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CORRECTION

I have been getting calls from readers
with two complaints associated with the
""Compact/Integrated ESL/TL article (SB
3/90). First, an essential drawing, the
overall schematic diagram, was omitted
(Fig. 1).

Second, somehow an incorrect capaci-
tor value appeared in Fig. 6 on page 45.
The capacitor in the feedback loop of the
equalizer should be 7200pF rather than
8500pF.

Roger Sanders
Halfway, OR 97834

HARTLEY HASSLE

Thank you for publishing my extended
comments on the Hartley 224 HS driver
(SB 2/90). I really don’t want to get into
an argument with Mr. Schmetterer, and
were it not for the tone of his reply, I
would have been happy to let the matter
lie. As it is, I ask your indulgence for a

SB Mailbox

few more comments, after which I hope
the matter will be closed.

First, the measurement techniques I
employed are widely used and I believe
that I have given sufficient information
about the conditions of measurement so
that others can repeat them to verify their
accuracy, or lack thereof. The Heath
analyzer I used is specified as +2dB over
the range, but the calibration curve sup-
plied with the microphone is actually flat
in the bass. Since Mr. Schmetterer stated
that the anomalies he cited disappear
under voltage, it should be noted that all
the measurements in my article and com-
ments were made under voltage drive ex-
cept for the impedance curve which was
measured in the standard way, using an
approximate constant current source {1kQ
resistor). Also, since he objected to my
near-field measurement technique, I have
remeasured the near-field frequency re-
sponse with the microphone outside the
heatsink, about 3 inches off-center, with
results identical to my published curve
(SB 6/88).

Second, although my measuring equip-
ment is modest I make no great claims of
absolute accuracy, if all the measurements

were flawed, as Mr. Schmetterer con-
tends, I would expect the results to be con-
tradictory and inconsistent. In fact my
measured impedance curve predicted my
measured frequency response curve and,
together with my compliance measure-
ment, predicted The Audio Critic's meas-
ured frequency response with excellent
accuracy. Furthermore, if you take my
compliance value and Hartley's specified
cone mass (214gm), you can calculate a
speaker resonance frequency of 32Hz,
which is within spitting distance of my
measured 28.4Hz. In addition, the person
who sold me the used Hartley driver had
fs and Qg measured ({by what methods
I do not know) with results essentially
identical to mine.

Thus, three persons measuring two
drivers have obtained remarkably consis-
tent results using different equipment and
methodology. In fact, I consider this con-
sistency one of the strongest arguments
for the data being correct. If Mr. Schmet-
terer contends that the data is incorrect,
then he must also explain how it is that
each piece of data is erroneous bP' just the
right amount and direction so'as to be
consistent with every other incorrect
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FIGURE 1: Schematic for “*‘Compact/Integrated ESL/TL.”
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Introducing the M T/
MultiCap-

High Performance Capacitor

Few people know capacitors as well as Richard Marsh. He has now
patented a new design uniquely suited to the demands of high
definition audio and produced it with the help of Music Interface
Technologies.

The MIT MultiCap eliminates the need for additional bypass
capacitors, and, as the following graphs show, has considerably less
oscillation than conventional designs.

|
. AL A \
Unc fled \ \/ b C lied \
impulse - impulse
response of - TG B = e response of |- ——t—--4-—1-1-1-1-
typical film the MIT
capacitor. MultiCap.

The result is more focused sound throughout the critical midrange
and fewer compression effects at frequency extremes.

Music Interface Technologies (MIT

For more information, including a detailed white paper, please contact:
TRANSPARENT AUDIO MARKETING
Rt. 202, Box 117, Hollis, Maine 04042 (207) 596-7151
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piece of data. It seems to me that this con-
sistency is far more likely to be due to
concurrence with T/S theory than by
multiple bad measurements which mirac-
ulously agree with each other.

Third, Mr. Schmetterer's notion of a
""'normal second-order peak’’ in my im-
pedance curve appears to be unique to
him, as [ have never seen this ''normal”’
phenomenon mentioned in loudspeaker
literature.

Fourth, Mr. Schmetterer continues to
misstate the facts about the Audio Critic
review. His assertion that The Audio
Critic's 4’ x 2’ x 3’ box is ""much
smaller’’ than the 48" x 36” x 24" box
Hartley specifies for the same driver is
obviously absurd.

Fifth, Mr. Schmetterer still refuses to
suggest a suitable size fuse. The 224 HS
driver is specified as 125W RMS power
handling capacity, so with a 5Q imped-
ance, that gives 5A for the current—but
should that be the trip current {5A fuse),
or the hold current {6A fuse)? Or should
you use the RMS peak power spec of
400W, which gives almost 9A of current?
I don't know, and Mr. Schmetterer isn't
telling. If this is an example of sharing ex-
pertise, perhaps you can see why I was
dissatisfied.

Sixth, I did contact Hartley to request
more technical data and to benefit from
their "expertise and ... 60 years’ worth
of accumulated knowledge,” but little
useful data was forthcoming. Specifically,
here is a complete list of the technical
specs Hartley sent me: nominal imped-
ance; minimum, maximum and max-
imum peak power; voice coil length and
diameter; voice coil wire size, length,
number of turns and DC resistance;
magnet weight, flux density and BL prod-
uct; cone diameter, mass and excursion
limits, and frequency limits with no dB
limits or conditions of measurement.

Note that this information is not suffi-
cient to calculate the resonance frequency
ordriver Q. I suggest that amateur build-
ers compare the amount of useful data in
this list compared with a Madisound ad
for a driver one-tenth the price, and draw
your own conclusions. It was in fact the
lack of useful data contained herein that
led me to make my measurements.

I had hoped that my comments would
have prodded Mr. Schmetterer to provide
more accurate data in the form of re-
sponse and impedance curves than I
could provide with my limited resources,
and that he would take the opportunity
to discuss why he totally rejects T/S
theory in view of the consistent meas-
urements that [ and others have made of
various T/S parameters for the Hartley
driver. Obviously, that hope was not
fulfilled.

Seventh, Mr. Schmetterer states that I
obviously don't understand the technol-
ogy of Hartley's magnetic suspension. As

Continued on page 77
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Higir-sechnology loudspealkers
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frequency drivers available . ..
period!
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maximized magnetic coupling and
air flow cooling.
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sound pressure levels.

Representing these lines

= Cabassa

Exclusive use of concave rigid
dome Kevlar Honeycome woofers
In 6" to 22" Diameters.

oy

(]
stage accompany

SA 8520 and SA 8525 Compact
Drivers. Finally a Driver that
combines high efficiency, sonic
accuracy and high power handling
with pristine high-end sound.

Tekton sub-bass drivers are our
own proprietary line featuring
machined steel motor assembles,
cast aluminum baskets and
emence magnet structure. True
extension below audibility.

A Division of Watters Sound Wave Co.

4320 Spring Valley Road Dallas, Texas 75244 214-991:6994 Fax 214-991-5016

Fast Roply NHE4O1




ALUMINUM RACK ano CHASSIS
BOXES FOR CONSTRUCTORS

ABOVE BOXES MADE OF .063 ALUMINUM: TOPS, BOTTOMS AND SIDES BLACK
ANODIZED, FRONT AND REARS .063 ALUMINUM CLEAR ANODIZED.

RACK BOXES CHASSIS BOXES

MODEL 1-9 SIZE

1RUS 28.00 MODEL (inches) 1-9
1RU7 30.00 MC-1A 4x3x2 15.00
1RU10 32.00 MC-2A 6x3x2 17.00
2RUS 30.00 MC-3A 8x3x2 19.00
2RU7 32.00 MC-4A 4x5x3 17.00
2RU10 34.00 MC-5A 6x5x3 19.00
3RUS 38.00 MC-6A 8x5x3 21.00
3RU7 40.00 MC-7A 4x7x4 19.00
3RU10 42.00 MC-8A 6x7x4 21.00
WITH RACK EARS MC-9A 8x7x4 23.00

WITH FEET

10-99 — 10%
COMPLETE CATALOG AVAILABLE

— —d

o III

—

2100 WARD DR.

SESCOM,

HENDERSON, NV 89015 USA
702-565-3400 — 800-634-3457 — FAX: 702-565-4828

100-UP — 20%
SHIPPED UNASSEMBLED

INC. UPS SURFACE FREE
UPS BLUE  $10.00
UPSRED  $20.00

VISA/MC ACCEPTED

Speaker
/) uilder

Edward T. Dell, Jr. Editor/Publisher
Karen Hebert General Manager

Contributing Editors
Joseph D’'Appolito Robert Bullock
John Cockroft David Davenport
Vance Dickason Bruce C. Edgar
Gary Galo G. R. Koonce

Paul Quinn Managing Editor
Christine Holt Graphics Director
Kendall Hawes Graphics Assistant
James Butler Graphics Assistant
Katharine Gadwah Circulation Director
Doris Hamberg Circulation Assistant
Techart Associates Drawings

Advertising Rates & Schedules
Rally Dennis
PO Box 494
Peterborough, NH 03458
Advertising Phone: (603} 924-6710

Editorial and Circulation Offices
Post Office Box 494
Peterborough, New Hampshire 03458
(603) 924-9464
FAX: (603) 924-9467

6 Speaker Builder / 4/90

Fast Reply ¥HE499

Speaker Builder is published bi-monthly by Ed-
ward T. Dell, Jr., PO Box 494, Peterborough, NH
03458. Copyright © 1990 by Edward T. Dell, Jr.
All rights reserved. No part of this publication may
be reprinted or otherwise reproduced without the
written permission of the publisher.

All subscriptions are for the whole year. Each
subscription begins with the first issue of the year
and ends with the last issue of the year. A sample
issue costs $4 in the US, $5 in Canada.
Subscription rates in the United States and
possessions: one year (six issues) $20, two years
{twelve issues) $35. All sets of back issues are
available beginning with 1980. Canada add $4 per
year for postage. Overseas rates available on re-
quest. Subscribers residing outside the US and
Canada are served by air.

To subscribe, renew or change address in all
areas write to Circulation Department or call (603)
924-9464 for MC/Visa charge card orders. For gift
subscriptions please include gift recipient’s name
and your own, with remittance. A gift card will
be sent.

A Note To Contributors
We welcome contributions for possible publication
in the form of manuscripts, photographs or draw-
ings, and will be glad to consider them for publica-
tion. Please enclose a stamped, addressed return
envelope with each submission. While we cannot
accept responsibility for loss or damage, all mate-
rial will be handled with care while in our pos-
session. Receipt of material is acknowledged by
postcard. Payment is on publication.

Speuker Builder (US ISSN 0199-7920) is published bi-
monthly at $20 per year; $35 for two years, by Edward
T. Dell, Jr. at 305 Union St., Peterborough, NH 03458 USA.
Second class postage paid at Peterborough, NH and addi-
tional mailing office

POSTMASTER: Send address changes to SPEAKER
BUILDER, PO Box 494, Peterborough, NH 03458.

About This Issue

These days, Hollywood's leading
soundtrack man is Lucasfilm’'s Tom
Holman. We were fortunate enough
to obtain an interview with Tom
who took time out from his busy
schedule to talk shop with author
Reid Woodbury, Jr. Part I of this
fascinating interview begins on
page 10.

The first step is always the
hardest in most speaker construc-
tion projects. Dave Davenport's
solution {page 26) was to buy a
ready-made Bud Box for a fast
start. The resulting speakers are
now fixtures in a friend'’s car, but
yours can go in the living room, if
you like.

From a theory viewpoint, the
Klipschorn's throat opening should
not function well. But those who
own and love it, believe it does. In
"’Solving the Klipschorn Throat Rid-
dle"” (page 28}, Bruce Edgar dis-
covers some new answers.

Years of experimentation led Fer-
nando Ricart to develop an extra-
ordinary three-way active modular
loudspeaker utilizing the Linkwitz
equalized fourth-order filter circuits.
His well-illustrated article starts on
page 36.

Philip Erhorn has built an
affordable speaker system able to
handle CDs. So if you'd like to
listen to premier-quality Bach or
rock at “lease-breaking’’ levels,
make sure to read Phil's article,
starting on page 44.

And finally, with Stuart Bon-
ney's Speaker Designer program
{page 47) you'll be well on your
way to designing an original system
with your IBM PC.
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Editorial

SYSTEM PRIORITIES

by Mike Chin

Since SB appeared a decade ago, it has matured into what
must be one of the most sophisticated DIY journals in
any field, with tremendous value as a source material of
speaker technology and as a forum for practitioners in
the field. Many of the projects published are fabulous,
both in conception as well as execution, and there can
be little doubt that some of these represent something
very close to the best information available at any price,
anywhere.

Nevertheless, there is a recurrent serious shortcoming
in the perspective and approach of some article writers
and, judging from letters, from readers as well. This can
be summed up as an overemphasis of the importance of
loudspeakers in the performance of the reproduction
system and, to exaggerate a little, a belief in improving
the speaker as a universal cure for all audio ills.

Given the nature of SB, this attitude is hardly surpris-
ing. Asalong-time speaker-building enthusiast, I can cer-
tainly attest to the enormous differences that improve-
ments in speakers and their setup can make. I'm not about
to deny that.

However, the speaker is only one link in the compo-
nent chain, and its performance is profoundly influenced
by the signal fed to it. The "‘upstream’’ components in a
system determine to a large degree the quality of that
signal, and herein lies my point: many SB activists seem
to utilize signal source components (turntables, CD
players, etc) and other components of a quality that is like-
ly to be poorer than that of the speaker systems they are
attempting to design and build. Thisis a task akin to mak-
ing distortion measurements with test equipment which
has higher residual distortion levels than the items being
tested. In such cases, it would be more productive to ex-
amine and improve weak points in the upstream com-
ponents rather than tackling another speaker project.

