations in
the far field. In order to calculate the total
power radiated by an array of sources it is usu-
ally necessary to perform an integral of the
mean squared pressure over this far field sur-
face. This integral is usually fairly easy to evalu-
ate in relatively simple cases, but becomes more
difficult as the complexity of the source
arrangement increases.
The primary source power output can be modi-
fied by the addition of the secondary source
pressure field which changes its ability to radi-
ate powet. It the appropriate pressure is to be
produced on the primary source then the sec-
ondary source must clearly emit its signals at a
time prior to those emitted by the primary
source. Similarly, the second possible mecha-
hism of power output reduction is by sound
power absorption. If the output from a primary
source 15 to be absorbed by the secondary
source then the secondary source must clearly
act at a time after the emission of the relevant
signal from the primary source. S
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his aspect of the production of opti-
mal results is of little consequence

when one
s dealing with purf:i}r’
periodic signals. In
our consideration of
tne simple combina-
Lion of point primary
and secohdary
monopole  sources.
We have shown that
there is a well-
defined - global opti-
mum for the mini-
mization of the
total source powe
output.

Ne - have already
noted the particu-
lar form of far field
S0uUnd pressure pro-
duced by the inter-
ference of  two
sources of equal and
opposite strength
when  these are
spaced a small dis-
tance apart relative
to  the  acoustic
wavelength at the
frequency of inter-
est. We have seen
that the dipole
source has.a partic-
ular significance in
the active control of
one-dimensional
sound fields, wheare
in combination with
a monopole source it
can act to produce
unidirectional radia-
tion.

when a continuous layer of menopoles and
dipoles is used to control three-dimensional
radiation. As a prerequisite to this discussion it
was useful to describe the nature of the point
dipole field. The point dipole results when the 16

product of the strength of the component
sources and their separation distance is held

constant as the Sep-

‘ wamtim distance is

POVNT/LINE PERPLEXITY

Many enthusiasts are confused, if not dismayed, over
sensitivity measurements of ESLs they have constructed.
Lets explore this topic, briefly, in the hope of gaining some
insights.

All ESLs are considered vertical acoustic line sources and
all sound energy radiates from a hypothetical vertical line.
The length of this line is considered large compared to the
wavelengths it produces. The major characteristic of a line
source is that it disperses energy only in the horizontal
direction. The volume over which the sound is dispersed
locks like a cylinder—it has a flat top and bottom. Most
conventional or "box" systems emanate energy from a
hypothetical point. The point is much smaller than the
wavelengths it reproduces. The point source disperses
energy equally in all directions. Now comes the key to
understanding the differences between these two
sources. Sound level varies as the inverse of the distance
to the line source whereas, it varies as the inverse of the
square of the distance to the Foint source. |n simple
terms, the sound intensity drops off significantly slower
M & line source than than with a point source. So when we
Measure the sensitivity using the standard test proce-
dure (SFL when one watt is applied to the speaker and
measured at a distance of one meter) the results never
seem 1o match when we move back to a normal listening
position. And this position, of course, is much greater
than one meter Our ears are not deceived by this test
and most will exclaim that the measured sensitivity at
one meter does not match the perceived level at normal
listening distances. They will say: "It doesn't sound like an
B4dv speaker back here! In practice, the line source
obtains a 3db advantage over the point source with each
doubling of distance from the source. Typically, a line
source epeaker with a measured sensitivity of 84db has
the same sensitivity as a 20db point source speaker at
10 10 13 feet depending on room conditions. So the moral
of the story is: measurements should be taken at normal
listening distances when comparing point sources to line
sources, Things sound a lot better nowl

W

allowed to vanish, A
maore extensive study
Of this approach has
been undertaken by
Thornton (1268) who
examined a number of
primary/secondary
SouUrce  geometries
and consistently
found that close to
optimal results could
often be achieved with
a relatively small
nhumber of elements.
Thornton found for
the case considered
here that nealigible
further reductions in
power output were
produced by increas-
ing the number of ele-
ments from five to
twenty.

