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Cabasse

True geodesic honeycomb diaphragm. Only trom Cabasse.
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Exclusively from:

ORCA, Design & Manufacturing Corp.

1531 Lookout Drive
AGOURA, CA 91301
United States of America

Tel: (818) 707-1629
Fax : (818) 991-3072

For informations, call or write.
Free brochure upon request.

Stocking distributors:

Transducer Technology

4320 Spring Valley

Dallas, TX 75244

Tel:(214) 991-6994 Fax:(214) 991-
5016

Zalytron Industries

469 Jericho Turnpike

Mineola, NY 11501

Tel:(516) 747-3515 Fax:(516) 294-
1943



STONECRAFT SPEAKER SYSTEMS builds marble
and granite speaker enclosures. They are
available complete using all Focal drivers
or without components. Each enclosure
is handcrafted with 3" stone cut at a 45°
angle. All electrical connections are sil-
ver-soldered using 16-gauge polarized
copper-stranded wire. Binding posts are
gold-plated through the marble, then sil-
ver-soldered to the copper wire. The mid-
range is housed in its own enclosure
within the cabinet.

For more information, contact Stone-
craft Speaker Systems Co., 8690 SW 10th
St., Pembroke Pines, FL 33025, (305)
436-8582.

Fast Reply #EF253
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SOLEN ELECTRONIQUE imports speaker driver
units from Davis Acoustics. These units
feature carbon fiber, Kevlar fiber, Aramid
fiberglass, and a high-power magnet. They
are colorationless and have low distortion
and dynamic high-power handling.

For more information, contact Solen
Electronique Inc., 4470 Thibault Ave., St-
Hubert QC J3Y 7T9, Canada, (514)
656-2759, FAX (514) 443-4949.

Fast Reply #EF197

The Director™ from AUDIO CONTROL is a
speaker switcher and system controller
capable of handling two different sources
(like a TV and a stereo system) at the
same time. It is a full-sized unit, and other
items in a stereo system, like a compact
disc player, can be stacked on top. Since
it uses speaker wires and speaker level,
it is easy to install and can run all speaker
systems in the house on one amplifier.
The Director contains automatic imped-
ance protection to safeguard the ampli-
fier from problems of connecting too
many speakers.

The Director controls up to six zones
of speakers. Five are dedicated to one
source (like the stereo system); the main
zone may be playing the same music or
a different source (like the TV). The main
zone has a separate volume control.

== Fast Reply WEF564

Good News

A number of US companies, including
CRYSTALLUME of Menlo Park, California, are
finding uses for diamond thin films: x-ray
windows for scanning electron micro-
scopes, diamond heat sinks for high-
power electronics, and possibly wear-
resistant tools. Also, Japanese electronics
companies are planning to manufacture
a line of diamond-coated loudspeaker
tweeters.

PRECISE ACOUSTIC LABORATORIES has unveiled
two additions to their BETA line. The
200BL and the 300BL bookshelf systems
join the floor-standing 400BL and 600BL
speakers. The 200BL is a two-way system
consisting of a 6'%” woofer and a 1” soft
dome tweeter. The system has a sophisti-
cated crossover network, computer-grade
components, gold-plated binding posts,
and double-cabinet construction.

The 300BL is a two-way system that
uses a newly designed 8” woofer and a
1” soft dome tweeter. The 3" MDF
cabinet includes a crossover with gold-
plated binding posts.

Cabinet design integrates the front baf-
fle with the speaker’s stand, which can
be removed. Cabinet finishes include
black satin or hand-rubbed and oiled
North American walnut. Special-order
custom combinations and finishes are
available as are handmade grilles in eb-
ony or graphite.

Suggested retail price is $500/pair for the
200BLs and $700/pair for the 300BLs. For
more information, contact Precise Acous-
tic Laboratories, Suite B, 200 Williams Dr.,
Ramsey, NJ 07446, (201} 934-1335.

Fast Reply #EF103

The suggested retail price of The Direc-
tor is $299 and is available at specialty
audio stores. For more information, con-
tact Tom Walker or Mark Eshom at Audio

Control, 22313 70th Ave. W., Mountlake
Terrace, WA 98043, (206) 775-8461, FAX
(206) 778-3166, TX 3711409.

Fast Reply #EF123
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Unlike a fuse, when a PolySwitch PCT
from RAYCHEM stops overcurrent, it can
reset itself. When a current overload hits
its conductive polymer compounds, the
PTC [positive temperature coefficient|
device heats up and turns nonconductive.
When you lower the current, the device's
conductivity automatically resumes.
PolySwitch PTCs are small, monolithic,
board-mountable, and testable.

For a free sample and more information,
contact Raychem Corp., PolySwitch Divi-
sion, 300 Constitution Dr., Menlo Park,
CA 94025-1164, (415) 361-6900.

Fast Reply #EF372
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RAPIO SYSTEMS announced its R381, a turn-
key FFT spectrum analyzer for Mac 512e,
XL, Plus, SE, or II. It features two inde-
pendent 14-bit A/D channels, an 85dB
dynamic range (1mV resolution on +8V
range due to the 14-bit A/D convertors),
and cut and paste and autosave capabili-
ties. R381 connects to the serial port of
your Mac.

You can set the exact trigger level and
conditions you need with on-screen tools,
or use the external trigger for remote con-
trol. You can also make spot measure-
ments of voltage, time difference, and fre-
quency and zoom in on your signal to
check glitches.

