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hen made commoniy availabie in the 1950s,

stereo revolutionized the quality of reproduced

sound. Originally conceived before the turn of

the century, stereo reproduction was not made
practical until the invention of a stereo disc recording and
playback system at Bell Labs during the early 1930s. Due to
the economic effects of the Depression and the turmail of
World War i, stereo was not introduced to the general
pubiic until the 1950s. In the interim, many fundamental
works on acoustics and sound reproduction were written,
but from a strictly monaural point of view. A framework of
monaural theary was created, within which sound-reproduc-
ing equipment, mainly transducers, was designed and its
performance judged. Stereo, in no small measure, owed its
success to its superticial compatibility with existing monau-
rat equipment and the fact that engineers could apply famii-
iar monaural concepts to the design of equipment for ste-
rec. The first stereo systems offered were, in fact, two
separate and complete mono systems linked by a common
volume control and fed by a “new” stereo disc player. The
concept of stereo as “dual mono" reproduction continues to
this day, especially as regards the design of loudspeakers.
In addition, criteria for measuring the performance of the
eguipment also remain unchanged from the days of monau-
ral reproduction.

Matthew Poik is Chairman of the Board and
Vice President/Engineering of Polk Audio, Baltimore, Md.

Designed-In Stereo

Horizontai Plane

[ Median Plane

Fig. 1—Localization by Interaural Intensity Differences.

Mono Versus Stereo

Stereo is an essentially psychoacoustic phencmenon.
That is, a listener is required for the sound localization
process to take place. Early experimentation with reproduc-
tion of sounds in stereo revealed that the human hearing
process perceived certain limitations in the sonic image
produced by multiple speaker systems. Using essentially
the same speakers as had been used in earlier mono
systems, the sound field was perceived to be limited by the
physical positions of the loudspeakers. Despite this limita-
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Fig. 3—Localization by Interaural
Time Delay (ITD), where t is the time
required for sound to reach the

nearest ear and At is the delay in
reaching the other ear, also known as
the Interaural Time Delay.

tion, stereo imaging was a great im-
provement over the monaural image,
and stereo became an unqualified
success. Once stereo was firmly es-
tabiished, attempts were made to pre-
sent a more complete sound fieid, the
most notable of these attempts being
the ill-fated four-channel systems of
the '70s. In the mid-'70s, several of us
at Polk began to wonder whether it
was necessary to use additional chan-
nels to create a more realistic sonic
image. We could show that, in theory,
there was enough information con-
tained in two normal stereo channels

to define at least a 180° sound stage,
and indications were that even more
might be possible. This gave us confi-
dence that a more compiete sound
stage might be reproduced from exist-
ing stereo recordings. Recognizing
that the equipment being used to re-
produce stereo was basically un-
changed from monaural equipment,
we saw that we would have to expand
our concept of what the equipment
was being asked to do. More than
asking the equipment simply to repro-
duce an input signal, we proposed to
make the equipment work with, rather

than against, psychoacoustic princi-
ples, to re-¢reate a sound stage in the
listener's mind.

Directional hearing is primarily a bin-
aural process. In simplest terms, the
brain compares the sounds heard by
the two ears and uses the difference to
determine the direction and distance
of the sound source. The differences
between the sounds at the two ears
are perceived in three ways: Intensity,
phase, and arrivai time. (See Figs. 1
through §.)

In each case, the listener uses two
signals, one at each ear, to localize the
sound source. However, a stereo sys-
tem has two speakers, and will provide
the listener with a total of four signals
(see Fig. 7). The sound from each
speaker that crosses the listener's
head to the opposite ear is known as
interaural crosstalk. Experimenters in
directional hearing were the first to be
troubled by interaural crosstatk since
its existence prevents the independent
control of phase and arrival time of
sounds at each ear. Interaural cross-
talk was also thought to be the primary
cause for the limitations on stereo im-
aging. The obvious solution was, of
course, to use headphones, thereby
eliminating the interaural crosstalk
sound paths. This was a very satisfac-
tory means to an end for psychoacous-
tic research, but it was not as success-
ful in the reproduction of music. Al-
though the elimination of interaural
crosstalk seemed to give significant
advantages to headphones, the
phones stiil failed to produce a con-
vincing sonic illusion. Clearly, there
were numerous questions still to be
answered about the stereo imaging
process before approaching the final
question of how the reproducing
equipment should interact with the lis-
tener to produce a believable sonic
illusion.