When directly applying
these principles to
ESL  dipoles, it s
apparent that multi-
ple elements are nec-
essary 1o produce sig-
hificant out-of-phase
power that will destroy
most of the ESLs
backwave that is 120
degrees out-of-phase
with the frontwave

Our experiments show
that one primary and

four secondary paral-
Ry S | . cicrents are
This is also the case

optimum for rearwave

destruction that approaches 75% efficiency.

v




Peda Y.
Wi

‘. Y

COMPOUND DIAPHRAGMS

i ?‘h-

. MRS BE— T
I ENTE

"
T I e

n general, electrostatic transducers
have been limited with respect to
power output capability, particularly
in the lower range of frequency response,
because of narrow spacing between the active
elements, With the given spacing, only a given
voltage may be applied due to breakdown of the
air dielectric, and thus a limit to the force which
can be developed is established . Application of
this class of transducer has
therefore been limitea tTo
designs that can accept this
imitation. In particular this
limitation is more noticeable
at low audio frequencies, since
it is desirable to totally
enclose the back of the speak-
er with a reasonably sized
enclosure, and this in Turn
implies that high forces be
developed To  mMove the
diaphragm against the air
lpading. The foregoing will be
ore apparent in considering a
aystemn, by way of example, for
converting audio frequency
electrical energy into acousti-
cal energy. It is axiomatic in ESLs that to real-
ize equal power output over the audio frequency
range, a much greater mass of air must be
moved at the lower frequencies and it is This
reason that low frequency loudspeakers are
much larger and more heavily constructed than
high frequency loudspeakers. In any case, the
low power output limitation is The result of the
limited maximum excursions demanded of the
flexible diaphragm.
The diagram shows a plurality of flexible
diaphragms mounted in a system of stacked
frames with rigid plates interleaved between.
Both the diaphragms and plates are of conduc-
tive material and plates are provided by using
perforated metal.

With such an arrangement alternate ends of &
center tapped winging of a transformer arg
respectively connected to successive plates

Suitable bias is supplied to the diaphragms by
connecting successive diaphragms to a stati

high voltage source. By applying an aiternating
nput signal to the transformer, the diaphragms

— e
Fad ) P =
i Nl s L

to electrostatic forces I¥
direction with the direction being
for all diaphragms fos
successive alteration of the
signal. The result is that tng
force contribution of eacs
diaphragm is additive to that
of the others. The increase €8
force is provided by the lams

nar type of constructiof

without differences in diss

placement from diaphragm 1<

diaphragm. Except at very

high frequencies where provis

sion must be made for wave

propagation velocity, typica

increases of force are on the

order of &db with each dous

bling of diaphragm elemente.

B _:r_‘,:.r.'--:'
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Diaphragm

Farallel diaphragms go back at least B0 years,
although commercial implementation has veen
sparse due To the following reasons: 1. Costly
and complex construction. 2. Fhase problems in
the upper frequency range. 3. Froblematic
increases in the diaphragms resonant frequens
cy with associated increases in the "Gl
SHOCKWAVE uses multiple diaphragms, but in
simpler manner, as 5 independent ESls are
placed in parallel without the need for the mid-
dle perforated plate. This also allows for greater
epacing of the elements so thal rearwave
destruction may be achieved. T

it
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n extremely important design consid-

eration for the construction of

SHOCKWAVE is the amount of tension

on the diaphragm. In addition to such
factors as resonant frequency and output mag-
nitude, diaphragm tension also affects trans-
ducer sensitivity in at least two ways. Within
limite, less diaphragm tension provides greater
reception sensitivity. Also, incorrect diaphragm
tensioh may introduce stress patterns into the
diaphragm causing said diaphragm to wrinkle
whnich will affect. the ability of

transducer. Thus mounting is very important,
since this additional dampening reduces the
intensity of the sound radiation. Let us now
study the vibration of a stressed membrane
which will be applicable to the motion of the
SHOCKWAVE diaphragm. One of the classic
examples is a kettledrum, which we will consider
briefly as it is applicable to our loudspeaker
design. Striking one of the stretched mem-
branes causes alternating compression and
expansion of the enclosed air, which exerts force

on both membranes and

the diaphragm to uniformly
viprate. Such nonuniform
dlaphragm movement will
directly affect transducer
efficiency and therefore indi-
rectly affect transducer
sensitivity. Lel us examing
some aspects of the mount-
ing of the diaphragm. The
diaphragm must be ten-
sioned to give a positive
stiffness sufficient to coun-