Fast Reply KEF1342

The hardware output bit automatically
toggles on trigger or start of sampling; you
can use it to start an experiment or mea-
surement. You can also read a signal from
disk into either channel and compare it
with the other channel. Also, you can
save your signal complete with setup in-
formation or as a text file.

R381 sells for $2,495. For more infor-
mation, contact Susan Conley, Marketing,
Rapid Systems Inc., 433 N. 34th St., Seat-
tle, WA 98103, (206) 547-8311, FAX (206)
548-0322.

Fast Reply KEF948
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AUDIO VIOED TECHNOLOGIES has published a
guide for those planning to install a Sur-
round Sound system. This fact-filled
booklet covers all aspects from sound
theory to the best Surround Sound format
for your listening room. It also describes
how Dolby, Lucas THX, Sony SRS, and
Omnisound technologies work and ex-
plains the dos and don’ts of high defini-
tion Surround Sound.

High Definition Surround Sound sells for
$6 alone and for $10 with room tem-
plates. With each purchase, a $3 contribu-
tion will be made to the Illinois Institute
of Technology to support HDSS research.
You receive a $10 discount certificate on
your first Omnisound Home Theater Sur-
round Sound order. A dealer list is in-
cluded. For more information, contact
Audio Video Technologies, Inc., 60 E. Ida,
Antioch, IL 60002, {312) 395-6321.

Fast Reply REF407

BENCHMARK MEOIA SYSTEMS has moved due
to an increase in production and the need
for more design and engineering space.
The new facility, located at 5925 Court
Street Rd., Syracuse, NY 13206, includes
a dedicated electronics lab for use in
product development and custom design
work. For more information on Bench-
mark products and dealer inquiries, call
(315) 437-6300 or FAX (315) 437-8119.
Fast Reply REF247



GREGENG oifers the Pre-stressed Enclosure
as a new concept in loudspeaker enclo-
sure design, one which eliminates sound
coloration caused by panel vibratior
Panels are fabricated of aluminum-faced
Lhoneycomb, which is more rigid than
typical panel materials such as fiber
board or particle board. Tension cables
pre-stress the panels internally, which
also enhances rigidity.

Unassembled kits are available from
Gregeng, 9737 Macleod Trail, PO Box
42206, Calgary, Canada T2] 7A6.

Fast Reply #EFGS9
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SuperStuff™ is now being marketed, a
MARRS spokesperson announced. These
modules fit inside a loudspeaker, convey

ing high performance by cushionirg thke ‘

bass waves. Low frequency performance
can be doubled, according to MARRS,
resulting in a superior compact speaker.

The MARRS modules also increase
acoustical volume as much as 100 percent
bv exchanging thermodynamic energy for
kinetic energy in the sound waves, ac-
cerding to Ralph Marrs, the inventor of
super compliant technology.

SuperStuff modules, while interacting
with acoustical energy, are totally passive
and automatic, requiring no connections
or support. MARRS has offered to res-
pond to all communications with advice
or applying this technology in advanced
designs.

Call or write MARRS, 6809 Chateau
Ct., San Jose, CA 95120, (408) 629-8520.

Fast Reply REF369

[ —ge Wi —— = 1l]

THE BINAURAL SOURCE publishes a catalog of
binaural recordings. This is a special re-
cording method designed primarily for
stereo headphone playback. Its aim is to
place the listener where the scunds were
created, rather than trying to bring the
sounds into the listening room. No special
equipment is required for playback of
binaural other than the recordings and a
pair of stereo headphones.

For a catalog and more information,
contact The Binaural Source, Box 1727,
Ross, CA 94957, (415) 457-9052.

Fast Reply #EF410
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CELESTION INDUSTRIES of Holliston, Massa-
chusetts, has reported growth in Euro-
pean and American markets. They show
a 21% increase in sales, a 56% increase
in worldwide operative profits, a 33% in-
crease in production capacity, as well as
increased warehouse capacity.

Headed by Peter Wellikoff, president of
Celestion's US operation, the company
reported excellent results for the first half
of the year. He anticipates continued
growth through the second half of the year
due to the introduction of the Celestion 5.
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SOLEN

4470 Thibault Ave.
St-Hubert, QC J3Y 779
Canada

A & S Speakers

3170 23rd Street

San Francisco CA 94110
U.S.A. (415) 641-4573
FAX 415-648-5306

Madisound Speaker Components
8608 University Green, Box 4283
Madison Wi 53711

L.S.
FAX 608-831-3771

Tel: (514) 656-2759
Fax: (514) 443-4949

A. (608) 831-3433

Fast Reply #EF197
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RAMSDELL AUDIO

27" SUBWOOFER

MODEL SwW2710:
6.3” Edgewound voice coil
103dB/1W/1M (band limited
pink noise—32-150Hz in 15 ft.3 cabinet)
Power Handling—500W RMS
1000W Program
Polypropylene cone—Double Roll Cloth Surround

52 Ibs.

Fs 18.5Hz

Qes .293

Qms 4.16

No 4.0%

Re 5.7Q

Le 3.0mH

Xmax +4mm PO Box 76186

Vas 1720 liters St. Petersburg, FL 33734-6186
Piston Dia. 23.3" (813) 823-8037

NOW AVAILABLE: 27" Passive Radiator $145

Fast Reply HEF163
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About This Issue

How many high-school students do
you know who enjoy math? Rich
Alden’s do. His hands-on teaching
method of speaker building shows
them how math can be practical
and fun. Read about his non-
traditional technique beginning

on page 10.