It seemed natural to focus on the last
link in the reproducing chain, the loud-
speaker, in an effort to develop the
necessary understanding and control
of the stereo imaging process. The fact
that two loudspeakers could produce a
phantom image between them was
well known; the basic mechanism is
shown in Fig. 7. The major difficulty
here is that the two speakers will pro-
vide the listener's ears with four sig-
nais, whereas only two can be properly
used. To avoid confusion, the hearing
mechanism selects only one of the two
sounds at each ear, according to a
principie known as the precedence ef-

34

AUDIO/JUNE 1984



fect. First described in 1949 by Heimut
Haas, the precedence effect simply
states that only the first arrival at each
ear will be used for directional location
(see Fig. 6). It is not difficult to apply
this concept intuitively to the stereo
listening situation shown in Fig. 7. If
both speakers produce the same
sound at the same time, the first sound
to arrive at each ear will be the direct
sound from the speaker on that same
side. The second sound at each ear
will be the interaural crosstalk signal
which has been delayed by traveiing
the extra distance across the listener's
head. Since the direct sounds arrive
first, they will be the only ones consid-
ered, and since they arrive ¢oinciden-
tally, and with near-equal loudness, the
listener wiil perceive a phantom sound
source as if it were centered between
the speakers.

Although this situation was easy to
analyze intuitively, we realized that
more complex cases would be easier
to approach with an appropriate math-
ematical notation. Two guantities char-
acterize each of the signais arriving at
the listener's ears, arrival time and in-
tensity. lgnoring any electrical delays.
the arrival time of the sound will be
proportional to the distance traveled in
reaching the ear. Relative intensity is
easily expressed as a ratio. So, the
signals reaching the ears can be ex-
pressed as a function of the time re-
qQuired to reach the ear, muitiplied by
the sound intensity relative to that at
the other ear.

Accordingly, the left and right loud-
speaker signals were considered as
functions of time. If the time required
for the sound from the left loudspeaker
to reach the left ear is t, that signal at
the left ear would be written as L(t). If
the interaural time delay for the same
signal to pass across the listener's
head to the right ear is At, then the
time required for the left signal to reach
the right ear wiil be t + At,. That cross-
talk signal wouid then be written as
L(t + At). Using this notation, the sig-
nais at each ear in Fig. 7 will be:

Right Ear

Re = R(t) + L{t + At) (1a)
Left Ear

Le = L(t) + At + AY) (1b)

From this point on, | will use At as
the notation for the interaural time de-
lay associated with the positions of the
loudspeakers.
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Fig. 5—The Interaural Difference
Spectrum (IDS).

Interaural Crosstaik Distortion

Two speakers will produce a con-
vincing center image—but what hap-
pens as the image moves to the side?
In Fig. 7, each ear receives two sig-
nais, the direct sound followed by the
interaural crosstalk signal (Eq. 1).
Turning the right speaker off would
represent the most extreme leftward
shift of sonic image on the basis of
interaural intensity difference. Oniy one
signal at each ear would remain:

Re = L(t + At)
Le = L()

(2a)
(2D)

In the absence of a right-speaker
signal, the crosstalk signal becomes
the first right-ear arrival and causes the
sound to be perceived as coming from
the left loudspeaker. The same would
happen on the other side if the left-
channel signal were turned off. The
presence of the interaural crosstalk
signals effectively cuts off the sound
stage at the loudspeaker positions.

Suppoese that one channel is de-
layed relative to the other. This also will
cause the sonic image to shift. If right
is delayed by At relative to left, we
have:
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leave the speakers at the same time,
the sound will seem to originate
directly between the speakers.

Re = R(t + At) + L{t + At)
Le = L(t) + At + At + At)

(3a)
(3b)

As the right-channe! delay in-
creases, the sonic image will shift pro-
gressively to the left. As long as the
delay of the right channel, At, is less
than the interaural delay, At, for the
left-speaker crosstalk signal, localiza-
tion will be controlled by the right-
channel signai. When the right-channel
delay exceeds the crosstalk delay, the
interaural crosstalk signal will become
the first arrival and will again limit the
image shift to the position of the loud-
speaker. It began to appear to us that
the existence of the interaural crosstalk
signals caused the stereo image to be
linked more to the positions of the
loudspeakers than to the musical con-
tent of the stereo signais.