Better source components (and amplifiers and cables
and stands) provide a more accurate signal with which
to evaluate and design loudspeakers. Conversely, there
is virtually no way that errors introduced by source com-
ponents can be adequately corrected by “downstream'’
components. I know from personal experience that as the
quality and resolution of the whole audio system prior
to the speakers improve, so does our ability to produce
a better speaker using this system as an evaluation tool.
Our listening ability improves and becomes refined in
direct correlation with the resolution of the system.

We should all recognize that the speaker systems are
part of the larger system we use to listen to them. And
we should ensure that when we communicate with others,
we describe the other components in that system, along
with any problems known about each component. A
speaker carefully tailored to sound wonderful always has
acontext: that of the system(s} in which it was designed —
including the room(s)—and the hearing process of those
who listened and designed. It cannot possibly sound quite
the same with other systems.

For example, the typical 'speaker'’ problem of a “'harsh
top end"’ is often caused by inadequate CD players, am-
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plifiers and turntable systems. If a speaker system is de-
signed to have a smooth top end with such components,
then its resolution and high frequency response will
naturally suffer when connected to better equipment. For
example, the search for that perfect tweeter might stop
with a new tonearm that has fewer resonances which ex-
cite those in tweeters.

In my experience, the most important component is the
recording itself, and then the source components’ ability
to extract and project an acceptable facsimile of the original
performance into downstream components. We've all had
the experience, I'm sure, of deriving great pleasure from
a little transistor radio playing a wonderful tune, or of
marvelling at how a great recording can transform the
sound of mediocre systems, or of being disturbed at the
impressive sound of an elaborate audio system that ex-
celled in all sorts of standard "'hi-fi"’ ways, and yet failed
to make the listening a pleasure. I suspect the latter ex-
perience is much more common than you might think,
and I believe it arises mainly {assuming we can't do much
about the quality of the original performances or the way
they were captured) from the inadequacy of signal source
components and their setup, and from component-
matching.

Some of the British audio publications have been quite
progressive with their system-matching methodologies,
trusting experienced human hearing and perception
much more than instrumentation (something I agree with
wholeheartedly—if it is heard but cannot be measured,
it does almost invariably exist!), and taking the real-world
attitude that simply substituting a better component
without regard to the other components in an audio
system can have either positive or negative results. One
common observation of many of their reviewers is that
using a highly accurate and refined loudspeaker with
poorer upstream components almost always provides a
performance less convincing, pleasant or musical than
using more limited speakers with better upstream com-
ponents. I have heard this particular observation easily
verified many times to many listeners, seasoned and
neophyte.

I'd like to suggest a forum much like '“Tools, Tips &
Techniques'' but focusing more on getting better perfor-
mance from components other than loudspeakers (with-
out becoming another Audio Amateur) and from the audio
system as a whole, or perhaps an ongoing series of arti-
cles about this subject. I would also encourage writers
to describe in greater detail the other components used
with their speaker systems, and about how the whole
system is set up.

It is impossible to have an absolute and universal
system reference with which relative loudspeaker per-
formance can be gauged. We should at least make some
effort to disclose all the factors that determine the final
performance of our speakers for readers who obviously
cannot listen for themselves. Ultimately, such efforts
should improve our ability to judge clearly the fruits of
our own labor.
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Part 1

TOM HOLMAN, SKYWALKER

hen we go to the movies, we go

for the big theatrical experience
of sight and sound. I mean, what are we
paying $7 (or more) per ticket for? We
want sound at least as good as what we
get at home from our own finely tuned
systems. After all, Speaker Builder readers
know what good sound should be, or at
Jeast have a very strong opinion about
it. And nowhere will you find better big-
screen sound than in a theater equipped
with the THX Sound System.

So when I got an invitation to inter-
view Tom Holman, I figured now's my
chance to find out what's behind the
THX Sound System I met Tom (Photo 1)
at his office on the campus of USC/LA.
Friendly and soft-spoken, he has a teen-
ager's enthusiasm for technical details
and the self-confidence of someone who
truly knows what he’s talking about. We
spent a few minutes discussing how he
got started in audio.

PERSONAL. In high school, Tom got
involved with school plays. He worked
mainly with lighting until his junior year
at the University of Illinois when he
shifted to sound, first in theater and
television, and then in technical film.

ABOUT THE AUTHOR

Reid Woodbury Jr. is a free-lance audio
engineer in the Los Angeles area, working
with production and post-production sound
for television, film, and audio/visual produc-
tions. He has also done sound designs for
various live theaters in the US. He graduated
from the University of Missouri at Kansas
City Conservatory of Music and also studied
electrical engineering for two years. While
at UMKC he worked as a sound technician
for the Missouri Repertory Theater and was
on staff with the Conservatory Recording
Department. Currently he's running his own
classical recording service and is a substitute
teacher for the Glendale (CA) school district.
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AND THX

BY REID WOODBURY, JR.

During this time he also did summer
production jobs for the college. Gradu-
ating in 1968 with a B.S. in communica-
tions, he went to work full time for the
university; mixing, editing, and doing
whatever else was needed. During the
ensuing five years Tom says he really
learned about sound because he had ac-
cess to the facilities of a great college
library.

“'I think it's better than MIT's or Stan-
ford's,” says Tom. I've looked at audio
at all three of them. And, because they
(UI} would buy everything I wanted, I
was able at that time to read pretty much

PHOTO 1: Tom Holman, corporate technical
director for Lucasfilm, Ltd., and assistant pro-
fessor at USC's School of Cinema-Television.

T mmmwm

everything that had been published
about audio. Today, that's impossible
because there's ten times as much stuff
out there. But back then you had to read
two shelves full of Audio Engineering
Society material, and over a five-year
period I pretty much did that.”

Tom spent most of his time working
in cinema, eventually concluding that
the likelihood of improving film sound
quality seemed to be pretty slim. So in
1973, at the age of 26, he went to work
for Advent where he felt he could do
higher quality work. While there, he
worked as an engineer with Andy Petite,
the firm's chief speaker designer, as well
as with Henry Kloss, the company's
founding engineer.

In 1977, Tom left to start his own com-
pany, Apt, because, ''Advent wasn't in
great shape. Although it was a very suc-
cessful loudspeaker company, their tele-
vision line ate up all of the loudspeaker
profits. I worked mainly in receiver and
radio, and on the loudspeakers, a little
on the television. I started Apt to make
the preamp and power-amp, which I did
for three years."

When a chance to work for Lucasfilm
came along in 1980, it was just too good
an opportunity to pass up. Film sound
was improving. Recently, Dolby Labs
had greatly enhanced the quality of
theater audio by adding noise reduction,
stereo format and standardization.

"And it was also a field where things
were a little backward. It was pretty easy
to make a contribution, because I just
used the principles I learned in high
fidelity and applied them to film sound,"
says Tom.

USC. I readily accepted Tom's offer of
a tour of the USC film department. A
courtyard between buildings was full of
sculptures arrayed around a quiet foun-



PHOTO 2: Dubbers, USC film lab.

tain. Students were walking all about.
Two brass players practiced outside
against a backdrop of bird songs and dis-
tant traffic. Tom pointed out that one of
his assignments for students in his begin-
ning film sound class is to sit in this
courtyard and write down everything
they hear.

USC has a very complete sound facil-
ity with Foley stage, mixing stage, and
a large scoring stage with 24-track re-
corder. The screening room also serves
as a lecture hall. Student productions are
kept small enough not to need dialogue
replacement.

When we went through the machine
room (Photo 2) of the two film-mixing
stages he stopped to assist a student who
had accidently let the dubber reel run
past the end. A few minutes later, the
dubber was reloaded and work resumed.
It was almost time for Tom to go back
to work, so we made arrangements to
continue the interview later at Sky-
walker Ranch, home of Lucasfilm, Ltd.

The drive through the wine country
just north of San Francisco was mesmer-
izing. Thick patches of trees dotted the
valleys between grass-covered hills, with
narrow, well-maintained roads winding
their way through it all. This is highly-
recommended territory for anyone who
likes wine and country drives.

SKYWALKER. Named after Luke Sky-
walker from the Star Wars series, Sky-
walker Ranch occupies a sizable chunk
of this marvelous landscape. Tom assured
me that every building here is brand new,

just constructed with different styles, as
if over a long span of time.

Having traded in his professor’s coat
and tie, Tom was casually attired when
I pulled up the long driveway. Noting
my camera, he said management doesn't
like pictures to be taken because they are
afraid of a photo being misused by one
of the scandal sheets. But he added that
he would let me know when it was safe
to take a few shots.

The centerpiece of the ranch is a lake
gravity-fed by seven wells in the hills,
creating a reservoir for fire fighting.
That's important because the ranch is far
from town, and those beautiful grassy
hills get very dry and brown in summer.
The ranch has its own fire department
which is also part of the security depart-
ment. These personnel are also trained
paramedics.

TECH BUILDING. One of the more
obvious structures is the Tech Building,
devoted entirely to post production. This
first segment of the winery-shaped struc-
ture contains two edit/mix suites, back-
to- back and mirror-imaged. Each has 11
editing rooms, a pre-mix room, a final
mix room and machine and control
rooms. Thus editors and mixers are
brought close together. The rest of the
building houses support people.

“The sound studios are set at the
points of a star in order to separate them
from one another, conceptually,” said
Tom. ""And the center of the star is a set
of technical rooms with heavier floor

loads, more cooling and more power.
The idea is that technology today—or in
the future—is likely to be concentrated
in a form where you need to take care
of some high tech equipment with heavy
power, heating and cooling require-
ments. And then your sound editors are
going to be separated from the equip-
ment, not like the Movieola, where
they're physically working on stuff. So
that's why there’s a central, heavy-duty
area.”

MILES OF DUBBERS. "The editing
suites are set up conventionally for two
editors” continued Tom. “"These are the
simplest rooms with just benches and
mag readers, squawk-box-type deals. But
there are hidden troughs under the floor
... in order to run any amount of high
tech fiber optic or what have you. Each
room has its own thermostat and air
volume control because you're likely to
have different technologies in different
rooms.

"In the final mix machine room all the
dubbers are centralized in the central
core, but the recorders for a room are
located here,” Tom continued. ''There
can be a lot of debate on which place
you want to have them. It wound up
that you want a machine-room operator
here and you want your masters here.
The central core basically is miles and
miles of dubbers—about 600; you switch
them to whatever room you need. There
are about 600 channels of Dolby SR
(Spectral Recording) in the bpilding. 1
think we're the largest single customer
for Dolby.

“"Patching for 24 tracks at a time, plus
cross patching. You could patch up, basi-
cally, your normals with that scheme.
It's Magnotek equipment, tHoroughly
aligned with this ‘tweak cart’ that we
built with a Bradford audio noise meter
that goes down to 0.1dB calibrations.
And we use those tenths,” says Tom.
Alignment is done for every reel. With
35mm film, a reel is about ten minutes
long.

"And it has a spectrum analyzer, tones
or pink noise. You can choose to azimuth
from any pair of channels you like."” The
tweak cart is also connected in 24-tracks
at a time to do everything, including
Dolby levels.

“(In the rack there} is SSL automa-
tion. This is dubber and recorder patch-
ing, dubber to inputs of consoles. But
the monitor system is not a console func-
tion. The actual sends and returns from
recorders and all the things in the
path to the loudspeaker are in this rack
we built. We called it the CP-250, a kind
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of tongue-in-cheek reference to the Dolby

CP-200. This actually does the task of
the studio DS-4: encoding and decoding
the matrix, plus all the noise reduction
needed for that, plus sends and returns
to recorders. They're doing an L-t-R-t
[left-total, right-total] here.

"All the patch configurations are on
floppies, so if you want to be in the
Academy mono mode you press the ‘A’
button on the console and load this disk.
It puts all the processes available into the
correct order. Here are cards from the
Dolby CP-200 (Photo 4.) to which we've
added a carrier card which does differen-
tial input and output amplifiers here—
input amps, 100dB common mode rejec-
tion input amps and output amps."

The rack also contains a number of
things for simulation, like optical clash,
dirt noise, grain noise. "And this (unit
also) simulates the frequency range and
octave-to-octave balance of the range of
different sound systems: A4's, THX full
range, or A4 equalized, or A4 unequal-
ized—pretty much any condition you
might encounter in a theater ... There's
a background-noise adder, a clipper, a
clipper per octave band, and so forth,"
he said.

The signal goes from there to the room
EQ, the THX crossovers, and the power
amps. They can also mix for IMAX-
equipped theaters by switching in the
top center speaker. The THX and IMAX
systems are the same except for the
added channel in IMAX.

While we are in one of the mixing
theaters, Tom presses a button on the
console and the sound of air condition-
ing rumble can be heard. "Average
theater background noise level," he ex-
plains, ‘'so you know what you're work-
ing against. Footage counter and level
meters appear out of black under the
screen, by virtue of scrim cloth—the old
theatrical trick, scrim.”

Lucasfilm worked with Solid State
Logic on the SSL 5000 series mixing con-
sole to turn it into a film sound console.
""These modules, in particular the pan-
ning modules, are the most complicated
ones," adds Tom.