Arthur Brown'’s at it again. He's
been experimenting with servo sub-
woofers this time. His approaches
begin on page 20.

To overcome the problem of
shared walls, floors, and ceilings in
apartment living, Scott Ellis created
a pair of speakers that prevented
bass from escaping into neighbors’
apartments. Turn to page 32 to see
how he accomplished this feat.

First he completed his version of
the Swan IV, now V.H. Estrick has
built a second-order crossover for it.
His project begins on page 34.

Mark Gadzikowski offers a con-
struction project of a 20W amplifier.
Turn to page 36 for the details.

The Precise Monitor 10 is not so
precise, claims Contributing Editor
Vance Dickason. See page 50 for
his review.

On our cover: Steve Chan, a
former student in Ray Alden's
math/speaker building class at
Stuyvesant High School, holds
the midrange on his Park
Avenue speakers. Photo by the
author.
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INFRA-BASS

TEKTON 21
6 in. diam VC

The TEKTON Infra-bass drivers
are uniquely featured to offer true
extension below audibility. Uncom-
promising design in collaboration
with Kimon Bellas called for ma-
chined steel motor assemblies, mas-
sive cast frame and immense mag-
net structure.

High power (over 1.2 KW at 20 Hz)
and long throw ( close to 1 in. each
way) guarantee the deepest and
tightest bass available anywhere
today.

TEKTON 18

5 in. diam VC
Tm to Orxca Dsgn & Mfg Corp.

LERP s Beisirte iV trerres Pineiidfa:al LERP berie5 18 513878 " Vil tranter Pinciif:d:88

- Besign Nuwmber: § Design Name:Tekton 21, Fbzi2 Hz, 2@ cuft, Vented — Design Number: 4 Desjiyn Name:Tekton 18, 135 cuft, Fb=12Hz, Vented

aph 1'¥ Acoustic On Axis: . FPhase ¥ Rcoustlic On Axis® SPL, Thase
i LS s S B —

| — | =—— e
1+ e . \

!

| E
|
) ‘ i —t
I Vﬁ,#_xrwr,ﬁﬁ,, i

85— —

sa’—*
10




Editorial

LATE NIGHT MUSINGS
ON SPEAKERS AND BRAINS

Those who read my offerings in these pages know I keep a large
table of hobby horses. Like many others I have become keenly
interested in the emerging research regarding the human brain.
The left brain/right brain studies began it all. Since that topic
was first broached over a decade ago, other avenues of interest
have developed.

Dr. Oliver Sacks, whose work I have cited in earlier editorials
and author of Awakenings as well as The Man Who Mistook
His Wife for a Hat, offers the information in the latter that the
brain has the capacity to record permanently every sound a
human has ever heard. The brain, in other words, is a recorder
of gargantuan capacity beside which even the most advanced
memory storage devices from Silicon Valley are dwarfed by
comparison. If this is so, what does it say about the claim that
most people have poor aural memory. Perhaps what needs in-
vestigating is the mechanism of recall and methods of retriev-
ing past experience. Dr. Sacks’ Awakenings has been made in-
to a movie starring Robin Williams as the doctor and Robert
DeNiro as the patient. Well worth seeing according to much
of the critical comment.

Last year we reprinted a fascinating article by Andrew P.
Stiller entitled ""Toward a Biology of Music'* (TAA 1/90, p. 38}.
Dr. Stiller's main point was that the universality of music in
all cultures indicates its biological necessity to human evolu-
tion. Along the way, he also cited vital evidence garnered in
extensive experiments at New York University which indicated
that persons untrained in music process it primarily with their
right brains, while those trained in music or in extensive music
listening, process it with their left brains. The data was ob-
tained from brain scans for activity during music listening
sessions.

L.B. Dalzell, one of our authors, called my attention recently
to the work of Dr. Doreen Kimura at the University of Western
Ontario in London, Canada. Dr. Kimura has done extensive
work on the right/left brain topic and has published results of
research that strongly indicate humans hear music slightly bet-
ter with their left ears and speech a bit better with their right
ears. Of course, our two ears connect to opoosite sides of the
brain. Thus, your left ear hears music a bit better, presumably
because the right brain is, for most of us, the primary processor
for music, the left brain for speech.

Dr. Kimura's work has many critics, but the reports on her
research seem to confirm the growing knowledge about the
ways we use our brains and how that relates to our listening.
She has also done a lot of work on the differences between
male and female brains. One finding is that women's brains
are more symmetric and their verbal skills more equally dis-
tributed between the hemispheres.

PBS recently aired an hour-long special on the brain and sex-
uality. It now appears very likely that the brains of women
and men function very differently simply because the differen-
tiating chemistries that make us male and female also tend to
cause the brain to develop differently. It is possible that all
humans begin existence as female but that males develop on
a different emotional track which affects how the two halves
of the brain interact. To put it too simply, the connections be-
tween the halves of the female brain are more well developed
than those in males.