modifies their modes of
vibration. When the velocity
of the transverse waves in
the membranes is low com-
pared with the velocity of
sound in air, then the effect
of the motion of one part of
the membrane transmits
very rapidly through the air
to affect the other parts,
and so the reaction of the
air is uniform over the mem-

teract the negative stiffness or force resulting
from the constant charge. The acoustical load-
ing on either side of the diaphragm is low at low
frequencies. With the thin, light plastic materi-
als presently available for use, the elastic
restoring force may not be sufficiently stable
with respect to time to prevent eventual col-
lapse. Of course, greater stability can be
obtained by sub-dividing the diaphragm into
smaller areas bounded by supports, but this
solution results in higher resonant frequencies.
The directivity pattern can also be altered by
mechanical and acoustical treatment. But any
dampening of the rearwave results in lower out-
put and sensitivity.

We know that the mechanical Q of the trans-
ducer plays an important part in controlling the
frequency response of the radiated power The
calculated value of the mechanical Q is general-
ly lowered owing to the mounting loss of the

P —
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vranes surface. When the membrane vibrates,
due to the adiabatic pressure-volume variations
then excess pressure is undesirable since this
pressure always opposes the displacement of
the diaphragm. The load offered to the
diaphragm s expressed as a resistive term
(additional reactive load is added when the
mass of the diaphragm is not negligible). The
resistive term varies with frequency, Ex{:ﬂpt
when the speed of sound in the medium is less
than that in the membrane in which case the
resistance is constant. In the next sections,
you will see how we use these principles to phys-
ically lower the diaphragmé resonant frequency
while still maintaining a greater tension on the
diaphragm. &
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e have covered all of the pertinent
principles that are used in the
SHOCKWAYE design without the need
for extensive mathematics. Some of you, | am
sure, may be familiar with these principles but it
is the interrelation of all mechanical, electrical,
and acoustical facets that makes SHOCKWAVE
the first practical and functional device that it

I.':l\.
'

Lets now summarize the general operating prin-
ciples employed in this design. We all realize that
much more bass could be attained by an elec-
trostatic loudspeaker (ESL) 2
if we could place the
diaphragm in a box or enclo-
sure of some sort. But as
noted earlier, problems arise
due to the weak forces inher-
ent to ESLs, specifically low
volume and a higher reso-
nant  frequency  (plus
increased “Q7). So here is
where we utilize ant-noise
principles  to keep the
diaphragms radiating in free
space while simultaneously destroying the rear
and out-of-phase wave form. We use a dual set
of five ESL elements, in a special physical con-
figuration and a variety of sizes, to eliminate
the rear wave. This not only substantially
increases the bass output, but maintains the
desirable acoustical characteristics of the ESL.
The added feature to this brings up the advan-
tages that come with multiple or compound
diaphragms. As we double each diaphragm, we
gain a ©db increase and, furthermore, the
diaphragms are doubled more than once for
gven more output. But what about the resonant
frequency problem associated with compound
diaphragms?¢ We have solved this with a unique
supporting system for the diaphragm that pro-
hibits the increase in resonance while still enjoy-
ing the electrical and acoustical benefits of a
tightly stretched membrane. You all realize that1 q
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the higher the tension on the diaphragm, mos
bias voltage can be used to gain even mox
potential bass output. Flus a low system resg
nance translates to a potentially lower usai
frequency response.

o we exploit many principles to the
fullest that results in an extrems
articulate but concussive subwoofer

1. High ESL surface area tor a small amounti
floor SPACE.

2. Anti-noise to eliminas
most of the rearwave ag
gaining extreme volume leve
and extended response.

2. Compound diaphragms %
increased efficiency.

4. Low resonant frequeg
that is the underlying nece
sity of any subwoofer

2. High bias potents
through the unique diaphragm supportive sy
tem which increases both sensitivity and bas
output.

©. Simple construction through the use of Tl
ESL elements and the respective support sy
tem.