"We have another little input console
over here called the mix-in-context
mixer. It takes existing pre-mixes and
puts them onto main busses, so you can
put up whatever you like. If you're mix-
ing Foley, you can run the dialogue
tracks and use the whole console for
Foley. You can still add in the dialogue
tracks, so you can mix in the context of
the already existing pre-mixes."

The mixing stages are nothing special,
just good mixing stages. Tom demon-
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PHOTO 3: Dolby decoders.

strated how dead they are by clapping
his hands. The surround speakers are
hidden behind scrim panels, 14 in all.
The rooms are also set up for the power
requirements of digital audio. They have
massive air handlers that take in water,
chilled and circulated from an under-
ground plant below the parking lot out
back.

Of the two one-man spaces, one is
being used mainly for storage; the other
is set up for the sound designer, Ben
Burtt. To get the projection to the proper
length they use a periscope arrangement.
The screen has adjustable masking for
the different film formats and the extra
IMAX speaker.

LAWYERS, ACCOUNTANTS, AND
ENGINEERS. "The second floor also
has editing rooms and smaller work
rooms, and also a room that looks down,
balcony-like, into the stage so that you
could use it as a control room to record
in the stage. If all the other stages are
booked and you just need one effect, just
go up there and run a mike line down."

Tom continued to point out things as

we walked through the halls. "“There are
eight overflow editing rooms here for
each floor, which are apparently being
used as offices. George's (Lucas) philos-
ophy about that is if you don't build a
lot of offices you won't have a lot of
overhead, because you won't have any
place to put the people. So don't build
a lot of offices. He once said to me in a
meeting, ‘Engineers: I know what they
do; lawyers and accountants: I don't
know what they do." "

A lot of odd angles in the Tech
Building help break up the work spaces,
with no feeling of a sterile business of-
fice. One section is made to look as if an
exterior space were roofed over with a
skylight to connect two buildings. Office
windows look out onto this space, pro-
viding lots of natural light. Very Euro-
pean, and very comfortable, according
to Tom.

TRANSFERS AND LIBRARY. The
transfer room has just about every kind
of tape machine. The centerpiece is a
multi-format Magnotek mag film re-
corder which has head stacks for all
track configurations and film guides for
16mm and 35mm. Sound effects can be
processed by an array of signal process-
ing devices, including an old Burwen
single-ended noise reduction unit. The
room also has its own tweak cart.

All of Lucasfilm's sound effects are
stored on 15ips %” tape, using Dolby A
or SR-type noise reduction. This is an un-
published library, but is something
clients get when they do their films here.
An even more restricted library, not on
the shelf, contains the signature sounds
for Star Wars and Indiana Jones.

Transfer room monitoring is accom-
plished with standard LCRS (left, center,
right, surround) speakers and encoder so
you can really tell what's happening on
four-channel. “One of the problems I
find common in Hollywood,"" says Tom,
“is that unless you're in a dubbing stage,
you can’'t make any judgements about
sound quality, because the transfer
rooms are usually badly equipped with
old Altec monitors, or something. And
operators sit in the transfer room, and
they try to figure out what to do about
the rumble or something. They can't
really do a good job because they're not
hearing it properly.

"Qur point is that every step of the
process is made as standardized as it can
possibly be. And at the points where you
make judgements, then, you have to
have the right monitoring. So we proba-
bly do the correct kind of monitoring
early on in the chain, like in pre-mix,



that other people do when they're try-
ing to make judgements on a Movieola.
That's OK if you know your effects
library and how it's going to wind up in
the end. But it's really hard to make
judgements, say, on production sound
recordings. That's why transfers are
made as routine as possible, so that
you're set up in a prescribed way and
you do it every day. So six months later
you can make exactly the same transfer,
and you can cut in a word and it drops
in. Levels have to be very accurate,
equalization has to be very accurate in
order to do that.”

ADR AND FOLEY. The rooms I most
wanted to see were the ADR (Automated
Dialogue Replacement) and Foley stages
(all the non-vocal sounds an actor makes,
named after an early sound editor
named Jack Foley).

The Foley stage has a background
noise level of NC 5. They had to ex-
trapolate that value because the official
tables only go down to NC 15. The room
was so quiet I could hear my ears ring-
ing and blood flowing. When I men-
tioned this, Tom assured me that the air
conditioning was on. Very quiet. It has
to be quiet enough to get quiet clothing

sounds without bringing up any room
noise.

We stomped on the different ‘'special
noise’ surfaces such as wood floor, con-
crete, metal grate, and there's also a
shallow depression for creating water
noises. The room also has an outside
door for bringing in cars, and is made as
dead as possible with four inches of fuzz
everywhere. The Foley stage is slightly
more live than the screening room (see
below) because of the extra surfaces.

The ADR stage is similar to the Foley
stage. It's just big enough for a 6 x 14
foot screen. It's furnished with a stool,
script stand, headphones and micro-
phone. And it has another nice touch: a
window to the outside world. The con-
trol room has a very basic one-channel]
mixer and monitor for the replacement
line and the original production sound.

BIG SPACES. The scoring stage was
booked, so we only got to see it from an
observation deck. This is one of the two
largest spaces at the facility, more than
large enough for a full orchestra. The
stage walls and ceiling are made from
massive semi-cylindrical cast-concrete
forms. This gives the room a very long
reverb time with very diffuse reverbera-
tion over a wide frequency range, even

PHOTO 4: Dolby CP-200.

at low frequencies. It also provides a
high degree of isolation from outside
noise. There are pockets in the ceiling
and walls for movable panels that allow
wide adjustment of the reverb time,
from 0.7 seconds to 3.5 seconds.

I asked Tom about the trouble of get-
ting contractors to correctly follow the
plans of an acoustic designer. "Well,"
said Tom, ""Ted Schultz designed this.
He's got lots of experience. He's just
retired, in fact. He worked |at BB&N
(Bolt, Beranek & Newman) forever, and
then went off on his own about ten years
ago. He did Baltimore, Toronto, Davies
Symphony Hall, some in Al ia, some
in Europe, all over the place.”

The other large space is the screening
room. "So, this is what we think a
screening room ought to be,” Tom
noted. "It's fairly shallow for its width.
In other words, it's almost square. It
starts with the picture as the beginning
point for determining what the ratio of
dimensions should be. There's about
equal masking all around. That tells you
what the height ought to be, and depth
for a certain room volume and listening
angle. It's not really a theater space, it
really is a cinema space."

The room is very dead with a slight
echo off of the screen. It has five main-
channel speakers in the new format and
hidden split surrounds.

The projector was made in the 1950s
and came from a theater in San Fran-
cisco. Tom pointed out the flutter idlers
for 70mm are very well damped, and
very difficult to turn. The film is mov-
ing quite fast, 112 fpm or 22.5 ips.

"This is an old projector,” observed
Tom. "And it's still the best available
dual-gauge projector. Well, it's been re-
painted, but basically projection is not a
new issue. It was well faced in the past.
Now we do have, for example, much
better heads than they had in the past:
six-track Teccon—an awfully good head
compared to what they had in the 50s.
The booth also has all the standard
sound equipment."’

As we completed our brief tour of the
ranch’s audio installation, I was more
than a little impressed. It's quite a place,
and it was truly gratifying to see a facility
where no expense was spared to do
things right. But now it was time to sit
down with Tom and get the story on the
THX sound system. Here's what he had
to say.

TH: Well, we've built a sound system
called THX and it's in about 350 theaters
now. [See Audio, September, 1989, p. 65
for THX theater list.] It's very strong in
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PHOTO 5a: First THX installation showing former placement of speakers behind screen.

some markets and weak in others. It's
in Paris, London, Germany, Canada,
Australia, Hong Kong, Singapore, Korea,
all over the place. But it really started in
1980 simply as an experiment to make
a better sound system for a dubbing
stage.

Is it a refinement for existing theaters, or
is it a completely new system?

TH: It's actually both. If you look at the
whole chain—from the microphone to
the listener—you could say that certain
parts of that chain were of much higher
quality than other parts. If you simply
tune up a Nagra (a portable reel-to-reel)
and use it, it exceeds the dynamic range
of the sources it's capturing. If you tune
up dubbers, and you do things like add-
ing better azimuth stability to them, we
found that mag film was a fairly good
medium.

It has to be what I call 'super tuned."
By that I mean tuning the level to within
0.1dB, tuning the equalization at 10k to
within a tenth.

Phase adjustments?

TH: We make phase adjustments for
azimuth every day. So those mag film
generations which were, at the time,

14 Speaker Builder / 4/90

audible changes from generation to gen-
eration, get to be much smaller changes
when you do that.

In 1980 I felt the film sound consoles
were rather backward in sound quality.
In order to get the features you needed,
you had to sacrifice performance, be-
cause you needed these customized fea-
tures. So we chose a music industry con-
sole in order to start with a basic good-
quality sound, high isolation and (low])
crosstalk, low distortion and all those
things. We modified it substantially to
turn it into a quad panning, LCRS, con-
sole. That was a Neve 8108, our first.

Later, fortunately, we were able to
work with SSL when they started build-
ing modular consoles. It then became
clear that all they needed were a few dif-
ferent module designs and you could do
a real film console that's as good as any
today. And that's what's in use at the
ranch tech building now.

When it came to the theater sound
system we said, "Well, let's start from
scratch,” because standardization had
arisen, really, as two standards. In the
1930s when the exhibitors owned the
distribution, they owned the theaters.
They built a sample theater in Holly-
wood and they equipped it with 1.5-mil

- «GGLLRLERN

slits, xyz screen, xyz loudspeaker, and a
certain electrical filter. They tuned-up
the whole thing and made their nega-
tives for that system, and mixed on that
system in those theaters. Then they went
out and duplicated that theater hundreds
of times across the country.

This was when the "Academy Curve”
started?

TH: Partly. But the “"Academy Curve”
was never really standardized, studio to
studio. For example, MGM always put
more high frequency boost in the
negative and had more rolloff in projec-
tion than other people. So they weren't
really interchangeable, but they didn't
need to be.

Right after World War II, two things
happened. First, the justice department
stepped in and said studios couldn't own
the theaters anymore. Second, this explo-
sion of new technology that had been
developed during the war brought about
the Altec Lansing A4 '"Voice of the
Theatre'' about 1947. So the standard
became the A4 with a certain equaliza-
tion ahead of it.

Now the standard was no different
from room to room. There were recom-

Continued on page 16
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mendations, like reverb time. (Tom opens
a book.) "' A reasonable summary of cur-
rently accepted optimum reverberation
times is given for 500Hz ... it is based on
audience judgements of acoustic quality
of existing rooms and auditoriums.” This
is no statement of what ought to exist.
It's a result of motion picture theaters
growing out of vaudeville houses where
some reverberation was necessary to
support the loudness of live speech.
Therefore, they went directly from
vaudeville to motion picture theaters
with no stops in between. A lot of those
are still around; the Castro Theatre in
San Francisco, for example.

There’s one in the small town I used to live
in.
TH: It probably has a lot of bric-a-brac.

It has an Egyptian-theme interior, bas-relief
sphinxes and a tented ceiling.

TH: Great! But probably fairly live. They
weren't very dead spaces.

It was a theater for a while, but it's now
a concert hall.

TH: So no one had ever set out to say
what ought to be. "If given a blank slate,

here is what you would make.'" The A4
was standardized and applied to many
auditoriums and dominated the market.
Even to this day it accounts for about
80% of the installed base of theater
loudspeakers. It has a number of prob-
lems which its own designers tried to
remedy in the 1960s. They didn't get
anywhere because it was so entrenched
they couldn't change things.

When we came at it in 1980, we said,
"Well look, the performance of this thing
is rather poor in a number of known
ways. And many people have contrib-
uted directly to making improvements in
large-scale sound systems over the years.
Let's draw on all these experiences and
combine the best of them into one com-
prehensive system.”

The first battle we had in designing the
system was room acoustics. We started
with Beranek. Our first room measured
70,000-cubic feet, and Beranek says it
should have between 0.8 and 0.9 sec-
onds reverb time. Fairly short, but I
thought it should be even deader than
that for several reasons. Both Acustica
(the main European acoustical journal)
and JASA (Journal of the Acoustical
Society of America) have published a lot
about the influence of reverberation time

on speech intelligibility and background
noise, and how they combine to harm
dialogue intelligibility. Here, we are our
own worst enemies, because most of the
examples are cases of public address
systems in noisy reverberant rooms.

Now motion picture theaters are usu-
ally quieter and deader than such rooms.
But again, we are our own worst com-
petition because we also have sound ef-
fects and music, all going on at the same
time, competing for dialogue intelligibil-
ity. So I wanted to go for the most trans-
parent channel possible. The other fac-
tor, seldom operative in Beranek's day,
is the widespread use of stereo, where
localization of the screen speakers is so
important for giving the kind of wonder-
ful directionality that's possible on the
screen.

It was easy to determine that we
wanted a lower than normal-reverb-time
room, so I went down to a 0.5 second
from his 0.8 second ... for that size. And
I also agreed with the recommendation
that the reverb time be flat with fre-
quency. That's an old idea. It says that
music sounds warmer in a room where
the reverberation time goes up at low
frequencies. If we want that in a sound

Continued on page 18
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track, it's easy: we put it in a sound
track. Yet we maintain the kind of ar-
ticulation, you might say, of low fre-
quencies. The most obvious example of
low-frequency reverb time problems is
in 2010 where there was the cut between
loud spaceship rumble and the vacuum
of space. So it's supposed to go instan-
taneously from rumble to silence in
abrupt cuts. The auditorium where I saw
it had about a 5-second reverb time at
31Hz. It just sort of smeared over the
edits.