Our evolutionary development as humans is suggested as
the reason for this difference. Until very recently in our human
time line, males were hunters while females were gatherers.
The male was primarily combative which in the canons of nat-
ural selection means that the best hunter is likely to be the
best survivor— and reproduce himself more often than less
combative males. This might well increase the male’s use and
development of the left brain.

What, if anything, has this to do with audio and loudspeakers?
I think we need to pay a lot more attention to how we listen
and also to the possibility that men and women hear differ-
ently. Few readers of this magazine are women. Nearly every
serious audiophile realizes early that women respond differ-
ently to music systems than do men. They seem far more sen-
sitive to high frequency distortion than males. Has any atten-
tion been paid to the question of male and female distribution
in listening tests?

It certainly should be clear by this time that the qualifica-
tions of those chosen to participate in listening tests should have
their capabilities quantified in some way. It ought also to be
clear thal random choice of participants from the general pop-
ulace in any sort of listening test whether by questionnaire,
ABX, or whatever form are nearly meaningless unless some
care has been taken to determine whether the participants have
developed evaluative skills by either training or experience.

The human being is not a scientific instrument. We know
far too little about how we process sonic data to have full con-
trol over all the parameters that matter in the listener—even
if we knew what those parameters were. If the results of listen-
ing tests are going to be regarded as scientifically reliable, then
the only variable must of necessity be the sound. The human
participant is a bundle of variables most of them undefined.

One of the strangest results of Dr. Kimura’s research is evi-
dence that brain activity and capability is affected by hormonal
levels. Variations in estrogen level in women affect motor skills
in a measurable way and similarly, testosterone level varia-
tions in men affect their spatial ability. Maybe it is not absurd
to check your hormonal levels before deciding that your loud-
speaker system is not giving you adequate spatial clues.

I raise these questions not in any attempt to resolve the old
golden ear/meter reader controversy. Since very little in the
way of basic research appears to be underway sponsored by
the audio industry, we are not likely to have any new objec-
tive, analytical tools for making deeper analysis of what it is
about sound that must be kept intact when it is reproduced.
Those tests we have do not account for the differences we hear
in equipment which measures the same.

All of these ramblings are meant only to remind us that we
do not listen to our speaker systems in a vacuum. Many more
elements enter into whether or not we derive the full measure
of satisfactions we seek. This magazine has been a miraculous
medium for bringing together your very diverse skills from a
truly amazing variety of disciplines. Just as those technological
skills have affected how we build and measure the hardware,
so too other skills in even more diverse fields may well hold
the clues to even better results. And some of those answers
may well lie within our bodies, and more especially our
brains.—E.T.D.

Quumm Fast Reply HEF401

Speaker Builder / 1/91

9



BUILDING SPEAKERS
AT STUYVESANT

ave you ever returned to your

high school tositinonaclass you
took years before? More likely, if you
came back at all, it was to exchange a
few pleasantries, feel a nostalgic twinge,
and quickly get on with your busy life.
In 1982, when [ created an elective
course on speaker building, open to
juniors and seniors, | never realized
how those casual visits of past students
would change into continued involve-
ment with the course.

One or two students typically come
back during their winter break or in late
May or June to work alongside the cur-
rent students to complete another pair
of speakers. Often this former student's
new project is for a relative impressed
with the sound and handiwork of the
original. Sometimes I receive a letter
from far away, a cry for help: "My
roommate blew up my tweeters when
I was away for the weekend. Can you
tell me how to get a new pair?"’ With
each of these contacts, I always sense
some sort of excitement, a desire to
forge ahead and build another pair of
speakers or solve a problem. Never in
this course do I hear the cliche so com-
mon in the ordinary math courses:
"When am I ever going to use this
stuff?”

ABOUT THE AUTHOR

Ray Alden teaches math at Stuyvesant High
School, one of three schools in New York City
specializing in science and mathematics. His in-
terest in sound comes from the old-time traditional
music of the South. He plays banjo and mandolin
in that style, occasionally at festivals with the
North Carolina Round Peak Band. Mr. Alden has
recorded and produced several award-winning an-
thologies such as the double LPs "Visits” and "The
Young Fogies." His fascination with getting good
sound from his musical instruments provided a
natural extension to that of speaker building.
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BY RAY ALDEN

PHOTO 1: Completed speakers: the Ave. A,

the 14th St., and the Park Ave. (photo by Luke Tone)

HOW IT ALL BEGAN. Recently, some
creative science and mathematics
teachers have moved toward a hands-
on approach, believing lectures teach
students the words but not the mean-
ings. Norman Ornstein of the American
Enterprise Institute voices corporate
concerns when he states: ""The Japanese
and the Germans seem more disci-
plined, with a greater work ethic and
better technological capabilities. On a
basic level of math and engineering,
we're clearly behind.”" A number of re-
ports, starting in 1983 with the National
Science Board’'s Commission on Pre-
college Education in Mathematics and
most recently with the American Chem-
ical Society's ""Education Policies for
National Survival,”" emphasize that,
particularly in science, students learn
best when actively doing.

To be honest, none of those concerns
started me designing the course. The
speaker building bug bit me in the late
seventies while I was working onarec-
ord of the old-time country music of Vir-
ginia and North Carolina. The sound
mix cante out of a pair of speakers built
by Bobby Patterson {from McGee Radio
designs and parts) for his smali Heritage
Records company. When [ returned to
New York, I slowly gathered informa-
tion on the design of sealed and vented
enclosures and crossover filters.