7. Low cost since the perforated metal is not
critical factor and again an inexpensive su
portive system for the ESL elements, The |
cost is further enhanced through the maximc
use of “hardware storé materials plus very ine
pﬁﬁﬁ’ve electronics (see next section).
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5 noted earlien, we have planned this
A construction proceaure to be as com-

plete as possible, but we will unbiasly
(o pun intended) allow the licensee to use ANY
vasic ESL construction method desired since
every builder has their own favorite method. For
those of you that are familiar with electrostat-
ice but have no preferences in building a basic
ESL element. we refer you to Audie Amateur
Corp., 305 Union St., Feterborough, NH 03458,
Fhone:6032.924.6371 Fax:003.224.9467,
Audio Amateur Corp. offers several books and
many past articles on ESLs and their construc-
tion. Flus they are great people to do business
with!

First lets take a look at
S0me models, sample parts,
and a special set of details
printed on reflective plastic.
We will be referring to these
during the construction pro-
cedure so you should be very
familiar with them. Look in
the brown envelope attached
to the inside of this manu-
script. [t should contain:

I. One FIVE COLOR rmodel - This is made to a
scale of 2 inches = 1 foot. You will refer to this
model to calculate the size of each ESL element
plus how each element is mounted in relation to
Lhe ather elements. It is both a front and back
view of one-half of SHOCKWAVE. Consider it the
left half and the right side of SHOCKWAVE is a
mirror image of it. The front of it has the tallest
piece and is yellow in color. The rear of it has a
blue ESL element. NOTE: when | refer to element
| am referring to a completed and mounted ESL
speaker.

z. One METAL & FLASTIC model - This is made to
a scale of 1inch =1 foot. It shows how a com-
pleted ESL element should be mounted. We rec-
ommend this type of FVC channel that is used in
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used. So all 10 ESL elements are mounted in
this fashion and hot glue may be used to fasten
the ESL to these mounting frames. Look around

your local building supply for many similar plas-

tic forms and E'ﬁapﬁﬁ.

3. One DARK COLORED FOAM - This material is
used for the spacer dots (see reflective page)
ana is cut into one-half inch squares and hot
glued to the perforated metal and the
diaphragm in the arrangement shown in figures
1, & 2. Figure 3 shows a magnified detail of the
spacer dot. Use a VERY small amount of hot
glue! This foam material gives SHOCKWAVE its
| Y] UNiGUE TeNsioning and lowers
¥ the resonant frequency while
still maintaining a high bias
voltage to be applied to he
diaphragm. You can find this
inexpensive material at any
nardware or building supply.
It is typically used as a filter
material for air conditioners.
and is sometimes used in
dehumidifiers as the evapo-
rator medium. You may sub-
stitute any type of foam
that has the same density and flexibility quali-
ties as this sample.

4. One LIGHT COLORED FOAM - This sample is
commonly referred to as upholstery foam. After
you have completed all 10 ESLs and have them
in their mounting frames, you will then begin to
glue the frames to the base. A six inch Square
piece of this foam will be hot glued between each
completed ESL, at about the center_to hold
them all together So it functions as a SUpport-
ive enhancement and reduces the possibility of
undesirable vibration of the sandwiched ESL
S0 a total of & pieces will be used BETWEEN al|
10 of the ESLs. None are used at the front or
back of the completed unit. =———

the model, but common FVC pipe may also be 20 n])))




efer now to the reflective page. Figure
R 1 shows the spacer and spacer dot

layout of the YELLOW ESL & figure 2
shows the layout for the RED ESL (see FIVE
COLOR model). The ORANGE, GEEEN, and BLUE
elements are not shown, but it is obvious that
they will lock like figure 2 but will have an extra
set of spacers and spacer dols added to the
edage, or to put it another way, they will look like
figure 1 tripled. All spacers are one-half inch wide
and one-sixteenth inch thick. The DAEK COL-
ORED FOAM spacer dots are one-half inch
square and one-eighth inch thick.

Figure 4 shows the top view and sequence of
each ESL element (see FIVE COLOR model).
Remember that the model is the LEFT HALF of
Figure 4 and the RIGHT HALF Is a mirror image
of the LEFT HALE The left yel-
low element is butted
against its right yellow mate
and the remaining elements
are positioned according to
the FIVE COLOR model. So
figure 4 is a top view of The
FIVE COLOR model.