So we wanted it flat, and we wanted
a low reverb time. Then, of course, you
want it quiet. We made our first stage
super quiet because we needed to use it
for dual purposes, for a Foley stage as
well. So it's down around NC10, NC12.
Which is really outrageously quiet and
led to some problems later on, which I'll
get to.

Then look at the screen speaker. You
say, "'What is it the A4 does right, what
is it that it does wrong?"' There are some
axioms. One of mine is that sound must
be emitted from the same space as the
screen. We have to shoot (the sound)
through the screen. When you shoot over
the screen you can see people’s heads
drift up as they adjust their pinnae (ex-
ternal ears) to the angle of the sound
field, and they notice this sound coming
from above them.

I always thought the way we perceived
direction up and down was by turning our
heads toward the sound. You're saying we
perceive vertical positioning by the shape of
the ear?

TH: Right. So, it's an axiom that we're
going to put left, center, and right loud-
speakers on the screen. That was just a
given because the sound effects are
made s0 they seem to be on the screen.
A lot of people have thought you could
have put left and right outside the screen
image and shoot through black trans-
parent masking and get wider stereo.
Well, actually that could be kind of nice
in the music and the ambience tracks.
But when there’s a synchronous sound
effect of Indiana Jones entering camera-
left, moving to the center, when the
footsteps come from (elsewhere) sud-
denly things don’t make sense anymore.
There's no sense for what we call "the
effect-effect.” It's off-picture.

I once rented Silverado and set up a pair
of small speakers a couple feet on each side
of the TV. During a scene with a card
game, a noise came from the right speaker
and the card players turned and looked at
the speaker.
TH: Right! There they are, in your liv-
ing room! And the problem with the
typical TV case is the image simply isn't
big enough. And of course if the TV im-
age is made big enough, it doesn't look
good enough. That's another problem.
We went back to some Kodak infor-
mation from the early 1950s as to grain
sharpness, focus, and basically how big
a picture can appear. You know, in a
home stereo we use a 60°-wide field
most typically. Well, that's too wide for
films. We say that a 50°-wide Cinema-
scope picture with the sound speakers
at 45°—plus or minus 22.5°, left and
right—is the kind of optimum seat.

- 2.35:1 (35mm 'Scope) |
- 2.21:1 (70mm) —
1.85:1 (35mm Flat)————————»
 |ew—1.33:1 (35mm neg. & T.V.)—»|
0 0

o0 =
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1]
O
O

OO

Left Extra
(Baby boom)
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Right Extra Right
(Baby boom)

FIGURE 1: Comparison of different aspect ratios and THX speaker placement.

18 Speaker Builder / 4/90

That's how we designed all the dubbing
stages. And in the technical building,
every room you enter, despite its size,
you're always at a place where that same
angle is intended.

In the case of a theater where we have
completely adjustable masking, we
make the other format pictures—2.2 to
1, 1.85to 1, 70mm, 1.85 to 1, 35mm—
and change the masking so you get the
biggest picture you can fit. You can come
as close as possible to that. But the rooms
are all laid out for the 2.35 to 1 Cinema-
scope image. By the way, it's really nice
to start a room design from a picture
because it means you can leave, for ex-
ample, an equal amount of masking—
like two feet— of masking all the way
around, and that forms the dimensions
of the room. Voila! You've got the width
and height of the room right there, and
depth is governed by the optimum listen-
ing angle.

What's the difference between 1.85 to 1,
70mm and 1.85 to 1, 35mm?

TH: Everything shot today—since Law-
rence of Arabia—originates on 35mm film
in one of two formats (Fig. 1}. In the
Cinemascope format, the picture is
squeezed onto the film and expanded on
projection, and the aspect ratio is 2.35
to 1. When that kind of Cinemascope
negative is blown up to 70, it's de-
anamorphized, spread out, and the out-
sides are cropped down to 2.2 to 1. So
it's not exact. That was in order to pro-
vide sound track area inside the perfora-
tions. There were also existing standards.
That accounts for maybe less than a
quarter, maybe 20% of the negatives
shot in Cinemascope.

The screening room at the ranch has
five main channel loudspeakers (Photos
5a and 5b). The old way to do it, the orig-
inal 70-mil way, was equal spacing, a
left, left-center, center, right-center, right
(Photos 5a and 5b.) That all dropped out
of use by the early 1970s, and when Star
Wars came along they said, well, let's
use these intermediate channels for just
bass, and invented the ""baby boom' for-
mat. And, of course, that's much less im-
portant as to where it is. So what we
have is left, then left-extra is rather close
to it, then center, then right-extra and
right close together. And those—right-
extra and right—lie just inside the 2.2,
70-mil format and 1.85, 35 format. So
what you do is interchange the outside
pairs when you're going from 2.2, 70-mil
or 2.35 Cinemascope to the 1.85, 35-mil.

So it's a whole speaker at the left- and

Continued on page 20
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Société des Condensateurs Record

Design integrity for sonic transparence.
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Continued from page 18
right-extra, but you just use the bass for
the baby boom.

I read somewhere that Panavision now has
a 70mm camera quiet enough for use on
a set.

TH: There are cameras, and they're used
in process photography in all kinds of
ways, but they're not usually used for
principal photography. There hasn't
been any show shot in it. Maybe some
day.

The other 80% are shot with a cropped
negative. That is, the actual negative area
on the film is approximately 1.33 to one.
They just leave off the top and the bot-
tom, and there's a line in the viewfinder
to show where the 1.85 frame is. So the
cameraman composes for the 1.85
frame. In any case, there's nothing
special done about that. The projector in
the theater can be framed up and down,
and you'll see the ceiling and the boom
and some of the lights, possibly. Some
directors print a simple black matte in
the top and bottom, so if the theater mis-
frames it, it will be very obvious. That's
a big debate. And when you blow up
1.85 negatives, like E.T., to 70-mil, you
can only blow them up to 1.85. So they
don't fill the 2.2-to-one frame. And
because you're blowing them up further,
the image quality is not as good as the
1.85 to one.

With Cinemascope, there's more glass,
there are more lenses, and there's a lit-
tle more difficulty. If you pull focus from
foreground to background, things seem
to change aspect ratios because there's
stuff in there. So there are some draw-
backs to the Cinemascope, but it gives
so much more negative area that it is in
fact the better process.

DIRECTIVITY. So that got us reverb
time, reverb time flatness, background
noise, spatialization. Then we come to
the next factor: what should the Q of the
loudspeaker be, what should its directiv-
ity be? The simple-minded theory is that
you want to basically direct the sound at
the audience. You don't want to put ex-
cesses of sound energy on the ceiling, on
the back wall, because it's likely to return
to them later and cause echoes or add to
reverberation. So basically, you use a Q
of a loudspeaker so that the audience lies
in the 6dB contours of the speaker.
Now that's one theory. Another theory
goes directly to the problem of amateur
loudspeaker design, and that is the "‘two-
way problem.” And the "two-way prob-
lem"’ is that if you put a crossover at say,
1,500Hz, in a two-way loudspeaker, 10"
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PHOTO 5b: Behind-the-screen view of first THX installation.

and a 1” dome, you can design that loud-
speaker to be flat on axis. The trouble
is that in the far field, when you start
considering the power response for the
long term, what you will get is a rolloff.

Including all reflections?

TH: Including all reflections, you will
get a rolloff at the top end of the woofer
due to its directivity collapse. It will cross
over to the tweeter, going wide. So you
design it for flat on axis, and you can
make it flat on axis, but it's got this
rolloff and then opening up that causes
a hump in its curve. And it is quite audi-
ble. It does have a little coloration.

Aha, I've heard that in my own design!
TH: It's not an unpleasant coloration,
but it's nevertheless there. So that says
to me you have to match the directivity
at crossover. It's almost impossible to
build a system that's going to work over
ten octaves and still have constant radia-
tion with frequency. But one of the mis-
takes of a lot of amateur—and especially
very-high-end—designs is that they go
for different radiation patterns in differ-
ent frequency ranges. They have some
theory that it should be forward-facing
treble and omnidirectional bass or what
have you. And there's some dramatic
Continued on page 22
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Continued from page 20

directivity change somewhere. I think
it should be as constant and controlled
as we can make it. So that's another
requirement of the system. You must
have drivers that go over enough band-
width with enough uniformity, enough
directivity, enough power handling. You
can add equalization, that's kind of a
minor issue. But they've got to cover the
bandwidth. They've got to be smooth.
They've got to cover a uniform directiv-
ity. Those are the big things by which
you choose what technology to use.

THIELE/SMALL. Now, if you look at
some of the ingredient parts, what were
these developments we used? Well, one
was the Thiele/Small parameters that all
speaker builders today are using and
pretty much understand.

That's how I'm learning speaker design.
TH: Did you use the LEAP (Loud-
speaker Enclosure Analysis Program)
program?

The program I'm using came from a

Speaker Builder article. (Thanks, Reid.
The check’s in the mail—Ed.)
TH: Of course the influence they had
was not only in understanding how
loudspeakers and boxes worked to-
gether, but then really going back and
redesigning the loudspeakers for partic-
ular box configurations. And what we
found was that you need a certain cone
area to reach a certain sound pressure
level. And that is rather equal to what
the A4 is, which is two 15" drivers.

Now you think about which ways you
can orient those. Well, if you stack them
vertically and you match the directivity
at crossover, by which I mean you use
a horn that's wider than it is high in
radiation pattern, you can do something
very nifty, which is, you can beg the dif-
ference on this power response versus
axial response. You can make the axial
response right and, because the radiation
patterns are equal at crossover, they will
have smooth constant power. This is a
long debate I had with Peter Snell and
others back in the 1970s about which is
more important: the axial sound field or
the power response? The system we're
working on kind of begs the difference.
You just make them both the same, and
you don’t have the issue.

There are some reasons to do coaxial
designs, but no coaxial design has really
done everything properly, I think.

The high frequencies need to be han-
dled by horns for the directivity control,
and they need to be rather large ones.
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FIGURE 2: Side view of the THX baffle.

They must have mouths about a yard
square. Anything smaller, like foot-high
types, have a terrible problem since they
can't maintain uniformity down to the
crossover frequency. You choose the
crossover frequency based on where the
directivity patterns match and where the
drivers can handle the power. That gives
you one of the constraints of how big the
horn must be to keep the pattern con-
trolled down to that frequency. So all the
horns used in THX are rather big.

Is it just a two-way system?
TH: It is two-way. I looked at three-way
and decided not to, but I'll come to that.
The type of horn used is a new style—
as of the last ten years—called "‘constant
directivity’ because they really are
much more uniform than the older
horns. The straight axial horns, used by
Klipsch for example, can be more or less
constant in one plane, horizontally, but
they will collapse vertically across fre-
quencies. So they have a strong change
with frequency in the vertical plane

whereas they can stay reasonably con-
stant in the horizontal plane.

That's the problem with the old fash-
ioned, pre-1940 horns, the multi-celled
ones invented for the A4. The problem
with the multi-cell is that although it's
the first attempt to get more uniform
coverage, it has terrible lows. So if you
put up pink noise and walk around the
room, you get a '‘wish-woosh-wish-
woosh''—very obvious holes. I was able
to measure that in a dubbing stage and
confirmed that what you hear is there.
It's quite clear there are holes in the pat-
tern.

What is the name of the curve used in the
throat of the constant directivity horn?
TH: Various manufacturers use different
techniques. JBL calls theirs "'bi-radial.”
I don't know what EV calls theirs. But
they're based on several things. They
join two horns together, in effect. One
controls the vertical directivity, and that
feeds into a slot-type radiator, which
then forms what's called a diffraction
horn to set the horizontal pattern.
There's a kind of joint there. And I don't
know any way to design those mathe-
matically. You just duke around with
'em till they work.

You are splicing a couple of things
together. So that's definitely an ingre-
dient. Someone tried to apply it to film
sound before, but it had been done so
poorly, and in such bad demonstrations,
that nobody believed it. They blew out
peoples’ ears in the demos. They tried
it at the Academy. It was not good. Then
there's the compression driver on the
back of the horn. The Altec 288 is a
venerable device—with a phenolic dia-
phragm which was susceptible to break-
ing, and was chopped off at about 8kHz
(at 24dB per octave). Some research—I
think it was done by Howard Durbin at
JBL—showed that the reason it chopped
off so abruptly at 8k was the fact that the
surround was going out of phase with
the main dome. The surround has a
significant area which also feeds right in-
to the slot. So it was notching by virtue
of that feature. So JBL got a patent on
a diamond—kind of pyramidal—sur-
round that does, in fact, not go out of
phase at high frequencies, and doesn't
suffer the abrupt chop that the others do.
Then the diaphragm material became
important about 1980. The ability to
whip titanium into domes was new at
that time.

This was, in classical terms, like a
Western Electric driver designed in the
1930s, only it's designed out of much
more exotic materials. And today we've



even taken another step in that direction.
It's now a titanium dome embossed with
all kinds of funny little patterns to stif-
fen it up. And now the neodymium
magnet makes it much lighter. Things
are getting more exotic and more expen-
sive. (But) I don't know whether it's ac-
tually better quality.

It still looks like the same ol’ speaker.
TH: It's different. It's a very cleaned up
version of the Western Electric, I don't
know the model number. I'll bet it's in
here (Grabs book!) ... 1938!