Next, we tackled the problem of

headphones. Despite the fact that
headphones eliminate interaural cross-
talk, they still do not usually produce a
convincing stereo image. We looked
again at one channel delayed relative
to the other. The signais at the ears for
headphones were the same as those in
Eaq. (3), but without the crosstalk terms.
Accordingly, for right delayed relative
to left:

Re = Rt + AN
Le = L(t)

(4a)
(ab)

Assuming the left- and right-ear sig-
nals are of roughly equal intensity, lo-
calization of the sound will be entirely
controlled by the time delay, At. The
sonic image will shift to the left as the
magnitude of the defay increases.
When the deiay becomes equal to the
maximum naturaily occurring interaural

time delay, Atmax (see Fig. 3), the son-
ic image will be shifted all the way 0
the left. If the delay between channels
increases further, what will happen?
The image c¢an shift no further! The
directional hearing mechanisms are
closely related to the physical dimen-
sions of the head and ears. The maxi-
mum naturally occurring interaural time
delay (ITD) corresponds to the dis-
tance between the ears, roughly 6%
inches. If the apparent |TD presented
by the headphones is increased to cor-
respond to a distance of several feet,
the listener cannot respond in any pre-
dictable way. It would be like trying to
locate the direction of a sound while
holding long cardboard tubes against
each ear.

As we saw in Eq. (3), the interaural
crosstalk signals produced by loud-
speakers limit the side-to-side image
shift. But, in doing so. they aiso pre-
vent the problem of non-localizabie
sounds that occurs with headphones.
In Fig. 8, sound sources A through F
are shown being recorded by two mi-
crophones set the same distance apart
as a person’s ears. Loudspeakers tend
to locaiize everything as being in front.
This is because the positions of the
loudspeakers forward of the iistener,
obviously, must create the appropriate
frequency spectra at each ear for for-
ward localization. The bottom half of
Fig. 8 shows the apparent positions of
the sounds when played back over two
mono loudspeakers. Due to the limita-
tions we have just discussed, the soni¢
images of sounds C through E will “pile
up" in the same direction as the left
loudspeaker while the sounds A and B
will have distinct images between the
speakers. '

Although this piling up of sound im-
ages is observed on many recordings,
the prediction that the image could
spread no further than the loudspeaker
positions was initially disturbing.
Sometimes a single pair of loudspeak-
ers can produce a sonic image which
extends slightly outside the bounds of
the speaker positions. We realized that
in each case where we had observed
this, the speakers were placed very
close to the listener and had some
unusual directional characteristics
which, we speculated, were contribut-
ing to a partial elimination of interaural
crosstalk sound paths. This was not a
measurable phenomenon, but it
opened our minds-to the idea that in-
teraural crosstalk could be eliminated
by acoustic methods.
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The Full Potential of Stereo

Aithough binaural recording tech-
niques have produced startling resuits
with headphones, our goal was to re-
produce a more complete sound stage
from existing stereo recordings. Binau-
ral recordings being in regrettably
short supply, we realized that, whatev-
er system was devised, it would have
to cope with the broad range of avail-
able recordings. Consideration of
prevalent recording practices within
the context of the directional hearing
mechanisms had reveaied that the
sound imaging abiiities of both loud-
speakers and headphones were limit-
ed, but in different ways. The width of
sound stage presented by loudspeak-
ers is limited by interaurai crosstalk.
The stability of the sonic image of
headphones is limited by the lack of
realistic directional cues. This meant
that we wouid have to do more than
eliminate interaural crosstalk. in addi-
tion, we would have to find a way for
the directional cues contained in the
recordings, such as they are, to reach
the listener's ears in a manner accept-
able to the hearing process.

Rather than trying to imagine what
nature of speaker system might do all
of these things and still sound good, it
seemed more appropriate to try to
capture our needs in mathematical no-
tation. We wanted a system which,
when balanced all to one channel,
would provide the listener with a sonic
image directly to the side, at 90° but
which would remain stable regardless
of the interchannel delay. The signais
reguired for a left-side signal wouid be:

Re = R(t)
Le = R(t + Atmax)

(Sa)
(Sb)

Conversely, a right-side signal would
be:

Re = L{t + Atmax)
Le = L(t)

(6a)
(6b)

Adding these wiil give the more gener-
al case for both channeis operating:

Re = R{t) + L(t + Atmax)
Le = L) + A(t + Atmax)

(7a)
(70)