It became apparent many basic equa-
tions {such as those designed by D.B.
Keele, Jr.} could be understood by high
school students who had a knowledge
of exponents and logarithms and {if they
had also studied physics) had some ex-
posure to resistors, capacitors, and in-



PHOTO 2: Delivery day—the speakers have arrived from Zalytron. (photo by Howard Chang)

ductors. With my fledgling enthusiasm
for speaker building, I instantly forgot
the adage: ''Fools rush irn where angels
fear to tread."”

My initial idea was to offer a two-per-
iod course in math (to teach the theory
necessary to design the speakers and
build the crossovers) and wood shop (for
building the cabinets and assembling
the speakers. When the chairmen of the
mathematics and the industrial arts de-
partments approached the principal in
1981, the idea was rejected. One year
later, multidisciplinary courses were
encouraged, and the speaker building
course had come alive.

SOME EARLY PROBLEMS. The
chairman of the industrial arts depart-
ment, Frank Wright, was my co-teacher
on the maiden voyage. He was support-
ive and willing ta try new ideas. Unfor-
tunately, my expectations about what
we could aeccomplish in the course
turned out to be unrealistic.

One major error was having the stu-
dents wind all the inductors they
needed for their crossovers. After we
tracked down a source for enamled
wire, Frank and the class set up an old
lathe and began cranking out the large
nuniber of inductors needed. At the
same time, they were building hex-
agonai enclosures for the midrange and
rectangular ones for the woofers and
turning small oval frames for the round
tweeters. Trying io finish the speakers
by the end of the course turned out to
be a nightmare. About 75% of the class
finished their speakers that year, and [
was determined this situation would not
be repcated.

For six tesms, [ worked with the shop
department. In the final one, Richard
Realmuto, a wonderfui woodworker,

ensured that the students finished their
cabinets. At that time, however, a bu-
reaucratic issuc arose dealing with how
credit for the course was to be given,
and it threatenred the existence of the
course. After a joint conference, the
principal decided to permit me to teach
the course alone in one period—in an
ordinary classrcom with one clothing
closet, two electrical outlets, and one
teacher's desk.

Fortunately, I had been in touch with
many supportive driver manufacturers.
Ted Jordan in England answered ques-
tions, Evan Struhl sent Polydax catalogs
full of driver specifications, and Ed
Hanson of Philips-Amperex supplied

PHOTO 3: Eddy Hsu carrying Ave. A cabinets.
{photo by Howard Chang)

books on speaker theory. Ed, a techni-
cal coordinator instrumental in the de-
velopment of the cassette and the dome
tweeter at Philips and a former student
of Stuyvesant, steered me toward a per-
son who would prove to be essential to
the course—Elliot Zalayet, whose fam-
ily owns Zalytron Industries.! Elliot not
only supplied drivers, custom induc-
tors, and capacitors, but also agreed to
build the cabinets, enabling the course
to survive.

THE COURSE BEGINS. Aboul a
month befoare the beginning of the
term, 1 visit Zalytron and find out about

PHOTO 4: Sung Sen, Cavid Polyak, Adam Jaffe, Kahlia Fisher, and Gideon Cohen get a lesson

from Ray Alden.

(photo by Josh Pilner)
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FIGURE 1. Circuit and vector diagrams for a
typical problem-solving session.

good deals on drivers so the students
can get the most affordable speakers.
Elliot and 1 also explore cabinets, re-
viewing those in stock or ones he could
custom-build. I narrow the possibilities
down to three or four, with prices rang-
ing from inexpensive (low-cost drivers
in a two-way Boston Acoustics A-40
cabinet) to moderately expensive (a
three-way 30- or 40-liter cabinet, ve-
neered in a choice of colored formica
using drivers such as the TPX plastic-
coned Audax TX1125FSN midrange
and the now extinct Precision TX205F
8" polypropylene woofer).

By the third day of the new term, stu-
dents are shown the choices and given
box dimensions and costs. They must
make choices quickly so we can get sup-
plies in time to complete their speakers.
One of the nicest touches is that Elliot
provides scholarships for students who
could not otherwise afford to take home
a pair of speakers.

The first month and a half of the five-
month course is devoted to the theory
and design of speakers. This whirlwind
tour leaves me breathless bul allows
enough time in the course to build the
speakers.

The students are initially concerned
with power. ''"How many watts can this
speaker take?'’ is their most common
first question. My mind forms an im-
age of a pool of melted tweetersasin-
form them of electrical devices that
prevent damage by permitting the cor-
rect frequencies to go to the appropri-
ate drivers.

After introducing the capacitor and
the inductor, I give them a sense of
“storage'' in the capacitor and the
understanding that applying an AC cur-
rent Lo an inductor creates a changing
magnetic ficld and a back EMF. [ then
introduce the two basic reactance for-
mulas: X = 1/ 2xFC for capacitance
and X, = 2«FL for inductance {X in
ohms, F in hertz, C in farads, L in
henries).

PROBLEM SOLVING. When dealing
with reactance and resistance, voltages
and impedances are not necessarily
added arithmetically. For example, the
voltage drop across a resistance is in
phase with the current; the voltage drop
across an inductive reactance is 90
ahead of the current. Introducing vec-
tors to represent these phase dif-
ferences, along with Ohm's law (I =
E/R} and the equation for power in watts
(P = I2R), I enable the students to sce
the power supplied to an 8Q speaker
with aninductor in serics with it. They
arc asked to solve in class the following
type of problem using the circuit and
vector diagrams in Fig. 1:

{A} Find X,. They immediately
change the inductance formula to work
in mH.