This has a lot of great things in it.
There are whole paragraphs in here you
can lift out and put in today‘s manuals,
and they're still not done. Like projec-
tionists riding the volume control. You
know, complete no-no ... the movie's
already been mixed. (Leafs further

through book) There it is. Lansing 285, |

high-frequency unit, 1938, showing a
two-mil Dural, durable aluminum, 2
mils thick, radial slot openings, a voice
coil. Of course they had a field coil ...
they didn’t have permanent magnets! Oh

my God! Look what they were con- |

cerned with. Directivity. "A certain
amount of directivity is required since
the best illusion is obtained if the ratio
of direct to reflected sound is as high as
possible.” (Snaps book closed.) 1938! Still
true today. Oh my gosh, I keep finding
things like that, gems of wisdom in this
book.

They keep proving you right.

TH: That's right, the ancients have
stolen my wisdom! No, the fact is what
we're doing here is very much rooted in
the history of how things ought to be. It's
simply been greatly cleaned up.

You're proving the theory of things they |

came up with over 50 years ago.

TH: Yeah. Frequency range extended,
amplitude capacity extended. But it
really falls in the same tradition. These
guys would understand it perfectly. So
now you've got a low-frequency system,
a high-frequency compression driver and
a horn, and you look at it and you think,
maybe a three-way would be a good
idea, simply for power handling if noth-
ing else. But the titanium, although fall-
ing off, does fall off smoothly into the top
octave. There's a problem of where
you're going to line things up. You have
a speaker and you put a microphone out
in front of it, and if you measure its
acoustic phase you can find where its
acoustic center is. That turns out to be
a different place—electrically, measured
acoustically—than it is for vertical pat-

tern or for horizontal pattern. All three
of those are different points. So where
are you going to line up the tweeter...on
which of those three? You want it to
speak at the same instant. You want it
to have the same source—all the rays go-
ing out from the same point. It gets to
be tricky.

Adding a third driver creates too many
variables?

TH: Well, it's not impossible, but it's dif-
ficult for a another reason. These horns
that have to have about a yard-square
mouth are about 40-45” long. Now if
you set them where you want to, that

is, on top of the woofer cabinet, the
woofer speaks well before the horn
tweeter. And even if we align things
with equalization of the time difference,
1.9mS, or so, you'll have noticeable
radiation pattern changes, and it won't
pass the 1938 test.

One of the 1938 tests was tap dancing,
with Eleanor Powell. On (reproducing)
tap dancing they heard, "ta-thunk, ta-
thunk, ta-thunk,” instead of one hit. So
they slid the horn in and out and found
they could have less than 2mS of delay
between the two. Paul Klipsch repeated
this in the 1960s and claimed he couldn’t
find it. But he's wrong. He's just wrong.
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I'mean, his experiment wasn't any good,
apparently. He was moving loudspeakers
all over space. The frequency response
must have been changing all over the
place—transfer function changing. About
2mS in the midrange is quite audible as
a "ta-thunk.”

So you say, "“The first thing we're
gonna do is delay the woofers.”” Now the
first job of the crossover is to delay the
woofers by 1.9mS. And we do that with
a delay line of all-pass filters. Now if we
do that with a delay line of all-pass
filters, and we have a tweeter some-
where up top that is going to speak
sooner than the midrange, we're going
to have to delay the tweeter as well. It
turns out you can delay bass a lot more
easily than you can delay high treble.

I did look at the thing being a three-
way system and decided against it,
basically because of moving a delay line.
I've got a delay line in there now that
goes up to 500Hz and takes up to three
op-amp sections to do it. If that delay line
had to be extended to 5kHz it would be
much more complicated and I'd have 15
sections, be less reliable, and all that
stuff. Otherwise, you would have to
go with a digital converter and an actual
time delay or something to get it. So that's
another reason not to use a three-way. So
we chose not to because, yes the response
is falling off, but—and this is an impor-
tant point for amateurs—every real com-
mercial loudspeaker has the crossover
network designed for the specific drivers,
in two ways. One, with the driver as its
terminal impedance, instead of with a
resistor. The most common fault of ama-
teur designs is that they don't take into
account the impedance of the driver.
They just calculate something out of a
book for an 82 resistive load. And that's
way too simplified. That's the first prob-
lem, I would say, of amateur designs.

In my own design I used a stock crossover.
That is likely the cause of a lot of the strange
coloring. Knowing this, I'm going to tear
back into it.
TH: You have to start by measuring the
terminal voltages with crossover in place
and taking a lot of acoustic measure-
ments. So that's the second part. This is
the way THX was designed. You start by
measuring the drivers. You find out their
acoustic transfer function. Then you
determine what target transfer function
you want for the whole system. Then the
crossover makes up the difference be-
tween the two.

So, for example, we wanted a Link-
witz-Riley fourth order alignment for all
its known good properties. It's because
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of the way in which we rank the relative
importance of the various things that the
crossover does that we say the fourth
order Linkwitz-Riley is best for our pur-
poses. First-order crossovers are hopeless
because they have bad radiation pattern
tilts, a very strong positive-going lobe and
very bad notches. Which means that as
you move up and down with respect to
that loudspeaker—as you move up and
down the auditorium—you get quite dif-
ferent transfer functions in the crossover
region. That's not good. Linkwitz-Riley,
with its one principal lobe on axis and two
very minor lobes off, is the best in lobing
behavior if you can't have a coincident
driver.

There was an extensive article in Speaker
Builder {1/85) on crossovers and lobe pat-
terns. I'll have to read it again.

TH: (Laughs) Good! You measure the
woofers and you say you want this kind
of a response to be Linkwitz-Riley. Acous-
tical Linkwitz-Riley, not electrical.z? But
overall, acoustical. Then you determine
what poles and zeros you need in the elec-
trical domain to add up with the drivers
to make the final response. Siegfried
Linkwitz doesn't say that anything that's
called Linkwitz-Riley is Linkwitz-Riley.
Because electrically they (may be) Link-
witz-Riley, but unless you know what the
acoustic transfer function is, you don't
know.

And you do the same thing with the
compression driver. The one for the
woofer turns out to be pretty simple. It's
a couple-pole high pass (- 1dB at 40Hz)
to prevent overload at very low frequen-
cies. It has quite a flat passband and then
it's a four-pole rolloff, as you would ex-
pect, because the woofers go quite a bit
past the 500Hz crossover frequency. On
the other hand, the compression driver
is kind of close to the 500Hz limit. It's roll-
ing off itself. So that, more or less, forms
one pole of response so that the highpass
is three-pole electrically, and becomes
four-pole when you add in the acoustic

transfer function. So, you get two four-
pole-squared Butterworth response that
is Linkwitz-Riley, and it works out for all
the good reasons. Then you come up to
a kind of plateau where we find that the
horn is about 10.5dB more sensitive than
the woofers, so you can set it down by
that amount. Then we have a whole
bunch of things going at high frequencies.
For one, the compression driver is roll-
ing off because of air trapped between the
diaphragm and the phasing plug, having
to squeeze the air in and out. Another
reason is the moving mass. Yet another
reason is that the inductance just doesn't
allow the current to be usable at very high
frequencies. So there are a bunch of
reasons why it rolls off.

Number two, we hang a motion pic-
ture screen in front of it. And a motion
picture screen with its perforations is a
one-pole low-pass, RC and just 6dB per
octave, located between about 5kHz and
about 8.5kHz, depending on the screen,
its thickness and perforations and such.
So there’s one factor to account for.

All of these things contribute to some
kind of high-frequency rolloff which we
compensate for electrically. And there's
a fourth consideration, which is that
there's an international standard on what
we ought to measure in the far field.
There's no standard on what a home
ought to be, except people would prob-
ably go for flat when they measure things.
But in a motion picture theater it's well
known that if you make things perfectly
flat—on pink noise, say—then all program
material appears to be too bright. So it all
has this standard curve, ISO 2969, Curve
X, which is a Dolby-promulgated stand-
ard (Fig. 3). It is flat to 2kHz, and it's down
1dB per third octave beyond there. It's
a standardized house curve. It's -6 at 8k.
And it tips up and down some with room
volume. There's a room volume correc-
tion in it, based on an average room.

We took an empirical approach. We
designed a crossover so the speaker
would be flat. And then we hung a screen



in front of it which we knew would roll
off the highs. Then we corrected the net-
work to get it down to the standard. So
we can be, on the average, on the ISO
standard.

So, the audio on a sound track is flat?
TH: No it isn't. It's been listened to and
monitored over an X curve. So it has
some degree of built-in boost. It won't be
as much as 6 or 7dB at 10k. That's too
much. If you play back a CD in a motion
picture house, or in a dubbing theater,
you have to brighten up the highs to work
against the X curve rolloff. But it's like
a standardized de-empbhasis like RIAA or
NAB. It's the same kind of idea except
that it's electroacoustic. And if everybody
is using it, then it's all translatable.

It's done acoustically, with the crossover,
instead of, e.g., the playback EQ electronics
of a tape machine.

TH: Right, exactly.

We get the ingredients by looking
around manufacturers’ catalogs and pick-
ing what we think are the best available.
The ones that have been made to the
Linkwitz-Riley network. The ones that
will give us actual chamber curves, and
such. And we send them up to the

University of Waterloo in Canada and
start taking measurements. We put the
speaker on the edge of the stage, as it
would be in a movie theater, and we raise
and lower the pit to see the effect of the
first reflection off the floor, and all kinds
of things.

We discover we can't get anything like
the rated frequency response with the
woofer system. There are many phone
calls back and forth, and we look at the
manufacturer's data and we sort out how
it was made. We discover that Link-
witz-Riley all depends on a 2 pi environ-
ment. It's not for 4 pi. It's for half space.
And so we look at the woofer on its back
on the stage floor and hang a microphone
up in the air. And sure enough, we get
the Roy Allison famous classical dip caus-
ed by the reflection off the boundary
behind it.

How deep was the speaker?

TH: About two feet. It's down maybe an
octave from a home speaker, but it's still
there.

So we tip it up on the edge of the stage
and we put boards all around it, build a
wall all around it and discover, sure
enough, the bass comes up—quite a lot,
asyou'd expect. And subsequently, when

you install it in a dubbing stage here in
Hollywood, when you interrupt this wall
diaphragm and put two A4 bins on either
side and two bass bins on either side of
the woofer section, you lose 15dB at
100Hz.

You lose...?

TH: Yup. 15dB worth of loading. You'd
think it'd be only six or something. But
it was a huge notch at a hundred. So the
walls are a very important ingredient of
the system, because it makes the bass
smoother, it eliminates any Allison in-
teractions with the environment because
you've flush-mounted everything. You
have only beneficial reflections from the
local environment (Fig. 2. Then it per-
forms like it's supposed to, as its design
standards and Thiele/Small tell you it's
supposed to be. )

{Continued in our next issue.)
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THE BUD BOX ENCLOSURE

BY DAVID W. DAVENPORT

"

hy don't you use a Bud Box?"

The smile on my face said that,
I was, of course joking. My friend Steve
Leonard had asked me to recommend a
small enclosure for use in a car stereo
system. The smile faded as an idea from
the past surfaced—an idea I had years
ago but never developed. I was not
pleased with the resonances in the en-
closure that I built for the Falcon LS3/5A
clone (SB 4/81). It was a fine loud-
speaker, but I believed that I could im-
prove on the enclosure.

After careful consideration, I decided
the best approach would be to build a
box with natural high-frequency reso-
nances that could be easily damped.
High-frequency resonances imply stiff,
low mass walls. What could be better
than sheet metal? The next step logically
follows—sheet metal boxes are commer-
cially available in a wide variety of sizes
as electronic chassis. A Bud Box could
provide the skeleton of an enclosure, but
it needed some meat on its bones to
dampen resonances. Characteristics of
damping material are opposite from the
stiff, low mass metal box. The ideal
damping material exhibits relatively high
density as well as high compliance.

Vinyl floor covering came to mind as
perfectly fitting the bill. Layers of vinyl
flooring covering the metal box would
add mass, and its resilience would easily
dampen any resonances. Well, so was
the theory. For one reason or another I
never built the enclosures for the LS3/
5As. I still thought it was a pretty good
concept, so I convinced Steve to use it
in his car stereo.

Steve liked the sound of my home
stereo system, so we decided to do some-
thing similar for his car. It's no secret
that I favor a system incorporating satel-
lites with a subwoofer. This type of de-
sign works well in a car stereo system,
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PHOTO 1: Completed enclosure ready for hardware, fur coat and grilles.

so that is what we used. My current
speaker system is a pair of Focal Eggs
used as satellites with a separate sub-
woofer—bi-amped of course, with an
electronic crossover. The Eggs are a lit-
tle large for a car, so I opted to use

Focal's smaller versions of the drivers
used in the Eggs.

The 5-inch 5N412DBE bass-midrange
is a little gem. Like its big brother, the
7N412DBE, it has a dual voice-coil and
Neoflex cone. The T9OK tweeter, like the



larger T120K, has an inverted Kevlar
dome. Focal has used the combination
of the 5N412DBE and T90K in their 033
kit. Rather than re-invent the wheel, I
used the crossover suggested for the 033.
For the system design we dipped into
Killer Car Stereo on a Budget by Dan
Ferguson (available from Old Colony). I
consider this book, as well as the Crutch-
field catalog, indispensable to anyone
wanting to install their own system.
Steve selected a dash unit from Crut-
chfield, and a bi-amped system con-
figuration from KCS.