The second term at each ear looks
very much like a crosstaik signal with
an iTD equal to Atmax, but in reality it
is sort of a stabilizing dimensionai sig-
nal which limits the perceived ITD to
values within the naturally occurring
range.
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Fig. 8—Normal stereo imaging with
sounds recorded by two microphones
at locations A through F. When
reproduced by two mono
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loudspeakers, the existence of
interaural crosstalk wiil limit the
phantom images to the locations
shown in the lower half.

tion of the direct sound reaching the

At this point, we made a decision
that the sound sources, whatever they
might be, should be placed in a for-
ward position relative to the listener.
This would eliminate the need for any
complicated filtering to replicate the
necessary interaural intensity differ-
ences for forward localization of
sounds. However, if the sound sources
were loudspeakers we would again be
limited by the existence of interaural
crosstalk signais. If we include the
crosstalk signais in the expressions for
the idealized signals above, we then
have:

Re = RA() + L{t + AL + Lt + Atmax) (Ba)
Le = L{t) + R{t + At) + R(t + Atmax) (8b)

The second term at each ear is the
crosstalk signal, which arrives earlier
than the desired dimensional signals
represented by the third terms. In or-
der to take advantage of the later-arriv-
ing dimensional signals, the crosstalk
signals would have to be eliminated or
substantially reduced in loudness. Re-
calling that we had observed partiai

elimination of crosstalk signals due to
unusual directional characteristics,
and recalling the well-known phenom-
enon of low-freguency cancellation be-
tween two out-of-phase speakers, we
guessed that it might be possible to
acoustically cance! the interaural
crosstalk signals. !f this were done, the
signals at the ears would be:

Re = R(t) + Lit + At)

- L{t + At) + L(t + Atmax) (9a)
Le = L(t) + R(t + At)
- R(t + At') + R(t + Atmax) (9b)

The new third term in each expres-
sion should be thought of as a phase-
inverted equivaient of the crosstalk sig-
nal, timed to arrive at the correct ear at
the same time as the original crosstalk
signal. This was a very attractive idea,
but we were not at all sure how it would
be accomplished.

Timing the Delay
In order to cancel the crosstalk, a
phase-inverted version of the sound

could be acoustically delayed to arrive
at the proper ear at the precise time to
cancel the crosstalk signal. Creating
the acoustic detay is no great trouble—
you simply place the sound source far-
ther away. It immediately seemed that
if we had two pairs of acoustic
sources, it wouid be possible to do
this; the idea was to use one pair to
cancel the crosstalk produced by the
other. The cancellation source would
have to be the same distance from the
ear where the cancellation was to oc-
cur as the main source whose Cross-
talk signal was to be cancelled. In ad-
dition, the cancellation source should
be placed so as to minimize cancella-

other ear. Figure 10 shows an arrange-
ment of drivers which ailows the proper
cancellation to take place. The signals
arriving at the two ears for this arrange-
ment would be:

Re = A@) + Lt + At)
- Lt + At) - At + At + at) (10a)

Le = L(t) + R(t + At)

- R(t + At) - L{t + At + At) (10D)
Here t + At’ is the time required for the
sound from the canceilation drivers to
reach the nearest ear. So long as At' is
equal to At, the main driver crosstalk
signals (second term) will be cancetied
by the direct sound from the canceila-
tion drivers (third term). The fourth
terms are the crosstaik signais gener-
ated by the cancellation speakers
themselves. For each ear they are the
same signal as the direct sound from
the main driver (first term), but arrive
considerably later. Due to the prece-
dence effect, they will not interfere with
the localization process.

The placement of drivers shown in
Fig. 10 also answered the requirement
that the listening position be flexible.
The center-to-center distance between
the main and canceilation drivers on
each side is the same as the distance
between a person's ears, roughly 6%
inches. As long as the listener remains
on the axis between the two speakers
and the cabinets face straight forward,
sound from the cancellation drivers will
arrive at the proper time to cancel the
crosstaik signals regardless of how
close or far away the listener sits. The
remaining probiem with this arrange-
ment, however, was the lack of the
stabilizing dimensionai signals neces-
sary to prevent the type of non-localiz-
able sounds that can occur with head-
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phones. Consider the effect of having
no right-channel signal on this system:

Re = L{t + At) - L(t + At) = nothing (11a)
Le = L(t) — L{t + At + At) (11b)