X, = .0062832FL = .0062832 x 100 x .65
X, =.4084Q

{B) Find the total impedance (Z) of the
circuit. The 90° phase difference is

Ce—
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PHOTO 5: Elizabeth Pan and Mike Gromm work on their speakers on the teacher's desk while
John McGregor, Amy Baxt, and others help or observe.
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Tips for Starting
A Speaker Building
Course

I advise only those who really enjoy
speaker building to attempt this
course. Only with a certain amount
of passion will you have the fortitude
to get through the initial maze. Once
through, however, the rewards are
many. Students will tell their friends
how enjoyable the course was—a
necessary condition for any elective
to survive—and they will be more in-
volved and cooperative than in the
ordinary courses. And parents will
compliment you and appreciate the
course.

Conditions for beginning such a
course will vary from school to
school. Eckhard Lutz, a teacher at
Robinson High School in Ontario,
Canada, said his school is providing
broad support to start a speaker
building program. They will be able
to design enclosures using CAD pro-
grams and then build them in the
shops. I suspect the school will also
be supportive in getting CACD and
CASD. On the other hand, Jeff
Levin, who teaches at the Manhat-
ten Center for Science and Math in
New York, has had to push reluctant
administrators to allow digital and
audio courses using the hands-on
learning style. Even with these dif-
ficulties, he helped a student who
plays the keyboards build his own
power supply, amp, and speaker.

Funding is a potential problem for
any course requiring supplies other
than books. Some students may
want to take the course but be
unable to afford the materials. You
may be able to arrange a scholarship
with a manufacturer. Or perhaps
your school has a parents’ associa-
tion that provides funds. Also, you
could build up a supply of drivers,
electronic parts, and enclosures that
could be built, disassembled, and
used again.

Some people will always say it
cannot be done. It will remain for
you as a creative problem-solver to
show the nay-sayers how to give
courses that not only teach mathe-
matical and technical skills, but also
give students the motivation to want
to learn these skills.




recognized as the Pythagorean theorem
of geometry.

Z =JR? + X2 = V8 + .40842
Z = 8.01040

Sometimes a student observes that
Z=R unless X, takes on larger values.

(C) Find the current flowing through the
circuit using Ohm'’s law.

I = E/Z =20/ 8.0104 = 2.497A
(D) Find the power to the 812 speaker.
P=12/R =24972/8 = .78W

After giving the class this problem, I as-
sign homework: "'Use the same circuit
diagram, except allow the frequency to
vary using the following values: 50Hz,
150Hz, 300Hz, 500Hz, 800Hz, 1kHz.
Then recompute the power to the
speaker.” They are asked to plot a
graph of these results, showing power
on the Y-axis and frequency on the X-
axis. They will see the inductor ''chok-
ing"’ off the power to the speaker as the
frequency increases.

Using the same basic circuit with a
capacitor instead of an inductor, or
jater using both in the circuit, will
show how various frequencies are per-
mitted to play at full volume, while
others are not. Much of this may be old
hat to many of you, but it is a revela-
tion to the students, many never realiz-
ing anything was needed to direct
bands of frequencies to the various
drivers. Other revelations will come
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PROTO &: Left: Mike Gromm gets help on his ‘weeter assembly. Right: Elizabeth Pan hot glues
the back of her crossover board while Paul D'Arcy helps.

when the students find out "'8Q" is a
gross distortion of the real nature of the
impedance of a driver.
Mathematical concepts are intro-
duced at many places in the course so

PHOTO 7: Sammy Pang soldering his Ave. A tweeter.

{photo by Ray Alden)

students learn they are valuable tools
and not merely used to substitute
numbers into equations. I'll give an ex-
ample useful to those who design three-
way crossovers using formulas such as
those derived by solving the reactance
formulas for capacitance and induc-
tance above forCand L: C = 1/ (27FR)
and L = 2xFR.

Students learn that putting the appro-
priate capacitor and inductor in series
will produce a bandpass filter useful for
a midrange in a three-way speaker.
However, one problem mentioned in
books is that the interaction between
the reactance of the bandpass compon-
ents and the reactance of the compon-
ents in the adjacent high- and low-pass
scctions causesdifficulty in the straight-
forward calculation of the midrange
components. That is to say, if you use
the chosen low-frequency crossover
point {F,} and the high-frequency
crossover point (F;;} in the formulas for
Cand L above to calculate the midrange
components of a three-way, the mid-
range will not cross over at those points
but at values below F; and abaove Fj,.

Speaker Builder / 1191 13



PHOTO 8: Barbara Gordon and Ray Alden
discussing soldering techniques.
{photo by Amy Baxt)

One way to deal with this problem is
to find two new frequencies (which [
will call the shifted frequencies, F’;
and F’y) that will correctly compute
the midrange components so the mid-
range will behave as you wish it to.