CONSTRUCTING THE BUD BOX.
Because the satellite will not be called on
to reproduce frequencies below 100Hz,
its enclosure doesn‘t have to be very
large. I chose the 10” x 6” x 3.5" Bud
CU-3010A Minibox for the shell. I really
don’'t know whether it makes any dif-
ference what kind of vinyl flooring is
used for damping (a purist may prefer
to use polypropylene). Our criterion was
the cheapest that we could find. It was
one eighth-inch thick, relatively stiff tile.
As with the first time for anything, we
learned as we went.

Steve had had a bad experience cutting
sheet metal with a saber saw—the cut
was ragged and deformed. Concerned
that we couldn’t make smooth cutouts for
the drivers in the bare aluminum box, we
decided to wait until after the vinyl was
in place before cutting the holes. We
also thought it wise to provide additional
reinforcement where the cutouts would
be, so we installed an extra layer of vinyl
on the inside surface of the front of the
enclosure. Since the drivers are mounted
from the outside, the enclosure will
never need to be opened. Therefore, the
two parts of the box were glued together
after first installing the piece of vinyl on
the inside of the front wall.

To ensure a good bonding between the
vinyl and aluminum, Pliobond contact
cement was used for the first layer of
vinyl. Subsequent layers were held in
place with normal vinyl tile adhesive.
The layers were staggered, so that each
joint was covered by the next layer (Fig.
1). We weren't sure how many layers of
vinyl would be required to obtain the
desired result, so we played it by ear.
Tapping the bare box produced the ex-
pected "'ping."” Applying a single layer
of vinyl gave a noticeable effect—tapping
now produced a 'thwack;" after a sec-
ond layer, a “'thunk’’; and after a third
layer, a dull “thud.” We added one more
layer for good luck. It worked!

I had that feeling that you get when
something works out the way that you
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FIGURE 1: Cutaway (top view) of Bud Box

enclosure. Corner joints used “butt and pass”’
method of overlapping to stiffen layers of vinyl.

planned the first time—without those
frustrating dead ends, or Murphy's law
intervening. It's not surprising that the
mass of vinyl absorbed the resonances
of the aluminum—the weight of the en-
closure is an impressive eight pounds.
Waiting until the vinyl was applied be-
fore cutting the holes also worked out
well. The saw cut through the wall like
it was made of cheese—with no chatter-
ing or grabbing normally associated with
bare metal.

A completed speaker weighs over 10
pounds. It wouldn't do to have such a
missile launched in an emergency, so we
decided to bolt it in place. Four three-
inch-long #10 machine screws were per-
manently installed in the enclosure. A
hole was drilled in each corner of the
base, the screw inserted from the inside
and held in place with epoxy.

There is no reason why a car speaker
should be inferior to a speaker used in
a home stereo system. Therefore, the
crossover was constructed using the
finest quality components. Polypropy-
lene capacitors and air-core inductors
were used throughout, and larger-valued
capacitors were bypassed with smaller
units. The capacitors and resistors were
installed on a small perf board which
was mounted in the center of the
enclosure. The inductors were glued
directly to the interior of the enclosure.
Rather than using a normal speaker con-
nector, a six-foot wire was soldered
directly to the crossover. The wire ex-
ited the enclosure through a small hole
sealed with Mortite. The drivers were
glued in place and then secured with
wood screws.

The surface of the vinyl is smooth and
hard, making it possible to cover the
vinyl with real wood veneer. A veneered
Bud Box would have the appearance of

a normal wood or particle board enclo-
sure. Such a treatment would be appro-
priate for a home speaker; however, cos-
metics of a car speaker is quite different
from that of a home speaker. Steve liked
the gray indoor-outdoor carpeting that a
local car stereo installer uses on his cus-
tom enclosures, so he had the installer
carpet the Bud Boxes. Conventional
grilles were fabricated and held in place
with Fastex fasteners.

CONCLUSIONS. Ididn't set out to build
a car speaker—I wanted one that could
hold its own in the home. I believe the
quality of the components used attests to
that. The finished speakers sounded so
good in Steve's car that I just had to try
them in my home system. I was not dis-
appointed—they exceeded all of my ex-
pectations. Although I could present an
in-depth analysis of the sound of these
units, the purpose of this article is to in-
troduce the unique enclosure construc-
tion. Therefore, I would like to discuss
characteristics that would be common to
any design using the concept.

First, I must emphasize that the vibra-
tion damping capability of the enclosure
is an unqualified success. Playing full-
range music containing plenty of dy-
namics, such as rock or up-beat jazz, on
conventional speakers normally pro-
duces pane] vibrations that can be easily
felt when you place your hand on the
enclosure. The Bud Box is completely in-
ert when playing music at normal levels.
When music is played at very high
levels, only the loudest impulses pro-
duced barely detectable vibrations.

Although the Bud Box is no more dif-
ficult to build than a conventional
wooden enclosure, several interesting
options are possible. First is the ease of
recessing a driver. Cut a piece of vinyl
slightly larger than the front of the
enclosure, trace the periphei'y of the
driver on it, and cut out the hole. After
the driver is mounted in the enclosure,
glue the vinyl in place around the driver,
and trim the piece of vinyl flush with the
edge of the enclosure. Drivers with thick
frames may require two or more pieces
of vinyl to make the driver flush with
the front surface of the enclosure.

Although I haven't tried it, I'm sure
this technique could even be used to pro-
vide a little damping for an existing con-
ventional enclosure. Another possibility
of the Bud Box technique is in building
enclosures with time-aligned drivers.
Merely place additional layers of vinyl
under the driver that is to be set forward
in the alignment.

Continued on page 91
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SOLVING THE KLIPSCHORN
THROAT RIDDLE

Over the past few years, a number
of Speaker Builder readers (SB Let-

ters 4/86, 1/89) have been asking ques-
tions about the throat design rationale of
the Klipschorn and its clone, the Speaker-
lab SK. The design, as shown in Fig. 1,
uses a throat opening size of 37 x 13"
that interfaces to two horn ducts, each
with 37 x 13” cross sections. When
Dave Wharren (SB 4/86) pointed out the
differences between the throat plate area
(39 in? and the actual throat area (78 in?),
my first reaction was one of puzzlement.
I could not fathom the reason why a
horn designer would make the throat
opening equal to half the actual horn
throat.

ABOUT THE AUTHOR

Dr. Bruce Edgar is a Space Scientist/Project Engi-
neer for a Los Angeles-based aerospace company
and a contributing editor for SB. His interests in-
clude horn loudspeaker design, woodworking, and
the history of loudspeakers.

BY BRUCE C. EDGAR

Later I asked Paul Klipsch about how
the constricted throat worked, and in jest
he pleaded the Fifth Amendment. But the
situation remained; neither Paul, his en-
gineers, nor any other acoustical expert
I talked with could volunteer a defensi-
ble explanation of how the Klipschorn
throat worked. Dick Moore (Letters 5/89)
described the evolution of the constricted
throat which corrected a response dip of
the Klipsch bass horn above 200Hz. It
was a good empirical solution to a prob-
lem that had bothered the Klipschorn for
many years.

MODELING OF THE PROBLEM. In
a long acoustical waveguide, a constrict-
ing plate can be modeled as an acoustical
inductance as shown by Kergomard and
Garcia.! An inductor in this case acts as
a low pass filter which conflicts with the
results claimed by Moore (Letters 5/89).
This seeming contradiction puzzled me
for some time until I read Small's? A.E.S.

paper on horn design. Using simple me-
chanical-acoustical circuit models, Small
showed that the upper frequency limit
could be increased by using smaller
throat areas. He also demonstrated that
that the efficiency-bandwidth product for
horns is essentially constant and that a
reduction of throat area (resulting in in-
creased bandwidth) would proportion-
ally reduce the efficiency. Small's work
convinced me to try a horn circuit model
approach in investigating the Klipschorn
throat.

For those unfamiliar with mathemati-
cal modeling techniques, the game plan
is to use only the important parts of the
problem to simplify the model. The proc-
ess can be likened to a cartoon where
only a simple line drawing of the gross
features of a subject is needed to convey
the message. First, let's look at a horn
model that uses a normal throat con-
figuration. For our model, I decided to

Continued on page 31
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—SPEAKER SAVER, FILTER ——

KH-2: SPEAKER SAVER AND OUTPUT FAULT DETECTOR. [3:77] This basic
two-channel kit includes board and all board-mounted components for control
circuitry and power supply. It features turn-on and -off protection and fast opto-
coupler circuitry that prevents transients from damaging your system. The out-
put fault detector has additional board-mounted components for speaker protec-
tion in case of amplifier failure. $6

KF-6: 30Hz RUMBLE FILTER. [4:75] This kit implements a 1975 design for a low
frequency garbage filter. The filter knee is set to 30Hz. Roll-off below that knee
is the 18dB/octave characteristic of its three pole design. Gain for the filter is
unity {0dB) but can be simply adjusted for up to 12dB of gain. The reprint of the
article explores the use of the filter with other components in crossovers see kits
SBK-C1A, C1B). It shows how to obtain slopes of 6, 12 or 18dB in high and low
pass filters. The kit contains all parts for building a two channel HPF including
aboard (3" x 3"}, quad op amp IC, precision resistors and capacitors. Requires
a bipolar supply of +15V—the KE-5 is suitable. $30

— AIDS & TEST EQUIPMENT ——

KK-3: THE WARBLER OSCILLATOR. [ 1:79] This unit will produce aswept signal
covering any %-octave between 16Hz and 20kHz. The total harmonic distortion
at the output is less than 1.5%. The output voltage is adjustable from 0 to 1V. When
used with amicrophone it is as effective as a pink noise source in evaluating speaker
system performance. It also reveals the listening environment’s effect on sound
through reflection and absorption. The sweep rate is set at about 5Hz. The kit in-
cludes 3% " x 3%” circuit board, transformer, all parts and article reprint. ~ $70

KH-7: GLOECKLER PRECISION 101dB ATTENUATOR. [4:77] All switches, 1%
metal film and 5% carbon film resistors to build prototype. Chassis, input/output
jacks are not included. $65

KC-5: GLOECKLER 23-POSITION LEVEL CONTROL. [2:72] All metal film
resistors, shorting rotary switch and two boards for a two-channel, 2dB per step at-

tenuator. Choose 10k or 250kQ. $48
KL-6: MASTEL TIMERLESS TONE BURST GENERATOR. [2:80] All parts with
circuit board. No power supply. $24

KP-2: TWO TONE INTERMODULATION TEST FILTER. [1:82] This filter is
designed to isolate the two high frequency tones at an amplifier's input from low
frequency intermodulation products present at the output. The high pass filter cor-
ners at 2kHz and rolls off at 24dB/octave. A 5kHz signal at the low pass input will
be down at the output by 80dB. An article reprint detailing design and use is
included with the kit. All parts are supplied, including quad op amp IC, circuit
board and precision resistors and capacitors. $26

SBK-D2: WITTENBREDER AUDIO PULSE GENERATOR. (SB 2:83] All parts,
board, pots, power cord, switches and power supply included. $80

SBK-E4: MULLER PINK NOISE GENERATOR. [SB 4:84] All parts, board, 1% MF
Tesistors, capacitors, ICs, toggle switches included. No battery orenclosure. $35

CROSSOVERS

KC-4A: ELECTRONIC CROSSOVER, KIT A. [2:72] Single channel, two-way. All
parts including C-4 board and LF351 ICs. Choose frequency of 60, 120, 240, 480,
960, 1920, 5k or 10k. KE-5 or KF-3 supplies are suitable. $14

KC-4B: ELECTRONIC CROSSOVER, KIT B. [2:72] Single channel, three-way. All
parts including C-4 board & LF351 ICs. Choose two frequencies of 60, 120, 240,
480, 960, 1920, 5k or 10k. $18

KK-6L: WALDRON TUBE CROSSOVER LOW PASS. Single channel, 18dB/oc-
tave, Butterworth [3:79], includes three-gang pot. Choose 1: 19-210; 43-465;
88-960; 190-2100; 430-4650; 880-9600; 1900-21,000 hertz. $60

KK-6H: WALDRON TUBE CROSSOVER HIGH PASS: Single channel, 18dB/oc-
tave, Butterworth [3:79), includes three-gang pot. Please specify 1 of the frequen-
cies in KK-6L. No other can be supplied. $62

KK-7: WALDRON TUBE CROSSOVER POWER SUPPLY. [3:79] Includes board,
transformer, fuse, semiconductors, line cord, capacitors to power four tube
crossover boards {8 tubes), 1 stereo bi-amped circuit. $110

SBK-A1: LINKWITZ CROSSOVER/FILTER. [SB 4:80] Three-way crossover/ filter/
delay. 24dB/octave at 100Hz and 1.5kHz and 12dB/octave below 30Hz, with
delayed woofer turn-on. Use the Sulzer supply KL-4A with KL-4B or KL-4C.

Per channel $75 Two channels $140 SBK board only $25.50
SBK-C1A: ELECTRONIC TWO-WAY CROSSOVER. [SB 3:82] 30Hz filter with
W]-3 board & 4136 IC adapted as one channel crossover. Can be 6, 12 or 18dB/oc-
tave. Choose frequency of 60, 120, 250, 500, 1k, 2k, 5k or 10k. The KL-4A/KL-4B
or KW-3 are suitable supplies. $32
SBK-C1B: THREE-WAY, SINGLE CHANNEL CROSSOVER. [SB 3:82| Contains 2
each SBK-C1A. Choose high & low frequency. $60

CDDA. Reusable soft vinyl Disc Ade CD damper from Apature. $18.95

HDTT. Mod Squad Tiptoes decouple system components from surface beneath,
providing greater sound resolution. Special alloy cones, % ”high, 1% ” in diam., are
placed point down under speakers, CD players, turntables, to optimize stabiliza-
tion. 3 per component recommended. $6ea.  3/817

KW-3: BORBELY IMPROVED POWER SUPPLY. [1:87] This single channel, low
impedance supply was designed for the exacting requirements of Emo Borbely’s
moving-coil preamp [2:86, 1:87|. The design utilizes polypropylene caps and 1%
metal film resistors. LM317/337s are used in the preregulator and Signetics
NE5534 in the op amp regulator. The kit includes a low profile 24V toroidal
transformer, 4% " x 5% circuit board and all board-mounted components.