In nature, a sound is not normally
heard in one ear only, and, presented
with such a situation, a listener would
not be able to assign an accurate di-
rection to the sound. The solution to
this problem was to use a stereo differ-
ence signal as both the dimensional
and the cancellation signal. The differ-
ence signal has long been known to
contain mostly ambient information,
but in this case, we recognized that its
components represented the two sig-
nais that we needed. The R — L signal
was fed to the right dimensional/can-
cellation driver, and the inverse signal,
L — R, was fed to the left dimensionai/
cancellation driver. In each case the
positive portion of the difference signai
is the stabilizing dimensional signai,
while the negative portion is the can-
ceilation signai. The entire system is
shewn in Fig. 11. The resulting signals
at each ear wouid be:

Re = R(t) + R(t + At') + L(t + At)
- L{t + At) ~R(t + At + At)

+ Lt + A + At) (12a)
Le = L(t) + L(t + At) + R(t + At)

- Rt + At) - L(t + At + At)

+ R(t + At + At) (12b)

Writing these out in plain language,
without reference to the particular
speakers, we have:

(Signals arriving at the ear) = (main
driver direct signal) + (dimensional
driver direct signal) + (main driver
crosstalk signal) — (dimensional driver
direct signal) — (dimensional driver
crosstalk signal) + (dimensionatl driver
crosstalk signal).

In ail, each ear receives six signals.
For clarity the equation has been ia-
belled to indicate the driver from which
the signals originate. Crosstaik signals
break the median plane in reaching the
ear in question, whereas the direct sig-
nals do not. The various time delays
are defined as follows:

t = time required for sound from
main driver to reach nearest ear.

t + At" = time required for sound
from dimensional driver to reach near-
est ear.

At = |TD for main driver crosstalk
sound to reach opposite ear.

At” = |ITD for dimensional driver

*
l
1
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\//
W~
|

Microphones

—— -

Phantom

Sound Sources. 4 L -

Only Direct Sound
Reaches Ears

Fig. 9—Stereo dimensicnal imaging. If
the interaural crosstalk signals are
cancelled, the stereo stage will be
unrestricted, allowing proper imaging

Loudspeaker

Unwanted Interaural Crosstatk
Cancatlea Allowing Unrestricted
Three Dimensionai image

of sound sources A through E. Sound
source F wiil still be ambiguously
located due to the lack of front-to-
back directional cues.

crosstalk sound to reach opposite ear.

Atmax = the maximum naturaily oc-
curring ITD.

At this point it appears helpful to
explain each term. Term 1: The direct
sound from the main driver will be the
first arrival at the ear and will be the
primary sound used by the localization
process when the sonic image shifts
for sounds on that side. Term 2: The
positive component of the direct sound
from the dimensional driver. Since it is
the same signal as the first term, but
arrives later, it will always be ignored
by the localization process. Term 3:
The main driver crosstalk signal; if it
were not cancelled, it would limit the
width of the sonic image. Term 4: The
inverted component of the direct
sound from the dimensional driver, oth-
erwise known as the cancellation sig-
nal. It arrives coincidently with the main
driver crosstalk signal and cancels it.
Term 5. The inverted portion of the
dimensional driver crosstalk signal is
also a late arrival and will be ignored in
the localization process. Term 6: The
positive portion of the dimensional

driver crosstalk signal, or dimensional
signal; it insures a stable sonic image
by placing an upper limit on the possi-
ble values of perceived ITD generated
by the system.

Now, if we turn off the right channel
sound as we did in Eq. (11), keeping in
mind that for this arrangement At’
equails At, the signals at the two ears
are:

Re = L{t + At) - L(t + At') + L(t + At + At)
= Lt + at’" + Ay (13a)

Le = L{t) + L{t + At') — L{t’ + At" + A1) (13b)

With signals at both ears, the listener
will have no trouble localizing the di-
rection of the phantom sound source.
The perceived ITD will be the sum of
At’ and At, which will produce a phan-
tom image well outside the speaker
positions as shown in Fig. 11.