Finding the shiited frequencies in-
volves finding the means {the average)
between F,; and F,. To the students,
and perhaps to most people, the average
between F,, = 2,500Hz and F, =
500Hzis 1,500Hz—the sum divided by
two. However, something goes awry
when I ask the students to solve the
following:

""Neville Thiele rode for two hours out
into the Australian countryside on a
bicycle going 12 mph for 24 miles, at
which point he had a flat tire and had
to walk back for six hours at 4 mph to
cover the 24 miles. What was his av-
erage rate of speed for the round trip?”’

Again the students would take the
sum of 12 mph and 4 mph, divide by
two, and answer that his average rate
was 8 mpn. However, thisis not the cor-
rect answer. Traveling 8 mph for the
total 48 miles would take only six hours
instead of the eight indicated

The idea of means and averages needs
to be enlarged to arrive at the correct
answer and also to work with the av-
erage of the crossover frequencies in the
bandpass situation. The correct answer
for the round trip problem is obtained
by taking the total distance {48 miles)
and dividing by the total time {8 hours)
giving 6 mph. Doing the same with sym-
bols will give the correct formula for the

14 Speaker Builder / 1/91
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FIGURE 3: Diagram illustrating the relative position of all frequencies in the homework.

average. Take the total distance (round
trip = 2d) and divide by the total time
{d/r, + d/r,). This, when simplified,
gives you R, = 2r;r, /1, +1,.

This is the harmonic mean and it re-
stores the proper balance between the
two rates (Neville travels much longer
at one rate than at the other). The orig-
inal method, the arithmetic mean, does
not give the proper "'weight’' to each
rate,

Now that students realize more than
one type of "average'’ exists, I introduce
a third type of means between F,;; and
F,. the geometric mean. Students are
asked to recall a special proportion
called a "'mean proportional,”’ such the
geometric mean frequency (F,;}, which
falls between F,; and F;:

FH / FM = FM / FL
Solving for F,, gives us:
FM = VFHFL

The bandpass LCR series circuit reso-
nates at F,, acting like a low-pass
filter above F,; and a high-pass filter
below F,,. Figure 2, a trapezoid with
upper base a and lower base b, illus-
trates the relative size and position of
all three means. The inequality

2ab/a+b > vab > a+b /2

indicates that the harmonic mean (HM}
is less than the geometric mean (GN},
which is less than the arithmetic mean
(AO). Also, the geometric mean is the
geometric mean between the harmonic
mean and the arithmetic mean:

GN =VvHM x AO

{AQO is the median of the trapezoid, GN
creates two similiar trapezoids, and
HM passes through the intersection of
the diagonals.)

Since the shifted frequencies have
the same geometric mean as the actual
crossover frequencies, you can write:

FM =VF,LF’H = VFLFH
This means:
F' F'y = F F,

The ratio of the shifted frequencies can
be made one unit smaller than the ratio
of the crossover frequencies, giving the
following equation:

FylFy = (Fyl Fy) - 1

Solving for these two equations gives
you the following:

F, = VF F, | {[Fy/ F) - 1)

and F'y = F ((Fy /! F) -1)

SIMILAR

SQUARE RECTANGLE

L

Iy C

FIGURE 4: Using the Fibonacci sequence and
the golden ratio determines the dimensions of
a room that will produce quality sound.
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FIGURE 5: A crossover—using a Polydax HD 12X9D25 (8%) and Siare

19SPC—designed by formula alone.

1 ARE
1oSP:

FIGURE 6: The optimized crossover using a Polydax HD 12X9D25 (4Q)
and a Siare 19SPC (8(). The 8.5Q resistor in series with the 8uF

capacitor provides impedance compensation for the 19SPC woofer.

The students would then be assigned
a homework problem something like
this: "'Find the inductor and the capac-
itor to use in the midrange section of
a three-way first-order filter so the mid-
range will cross over to the woofer at
500Hz and then to the tweeter at
4,500Hz."'2 (Figure 3 shows the results.}

(A) Find F’| first.
F’, =/4,500{500} / ((4,500/500) - 1) =530.3Hz
(B} Find F'y.
F', =530.3((4,500/500) — 1) = 4,242.6Hz
(C) Find the inductor needed for the
midrange section (midrange = 812) using
the shifted frequency.
L = R/27F’y (in henries) =
159.1549R/F’y (in millihenries) =

159.1549(8)/4,242.6 = .3mH

PHOTO 9: Roman Frenkel about to test his
crossover on the “‘testing”” speaker.
(photo by Ray Alden)

(D) Find the capacitor needed in the
same series circuit.

C = 159,154.9/F’; x R {in microfarads)
= 159,154.9/530.3(8) = 37.5uF

THE GOLDEN RATIO. Mathematical
iceas are woven into the course in other
places as well. The relationship be-
tween the Fibonacci sequence of num-
bers and the golden ratio® are intro-
duced after asking, "Are some box
shapes better suited for speaker enclo-
sures and for rooms in which to listen
to music?'’ The Fibonacci sequence
{1,1,2,3,5,8,13,21,...}, in which each
number is formed by the sum of the two
preceding numbers, would give an ap-
proximation to the floor plan of one of
the ''better sounding'’' rooms if you
picked two consecutive numbers in the
latter part of the sequence.

For example, a 21- by 13-unit room
(Fig. 4) has the ratio 13/ 21. This equals
619047619, a close approximation of
the golden ratio (an irrational number
= .61083...). In other words, it is the
ratio you would get if the rectangle
were divided into a square and a
smaller rectangle similar to the
original. The golden ratio and its recip-
rocal (phi = 1.61803...) can be used to
figure out the optimal dimensions of a
room or a speaker enclosure.