Chassis and heatsink are not included. $135 Twoormore, $128
KE-5: OLD COLONY POWER SUPPLY. Unregulated, + 18V @ 55mA. $20
KF-3: GATELY REGULATED SUPPLY. + 18Vor + 15V @ 100mA. $52
KL-4A: SULZER POWER SUPPLY REGULATOR. $40
KL-4B: SULZER DC RAW SUPPLY. + 20V @ 300mA. $60
KL-4C: SULZER DC SUPPLY w/ toroidal transformer. $85
KH-8: MORREY SUPER BUFFER. [4:77] All parts, 1% metal film resistors, NE531
ICs, and PC board for two-channel output buffer. $22

SBK-E2: NEWCOMB NEW PEAK POWER INDICATOR. [SB 2:84] All parts &
board, new multicolor bar graph display; red, green & yellow LEDs for one channel.
No power supply needed. $14 Two for $22
KL-2: WHITE DYNAMIC RANGE & CLIPPING INDICATOR. [1:80] One chan-
nel, including board, with 12 indicators for preamp or crossover output indicators.
Requires + 15V power supply @ 63 mils.

Single channel $58 Two channels $110 Four channels $198
KW-1: MAGNAVOX CD PLAYER MODIFICATION. Improves frequency re-
sponse. Includes two Signetics NE5535s, two Panasonic HF series 330uF capacitors
and four 3.92k, 1% metal film resistors. $12
KW-2: MAGNAVOX CD PLAYER MODIFICATION. As above, but with two
AD-712 op amps in addition to the NE5535s. $16
KX-1A: DISC STABILIZER. Set of 3 Sorbothane feet, 3 Tiptoes and Mod Squad’s
Disc Damper with 15 centering rings. $70
KY-1: BEERS' BUDGET CD MOD. [1:89] Kit provides POOGE-4 improvements
without additional wiring or circuit boards. Complete parts for assembling
amplifier modules and replacing DAC components. Article reprint included.
Soldering skills required: not recommended for beginners. $95

What's included? Kits include all the parts needed to make a functioning circuit,

such as circuit boards, semiconductors, resistors and capacitors. Power supplies are

not included in most cases. Unlike kits by Heath, Dyna and others, the enclosure, faceplate, knobs, hookup wire, line cord, patch cords and similar parts are not included.
Step-by-step instructions usually are not included, but the articles in TAA and SB are helpful guides. Article reprints are included with the kits. Our aim is to get you
started with the basic parts—some of which are often difficult to find—and let you have the satisfaction and pride of finishing your unit in your own way.
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FIGURE 3: Impedance transformation by a gyrator and a transformer.

Continued from page 28

use Beranek's® mechanical mobility horn
model modified by Leach’s model of the
voice coil gyrator.* Figure 2 shows a mid-
band version which ignores throat reac-
tance, back volume, voice-coil induct-
ance, and front cavity effects and em-
phasizes the mass rolloff effects of the
interaction between the throat and voice-
coil resistances and the mass of the cone/
voice coil.

The circuit elements remaining after
simplification are the voice coil resist-
ance {Rg), the loudspeaker B factor (B
= magnetic flux density in the gap and
1 = effective length of the wire in the
voice coil), the mass of the cone as
represented by the mechanical induct-
ance My, the areas of the diaphragm
Sp and throat Sy, and the mechanical
throat resistance Ry. The constants po
and c are the density of air and the speed
of sound in air, respectively.

The circuit of Fig. 2 uses Leach's gyra-
tor model for representing the way that
the voice coil inverts impedances. (See
Ref. 4 for a good discussion of the gyra-
tor concept.] For the purposes of our
discussion, the voice coil inverts imped-
ances as shown in Fig. 3. (Note: The use
of a gyrator model simplifies Beranek's
model. If you look up Ref. 3, you will
note odd differences between it and Fig.
2 because Beranek's model already in-
cludes the inversion of the impedances.)
The transformation of the mechanical
motion of the cone into acoustical energy
at the throat is represented as a trans-
former with a turns ratio of Sp:S;. The
conversion of impedances through this
transformer and a gyrator are given by
Fig. 3.

By using the impedance transforma-
tions of Fig. 3, we can literally push the
throat transformer through the circuit to
the right and the voice coil gyrator
through the circuit to the left in Fig. 2.
The results are given in Fig. 4. As you
can see, the voice coil resistance and the
signal generator are changed by the By
factor, and the throat resistance is only
modified by the throat transformer.

The mass rolloff trequency occurs at

the frequency where the mass reactance
is equal to the total circuit resistance.
Below the mass rolloff frequency the
horn is controlled by the circuit resist-
ance. Maximum power is transferred to
the throat when the transformed voice-
coil resistance is equal to the throat re-
sistance. From Fig. 4, we have:
—, .

By D
R, ~ 5225

for maximum power transfer. Solving for
which now becomes the optimum throat
area Syg, corresponding to max power
transfer, gives:

R
Sr0 = =75 % CSp By
B¢

a result first found by Keele.5

From Fig. 4, to find the mass rolloff
frequency (Fpy), we equate the total cir-
cuit resistance to the mass reactance to
give:
B’  S3
R Y gpocsr = 27 Fyy Mys

2
So
< ZPocSt
Sy

FIGURE 4. The model of a horn with the trans-
former and gyrator pushed through the circuit.
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FIGURE 5: The circuit model of a horn with a
constricted throat plate before and after the
removal of the gyrator and transformer.

Solving for Fy,, yields:

1
HM™ 2% Mys

Bi® S2

R—E+§ P CSr {2

Noting that the definitions for Fg and
Qgs are given by:

Fg = ——/—— ,l— (3)
27 MMS CMS

RE MMS
B VC

Qps = (4)

MS

where Fs is the driver resonant fre-
quency, Qgs is the Thiele/Small electri-
cal Q, and C, is the mechanical com-
pliance of the suspension, we can group
the parameters in equation {2) to include
Fs {equation 3) and Qg (equation 4.
Thus, we can transform equation 2 by
multiplying with the unity quantity
VvC

Cus / and factoring M, into
VM5 ® JMMS to give:

! . m ]

F =
HM 27 VMMS CMS VMMS

B_Q 2
Rg

RE poc SB
B(* S

Substituting Fs and Qg in the above
equation gives:

Sro

1+
Sr

Fuy = — {5)

If S; equals Sy, then equation 5
reduces to Keele's* result of:

Fum = O {6}

that I quote in the ''Show Horn' article
(SB 2/90). In a similar manner, one can
substitute equations 3 and 4 into equa-
tion 1 to find a simplified T/S version of
the optimum throat area givén by:

Sto = 27 Fs ® Qgs ¢ Vjs/C

But now let us apply equation 5 to the
old Klipschorn without the constrictor
Continued on page 34

TABLE 1

KLIPSCH K-33E T/S PARAMETERS

Fs = 31.5Hz
Qgs = 0.43
Re = 3.50
V,, = 9.25 Ft3
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Continued from page 31

plate. Using the K-33E Klipschorn 15~
driver's T/S parameters (Table 1), we find
that S;o = 100 in? Using an uncon-
stricted throat of 78 in2, the mass rolloff
frequency is 166Hz. If we use the larger
optimum throat size of 100 in?, Fyy, is
146Hz. Clearly, there is a small improve-
ment in the mass rolloff frequency made
by going to a smaller throat size, but it's
not a great one. If we had a bass horn
with a throat size of 39 in? the mass
rolloff frequency improves to 261Hz, but
at the cost of added throat length.

MODELING THE KLIPSCHORN
THROAT. We can account for the con-
stricted throat plate in the present day
Klipschorn by a simple change in the
model of Fig. 2. We change the term Sy
in the throat-diaphragm transformer to
S4, the area of the constricted throat
plate. The Ry term in the throat resist-
ance remains the same because the horn
throat does not change, only the throat
plate. Going through the same circuit
transformations as Fig. 3 by pushing
through the transformer and voice coil
gyrator, we arrive at the circuit of Fig.
5 for the case of the Klipschorn.

Equating the mass reactance to the
total circuit resistance in Fig. 5 to find the
mass rolloff frequency gives:

Bi' S ,
R_£+ 'S?Pocsr = 27 Fipy Mpss (7}
Substituting equations 1, 3, and 4 into
equation 7 and solving for Fj;,, we ob-
tain the mass rolloff frequency for the
constricted throat case:

s
Qs

St S10

5

’
Fum =

Plugging in the Klipschorn parameters
(S+ = 39in? S; = 78 in?, and Sy, = 100
in2}, we find that the mass rolloff fre-
quency has increased to 447Hz, a signifi-
cant improvement. So we now know
that adding a constrictor throat plate can
produce a radical improvement for a
driver/horn system where the driver
does not have a low Q and high F; that
is normally associated with horn drivers.

PHYSICAL INTERPRETATION. One
does not have to wade through all the
math and circuit models to understand
how the constricted throat works. Basi-
cally, when you reduce the throat area,
the turns ratio of the throat-diaphragm
transformer is increased which in turn
boosts up the throat resistance as shown
in Fig. 6. We know that the mass reac-
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CONE
REACTANCE

/ THROAT + V.C. RESISTANCE

{CONSTRICTED THROAT}

THROAT + V.C. RESISTANCE

RESISTANCE, REACTANCE

{REGULAR THROAT)}

FREQUENCY

LMASS ROLLOFF (CONSTRICTED THROAT)
MASS ROLLOFF { REGULAR THROAT)

FIGURE 6: A schematic representation of the voice coil and throat resistances (horizontal lines)
and the mass reactance of the cone (linearly rising with frequency) showing how the constricted

throat gives a wider bandwidth.

tance is directly proportional to fre-
quency which is represented as a rising
line in Fig. 6. Thus, with the constricted
throat you have to go to a higher fre-
quency before the mass of the cone will
swamp the boosted throat resistance, as
compared to the case without the con-
stricted throat plate. And thus you ob-
tain a wider horn bandwidth.

DISCUSSION. The advantage of the
constricted throat is, in the case of the
Klipschorn, that it saves in driver costs.
The K-33E uses a smaller magnet which
is half the weight of magnets used for
musical instrument drivers that I have
recommended for bass horns. And you
pay dearly for those large magnets.
But as usually happens in physics, a
gain in one parameter implies a loss in
another parameter. In the constricted
throat case, you lose efficiency as shown

by Small.2 But I claim that loss is an ac-
ceptable one. My midrange horn sen-
sitivities usually range between 100-
105dB, and my bass horn sensitivities
run higher on the order of 105-110dB,
which I usually have to pad down. So
the loss in bass efficiency actually helps
in system matching.

Another concern in using a constricted
throat is the almost certain increase in
throat overload distortion. With a smaller
throat area, the sound intensity will be
larger which in turn leads to higher sec-
ond harmonic distortion as shown by
Beranek.3 But the throat overload distor-
tion is probably swamped by nonline-
arities in the driver suspension that may
not like working into a small throat area.
So if you want the cleanest horn system
possible, use an expensive musical in-
strument driver in a conventional horn.
But if your wallet is lacking, then the use

RELATIVE RESPONSE (dB)

K-33€E DRIVER

6" x 13" THROAT
{1950's KLIPSCHORN}

3" x 13" THROAT
{MODERN KLIPSCHORN}

1 J

0 1 !
200 250 300

FREQUENCY (Hz)

350 400

FIGURE 7: A comparison of the relative responses of a new and old Klipschorn models using

the same driver.

TABLE 2

T/S PARAMETERS FOR 15" DRIVERS

Fs Qs
Driver (Hz)
Goldstar 1574 19 0.35
JBL 2235 20 0.28
EV Force 15 40 0.51
Sledgehammer 15 43 0.30
Madisound 20 0.47
JBL 2225H 40 0.31

Vas S1o Fs/Qgs Fim
(1) (in2.) (H2) (H2)
11.0 58.5 54 216
16.0 71.7 71 334
10.0 163.2 78 734

7.9 81.5 143 743
12.6 94.0 42 249

6.0 59.5 129 522




of a bass reflex class driver with a throat
constrictor is a good compromise.

EXPERIMENTAL VERIFICATION.
As 1 was finishing up the article, I
wanted a simple way of verifying the
model predictions. So I proposed to Jim
Hunter of Klipsch the following experi-
ment. Take an early Klipschorn with a
large throat from the Klipsch museum
and a present production model with a
constricted throat, and measure their
respective frequency responses in a
chamber using the same K-33E driver.
Jim promptly performed the experiment,
and the results are plotted in Fig. 7. As
you can see, the constricted throat does
improve the response above 250Hz on
the order of several dB. The result also
shows the effects of internal reflections
which can modify the good points of a
constricted throat.

DRIVER CHOICE. After obtaining the
formula of equation 8 that predicts the
mass rolloff frequency, I decided to do
a survey of 15” drivers to see which
drivers might work with a constricted
throat on a bass horn. I assumed the
same throat configuration as the
Klipschorn {S; = 78 in? and S} = 39
in?). Table 2 lists seven current drivers
from manufacturers and distributors
well known to SB readers.