The Stereo
Dimensional Loudspeaker

The stereo dimensional speaker sys-
tem described here in theoretical
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Fig. 10—Geometry for providing
flexibility of listener location.
Cancellation drivers are placed at the
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inverted right signal and vice versa.
Proper cancellation of interaural
crosstaik will occur for any location on
the central axis between the
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Fig. 11—Block diagram of complete
stereo dimensional speaker system.
Use of stereo difference signals at the
cancellation drivers provides
necessary image stabilization cues
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and limits the induced ITD of the
system to naturally occurring values.
Optimum sound-stage width occurs
when the listener forms an equiiateral
triangle with the speakers.

terms seems to offer all that we had
hoped for. Using the theory we had
developed as a guide, we set about
constructing prototypes of what we
hoped would be the first loudspeaker
system capable of reaiizing the stereo
imaging and dimensional capacity of
available program materiai. The proto-
types were constructed with four iden-
tical sets of drivers for the main and

dimensional arrays. The Polk 6Y2-inch
mid-woofer was used since its size al-
lowed, precisely, for the interaural
spacing of 6% inches required be-
tween the main and dimensional arrays
on each side. In addition, the wide
frequency response of the driver would
cover most of the frequency range cru-
cial for directional location. We con-
structed a single cabinet to house both

of the driver arrays on each side,
which fixed the geometncal relation-
ship between them. The left and right
speaker cabinets were interconnected
with a cabie to provide the compo-
nents of the stereo difference signal to
the dimensional drivers, and a com-
plex crossover matrix was designed to
provide the correct frequency re-
sponse for each array as well as the
critically important phase reiationships
between them. As soon as the proto-
types had been debugged, we hooked
them up to some music. It was immedi-
ately apparent to us that the idea was a
success.

As each set of prototypes was com-
pleted, tested and evaluated, more un-
suspected pieces of information were
uncovered. The finished system shown
in Fig. 12 contains many important fea-
tures discovered during the refinement
process. For exampie, phase match-
ing between the main ang dimensional
arrays was found to be necessary at
surprisingly low frequencies, well be-
low 100 Hz. As a resuit, the main and
dimensional drivers of the finished sys-
tem share the same acoustic volume,
ensuring that they will see identical
acoustic loading. However, the most
significant realization coming out of the
refinement process was of the com-
plete inadequacy of our existing mea-
surement technigues to assess the
performance of this system. Aithough
we have since made considerable pro-
gress in developing a more relevant
measurement system, the human ear
remains our most discriminating de-
sign tool.

Audible Benefits

The finished system, in many re-
spects, has exceeded our expecta-
tions. The flexibility of listening position
is greater than was expected, allowing
not only front-to-back movement, but
substantial side-to-side tolerance as
well. Analysis of signais at the ears for
listening locations off the central axis
somewhat justifies this, but predicts a
more dramatic image shift than the
“changing seats in a concert hall" ef-
fect actually observed. More easily ex-
plained is the observation that phan-
tom sources localized to the sides
seem to remain stationary as the listen-
er moves away from the system, rather
than moving with the listener. As we
recall from Fig. 11 and Eq. (13), the
perceived ITD will be the sum of At’
and At. Due to the geometry of the
system, this quantity will decrease as
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the listener moves away, causing the
sound stage to narrow and preserving
the perspective of greater distance.
Less explainabie, however, is the ex-
perience of having some sounds seem
to actually originate from the rear of the
listening area. Since this occurs pri-
marily on pop recordings, we can only
specuiate that the recording studio has
inadvertently created an interaurai dif-
ference spectrum appropriate for rear-
ward localization. Nevertheless, the ef-
fect is startling.

The newly designed Polk SDA sys-
tems are, we think, the world's first true
stereo loudspeakers, strongly realizing
the capabilities of the stereo medium.
The unique ability of the system to
piace sonic images over an unrestrict-
ed stereo stage allows the listener t0
hear the recorded instruments or vo-
calists firmly located in the original
acoustic environment. |n addition, due
to the system's preservation of direc-
tional information, each sound be-
comes better separated and more dis-
tinct. Crucial to the accomplishment of
these sonic goals has been the elimi-
nation of interaural crosstalk by effec-
tively cancelling the sounds indicating
the loudspeaker positions and replac-
ing them with the correct directional
signals for the recorded sounds. 4

Dimensional H.F. Units

Dimensional |
Mid-Woofer |

W

\

)

Left Speaker

Fig. 12—Physical configuration of the
finished system. The four tweeters
and four upper 6/2-inch mid-woofers
form the main and dimensional driver
arrays. The inside array in each

w_ Z ' H
( N\ jOimensional
/ ) @M id-Woofer
S &5
L N

Right Speaker

cabinet is the main array, while the
other is the dimensional array. The
two lower 6%%-inch drivers, together
with the passive radiator in each
cabinet, operate below 75 Hz.
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