Optimum spacing between
each ESL element is 1. to 2.5
inches. So adjust your LIGHT
COLOEED FOAM thickness
accordingly.

STERED OR MONQ - SHOCKWAVE can be used in
either stereo or mono. If mono is desired, the
unit takes the shape of a V as described. If
stereo is desired, you split SHOCKWAVE into
two sections both physically and electrically.
The FIVE COLOR model will be the left channel
and its mirror image will be the right channel.
Keep each unit at a 90 degree angle to ite mate
and place them close to your upper range speak-
ers. Even separated they will still perform the
same as the V shaped unit. See the next page
for all particulars on wiring them and carefully
examine the schematic diagrams provided.

BASE & TEIM - The base must be made out of

any plastic. PYC or Flexiglas work very well ana 21

need not be very thick since it will be hot gluss
to a piece of one-half inch particle board. Eves
one-sixteenth inch is fine for the plastic pase
All ESL elements will be glued to the pl"ﬂ'::
base that is then glued to the particle board
You may then hot glue this assembly to a paths
stone concrete base, but this is optional. Appl
a loose mesh arill cloth Lo the entire structurs
in a SOCK shape. You can then add wood 67
metal trim as in the photo of SHOCKWAVE.
NOTE: Be sure to cover all high voltage partg
with a grill or grill cloth for safety - VERY HIGH
VOLTAGES ARE FRESENT!

NON-ELECTRONIC MATEEIAIS AND FARTS LIST 4
Refer to the FIVE COLOR model to obtain quan-
tities and sizes for the completed SHOCKWAVE

| e— Ferforated metal - Use the
\ hardware store variety that

is 2 X 3 and is termed LII».—
CAINE DECORATIVE METAL
It iz easy to find and inex-
pensive. The silver coloreg
works the best.

2. Erpar:ﬁr" material - Your
pr’E'FSF’EHEE,

. Eparsﬂr Dot material -

DARK. COLORED FOAM.
4, Mylar film - See our catalog or your favorite
plastics supplier: one-third to one-half mil Thick-
ness.

5. Graphite - Hardware store lock graphite.

&. Upholstery Foam - Sewing and craft supply
shops.

7. PYC pipe, channels, plaﬁtlc base and particle-
board - Building supply outlets.

&. Grill Cloth - Sewing supply stores.
=
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LECTRONICS & WIRING - There are very
E few electronic parts required for
- SHOCKWAVE and the crossover point
s set with a simple one-half watt resistor
(Radio Shack). The resistor value is affected by
the specs of the step-up transformer, but val-
ues between 500k ohms and 3. meg ohms will
generally be the correct range. The main compo-
nents required are two vacuum tube output
transformers and one or two 2K, to 5.k VDC
bias supplies. The output transformers can be
salvaged from old vacuum tube amplifiers and
the bias supply from salvaged Xerox machines.
As per the wiring diagram, SHOCKWAVE is wired
INSERIES with your upper range speakers
whether you are using it as a stereo or mono
subwoofer. As noted earlier, stereo subwoofing is
attained by PHYSICALLY separating each leg of
the V (see figure 4 and the FIVE COLOR model).
AlTESL elements are wired in FARALLEL and this
includes the diaphragms. Although two bias
supplies are shown, only one is really needed and
ite positive output would go to ALL diaphragms
and its negative output will go to the center tap
of BOTH step-up transformers.

CONSTRUCTION STEFS:

1. Use the FIVE COLOR model and the reflective

page to construct 10 ESL elements - use
favorite method.

2. Cut FYC pipe or channel to frame each ESL
element using hot glue (see metal & plastic
model).

5. BASE: Cut a sheet of plastic and particle
board to a size that conforms with the size and
spacing of ALL COMBINED legs of SHOCKWAYE
(see figure 4 and your finished ESLs to deter-
mine size). Sandwich together using hot glue.
4. Use hot glue or plastic cement to attach all
ten ESL elements to the base. Be sure to add
the upholstery foam between each element.

0. Wire all ESls according teo the diagram at
right.

©. Cover all elements with grill cloth and apply
the trim of your Ghﬂic;ﬁ if desired.

ey
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