Three of the drivers (Goldsound, JBL
2235, and Madisound) have rolloff fre-
quencies between 200 and 300Hz which
does not make them good candidates for
this application. The Fg/Q, ratio for the
drivers (42-71Hz) indicates that they are
really suited for closed box applications.
And their suspensions probably would
not like a small horn throat. But the EV,
Sledgehammer, and JBL 2225 do have
high mass rolloff frequencies (above
500Hz) and thus would be good can-
didates for the constricted throat horn.
All of these drivers have Fs/Qys specs
above 75Hz. So an ad hoc criterion for
choosing a driver is to make sure that the
ratio Fs/Q; is above 75Hz. The EV and
Sledgehammer drivers have mass rolloffs
above 700Hz. In a realistic folded horn,
the folds would not allow this bandwidth
to be achieved. If one chose to have a
lower mass rolloff, then the resultant
horn would have a larger throat and a
shorter horn length.

CONCLUSIONS. The constricted throat
bass horn design as found in the present
Klipschorn is a result of inspired experi-
mentation many years ago by Paul
Klipsch. But the theoretical understan-
ding for the use of a constricted throat

was lacking until now. With the simple
models presented in this article, one can
now adapt the constricted throat idea to
his own application, recognizing that it
is not a panacea for all of a driver's short-
comings. But if properly utilized in a bass
horn, the design technique can allow a
wider choice of drivers to be considered.
By adjusting the relative throat sizes, the
designer can tailor the bandpass charac-
teristics of his horn.
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The Greatest Summer Speaker Sale Ever!

We’re overstocked and need to make room now ! Brand new speakers
are offered at low prices you’ll never see again! Quantities are limited
and this sale is over as soon as stocking levels are reduced. Call, write
or fax today to order! Here are just a few of the incredible specials:

-The G2R 10" 3-way speaker. A true classic well reviewed in High
Fidelity, Full kits with cabinets in walnut or oak regular $499 pair,
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-Sapphire 2-way high-resolution monitor, "state-of-the-art in imaging,"
says Peter Aczel of The Audio Critic. Full kits with oak cabinets regular
$999 pair, 30 pair left at only $799 pair! Add $50 for UPS shipping.
-Saturns, least expensive subwoofers on Stereophile recommended list.
Add a pair to the Sapphires for only $699, (regular $899), plus $70

-M2R 12" 3-way speaker. Similar to the famous G2R but more bass.
Only 40 pair of oak at $499 pair plus $50 shipping. Save $100!
-Pulse subwoofer pairs in oak with crossovers, regular $548 now '$449
per pair plus $55 UPS shipping. Match many smaller speakers.

Also clearing out a lot of demos and speakers with slightly damaged cabinets. Call for

***Our 30 Day money-back guarantee on all the above, at these low prices we refund half

-AC8 4 ohm, popular polypropylene cone vented voice coil 30Hz Fs 8"
for sealed or vented box. Car sound installers and home builders love
them, regular $45 each, $29 each or ten for $250.
-AC12 4 ohms as above, 19Hz Fs reg. $65 each, $49 or ten for $450
-Focal T90K kevlar tweeters, $29 each
-Focal 5K013L kevlar bass-mids with curves $59 each
-Focal 8K415S kevlar woofers with curves $59 each
-Focal 8N411DBE neoflex woofers $39 each
-Vifa D25A Aluminum dome tweeters $17 each
-Vifa D26T Textile dome tweeters $12 each
***All the above plus shipping, quantities limited***

AUDIO CONCEPTS, INC.

901 S. 4th St. La Crosse, WI 54601
Orders: 1-800-346-9183, 608-784-4570, FAX 608-784-6367
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A MODULAR THREE—WAY
ACTIVE LOUDSPEAKER

BY FERNANDO RICART

For about nine years I have been ex-
perimenting with active systems.
They have usually been full three-way
designs incorporating the equalized
fourth-order filter circuits introduced by
Siegfried Linkwitz in his landmark arti-
cles first published in the May, June, and
December 1978 issues of Wireless World.

After years of trying to modify and
rebuild enclosures (and never finishing
any of them) I decided to build a modu-
lar system with replaceable sections.
Each section is optimized for its function
and can be discarded if a new driver dic-
tates a different design. The units are
covered with matching oak veneer and
finished with Danish oil.

GENERAL DESIGN. Unlike the sub-
woofer and satellite system described in
the Linkwitz articles, mine is a rather con-
ventional three-way design. I determined
crossover frequencies by using subjective
judgment tempered by driver limitations.
Through trial and error I came to the con-
clusion that most tweeters on the market
simply do not sound very good below
3kHz. This determination established the
minimum high-frequency (HF) crossover.
In order to establish an acoustic fourth-
order response characteristic from the
driver and filter combination without
relying on roll-off equalization, the mid-

ABOUT THE AUTHOR

Born in Santo Domingo, in the Dominican
Republic, 38-year-old Fernando Ricart has
a bachelor’s degree in electrical engineering
from Villanova University (1974). With a
professional background in control systems
for industrial and nuclear plants, he is cur-
rently with Public Service Electric and Gas
and lives with his wife and three children in
New Jersey. He built his first speaker from
Isophon and Philips components at age 15
in the Dominican Republic.
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PHOTO 1: Front view.

range driver must exhibit relatively flat
response for at least an octave above the
crossover point.

Equalization of the high end of a driver
is difficult to accomplish, but with recent
advances in diaphragm materials, the
goal of pushing diaphragm breakup res-
onances beyond the working range is be-
coming attainable. Utilizing the driver’'s
mechanical rolloff would negate this ad-
vantage. The requirement for flat driver
response beyond 6-7kHz rules out two-
way designs as well as the use of larger
midranges.

The low-frequency (LF) crossover is af-
fected by several factors. Most ten- and
twelve-inch woofers begin to exhibit
roughness above 500Hz, the midrange
enclosure begins to suffer significant dif-
fraction losses below about 400Hz, the
HF and LF crossovers must be kept suf-
ficiently apart to minimize interactions,

e e

and suppression of LF enclosure panel
resonances at high frequencies is a tall
order. My current system operates with
450Hz and 3.2kHz crossover points.

ENCLOSURE DESIGN. The mid- and
high-frequency enclosures feature round-
ed edges to help reduce cabinet reflec-
tions. Another feature which helps to
reduce refelections as well as provide
flexibility and good looks is a front baffle
covered with %-inch acoustic foam. This
foam, marketed by Audio Concepts, Inc.,
of LaCrosse, WI, also serves to flush-
mount the drivers. To avoid cutting into
the baffle with a router, I surface-
mounted the drivers and then sur-
rounded them with the foam. The instal-
lation of a new driver requires no more
than a replacement foam sheet with a
new cutout. In combination with the
finished oak veneer, the results are very
satisfying.

The HF enclosure is shown in Fig. 1.
I sized it to handle tweeters with flange
widths or diameters of up to 4.75 inches.
This is sufficient for almost any tweeter
on the market, with the exception of the
Polydax* HD13D34 series.

The midrange enclosure is shown in
Fig. 2. 1 designed it to accommodate up
to 5.25-inch drivers, although it is possi-
ble to squeeze in some 6.5-inch units.
The enclosure actually consists of an
outer shell made of Y2-inch particle board
with an inner shell that can be made of
either a 6-inch-diameter cardboard con-
struction tube or one of the subenclo-
sures marketed by some speaker man-
ufacturers.

The volume between the outer and in-
ner shells is then filled with fine-grain
play sand. A subenclosure marketed by
SEAS for their 13cm midrange has an in-
ternal volume of 1.65 liters, while one
made from the 6-inch tube can be made
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FIGURE 1: High-frequency enclosure.

CROSS- SECTION

to yield up to 3 liters in this outer en-
closure. After selecting the midrange
driver, I calculated an increase of the
midrange system resonance from 150Hz
to 170Hz if the smaller 1.65-liter suben-
closure was used instead of the card-
board tube. Since this difference was not
that significant in light of the 450Hz
crossover and the circuit’s ability to com-
pensate for the fundamental resonance,
I selected the pre-made SEAS subenclo-
sure for its convenience. However, any-
one intending to use larger drivers or
lower crossover frequencies may be well
advised to opt for the larger volume of
the construction tube.

BRUTE FORCE. Low frequency enclo-
sure loading is always a controversial
subject. Having built a number of trans-

mission lines for 8-inch woofers which
exhibited superb mid-bass but which
lacked the impact of live music, I con-
cluded that sophisticated enclosure de-
sign could not adequately replace brute
force. The impact of genuinely repro-
duced low frequencies is as much an in-
tegral part of high fidelity realism as low
midrange coloration and extended highs.
Regardless of what some in the English
audio press would lead you to believe,
a small woofer with tight bass that can
"“play tunes' does not resemble live
music.

Since a transmission line enclosure of
adequate length for a 12-inch woofer is
prohibitively large for my listening room,
I had to consider more conventional
sealed or vented systems. Past experi-
mentation with vented boxes in my

listening rooms never yielded satisfac-
tory results. The vents always seemed to
incite room standing waves and con-
tributed to midrange coloration. I have
therefore arrived at my compromise by
using a 64-liter (59-liter net) sealed sys-
tem, equalized to extend LF response
below resonance. The low frequency
enclosure is shown in Fig. 3. Its height
was determined by the need to support
the mid- and HF enclosures at ear level.
The internal dimension ratios were
chosen to minimize standing waves. An
excellent treatment of this subject can be
found in Lubos R. Palounek's "‘Enclo-
sure Shapes and Volumes' in the 3/88
issue of Speaker Builder.

Rather than select heavier 1” particle
board, I attempted to raise the panel res-
onances above the LF range by using

SEAS 13cm
SUBENCLOSURE

CROSS-SECTION
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FIGURE 3: Low-frequency enclosure.

heavily-braced, lighter, % panels. I have
not measured the individual panel reso-
nances but the enclosure performs well
in the standard ‘'knuckle on the side”
test. I lined the walls with aggregate
foam and lightly filled each enclosure’s
cavity with about 1.25 pounds of wool.
This is just enough material to prevent
standing waves but not enough to ap-
preciably change the resonance or Q. I
am not a fan of tightly-stuffed enclo-
sures, as I perceive their sound to be
thick and heavy.

DRIVER SELECTION. My selection of
a tweeter was somewhat evolutionary.
The original active system used the clas-
sic Polydax HD100D25 soft dome. Re-
placing it with a SEAS H107 polyamide
dome resulted in a dramatic improve-
ment in liquidity and transparency.
When a ferrofluid version, the H211,
became available, I quickly installed it.
The results, however, were disappoint-
ing. I found that the transparency had
been replaced by a veiled and rather
two-dimensional sound. When I tried to
measure the resonance and Qr of the
drivers to design the compensation stage,
the measured parameters varied from
day to day and with different input sig-
nal levels. I finally designed a filter using
compromise parameters from the vari-
ous tests, but the results were sonically
inferior to the H107. Eventually I gave
up and returned the H107 to service. In
the 1/86 issue of Speaker Builder "'SB
Mailbox'’), Mr. Linkwitz discussed sim-
ilar findings regarding the variability of

38 Speaker Builder / 4/90

.

ferrofluid driver parameters and even
described a procedure to remove fer-
rofluid from Dynaudio D28 tweeters.
While ferrofluid offers many advantages
in some deisgns, I have since been reluc-
tant to utilize ferrofluid drivers with this
design. Another driver which I used with
good success was the polyamide Polydax
HD11.10D25SP.

Recent developments in diaphragms
have created a new generation of
tweeters in which the upper resonant
frequencies have been raised beyond the
audio range. I have been experimenting
with an aluminum dome, the SEAS
H400, and a Kevlar inverted dome, the
Focal T90K. The H400 has become a
popular original equipment component
in some high-quality commercial sys-
tems—it is easy to see why. It has a
crystal clear quality which is particularly
evident in percussive ''ringing'’ sounds
such as those produced by bells and
cymbals. This is undoubtedly a result of
its >25kHz resonance.

The T90K appears to have a lower HF
limit than the H400. However, it is able
to sonically ‘“‘disappear’’ in a manner
unattainable by the H400. With classical
music, it can convey the timbre, am-
biance, and overall stage presentation of
an orchestra with uncanny realism. The
metal dome is a very promising concept,
but it seems to be very sensitive to the
means employed to protect it and con-
trol its resonance. The H400 is recessed
into its front plate and covered by a grille
with a phase plate. This creates an un-
even radiating pattern which I believe is

responsible for preventing this unit from
equalling the natural sound stage of the
T90K. I elected to use the Focal unit, but
I have included crossover equalization
values for both units here so you may
use the SEAS unit if you wish.

I chose the T90K over the more expen-
sive T120K because of the T90K's more
linear response in the 2-4kHz range and
because its 72mm magnet diameter
creates a mounting hole that is more
compatible with the SEAS H400 as well
as other alternate metal domes. Such
units would be the MB MCD-25M,
Polydax DTW100T125F, and new units
from Vifa, Eton, Scan-Speak, and LPG.

Midrange driver selection has been the
most difficult part of this evolving proj-
ect. For reasons explained earlier, the
midrange’s response must extend be-
yond 6kHz. Until recently, only light
paper cone drivers or some dome mid-
ranges could exceed this criterion. How-
ever, the cone drivers' responses were
usually rough and the domes' LF cross-
over requirements were usually above
700Hz, making their m