The students are given a problem
along these lines: "'Find the internal
dimensions of a speaker to enclose a
volume of 1,423.83 cubic inches using
the golden ratio."” The solution would
be obtained as follows. The width
would be ¥/1423.83 = 11.25 inches. To
get the depth, multiply the width by
the golden ratio: 11.25 x .61803 = 6.95
imches. Multiply the width by phi to get
the height: 11.25 x 1.61803 = 18.2
inches.

When these three dimensions are
mu'tiplied, you will get a close approx-
imation of the required volume. Fur-
ther, at least two ratios between the

three dimensions will be close to the
golden ratio.

Some people might think my hidden
agenda is teaching mathematics, with
speaker building thrown in on the side.
However, students have made com-
ments such as this: "It seems a lot of
education these days is theory and
memorization. In this course, we learn
the theory involved and then apply it
to a tangible product, and can sce how
what we learn is used."" (Joe Mancuso,
May 1990)

CASD AND CACD. The speaker sys-
tems we build usually vary from term
to term. This is the reality of a fluid
speaker world where the Precision
driver or the Audax Bextrene driver
cecases to exist. Finding what is avail-
able, in what quantity, which are the
best value, and which will perform best
in stock cabinets and which in custom-
designed cabinets arc issues resolved
before the students appear in the class.
Also, a crossover must be worked out
in a manner more sophisticated than
could be derived using a few simple
formulas.

Leisurely experimenting with designs
one month before the completed ones
are needed is impossible. The solution
came from Ken Kantor's articles,
"'Speakers by Design,"" in Audio maga-
zine {(Nov. 1988 and Dec. 1988). It was
there I read about Scientific Design Soft-
ware's (PO Box 3248, Chatsworth, CA
91313} two speaker-building CAD pro-
grams: CASD for enclosure design and
CACD (reviewed by Bob White in SB
1/89, p. 42) for crossover design.* I
wrote to Ken about relying on published
data to use in the CAD programs. Ken
answered, "'In general, you can trust
published response curves, but are bet-
ter off if you can test your own Thiele/
Small parameters.'’ Slowly, I am getting
the equipment needed to measure these
parameters. The most recent acquisi-
tionisa B&K 3011-B function generator
with a built-in frequency counter.
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We give the speakers names reflec-
ting the streets near the school {the
Ave. A, the Park Ave.}. I'd like to high-
light a two-way design we call the 14th
St. This model is based on a stock cab-
inet from Zalytron, the Micro-Acoustics
box, and has dimensions of 17" x 8" x
10”. Its internal volume is approx-
imately 15 liters, making it suitable for
a Siare 19SPC, stocked by Zalytron.
The published parameters for the
19SPC are as follows:

f, = 45Hz
V,s = 20 liters
Qr = .8

Sensitivity = 89dB/I1W/IM

An EBP of 43 suggests that the Siare
19SPC is most suitable in a closed box
environment. Using the data in CASD
verifies that, in a 15-liter box with fill-
ing, the 19SPC is - 3dB at 50Hz, devi-
ating from the reference 89dB by only
1dB in the vicinity of 100Hz. Next,
Elliot suggested a Polydax HD
12X9D25 impregnated fabric dome
tweeter. It has a sensitivity to match
the Siare 19SPC and, with an f, =
800Hz, should cross over nicely at
2,500Hz. If you use an 18dB/octave
filter, the tweeter should not be excited
audibly at resonance. Elliot said he had
the Polydax tweeter in stock only in 44,
but he and several customers had used
it in series with a 5.6Q resistor with ex-
cellent results. This completed the
choices and I proceeded on to CACD
and design of the crossover.

PHOTO 10: A student twisting wires on a pair
of speakers.
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FIGURE 7: The 14th St. crossover diagram.

to
tweeter

*Note: There must be f
a connection (indicated WoO'er
by dotted line). 10

If the students calculate the parts
needed for a two-way, 18dB/octavé fil-
ter, Fig. 5 would be the result. How-
ever, once reminded the termination to
the woofer is not into an 8Q resistor but
into a complex impedance curve that
rises in the higher frequencies due to
the voice coil inductance, they can be
guided to introduce an impedance com-
pensation circuit.5 They are further
reminded the natural falling response
curve of the woofer in the higher fre-
quencies, when combined with the
filter, may produce a curve falling at a
rate greater than 18dB/octave. They
then feel the frustration many of us
have felt when trying to produce a
viable filter.

CACD is introduced to approximate
a target curve of an ideal 18dB/octave
filter. The students are shown a com-
puter printout of a crossover filter
designed by formula alone and CACD
printouts with the addition of imped-
ance compensation and circuit op-
timization. The refined crossover (Fig.
6) shows that with impedance compen-
sation, you need only a 6dB/octave

filter in the low-pass section to achieve
the desired 18dB/octave filtering.

The students are given schedules of
days to work on their crossovers; on
the other days, they help others com-
plete their crossovers. This same tac-
tic is used when they integrate all of
their parts with the enclosure. This
way no one feels stranded if a problem
arises, and the students learn to work
as a team. When nobody has to call for
help, I believe I have been successful
in giving the students independence
and putting myself out of business as
the sole instructor.

TO BUILD A SPEAKER. On the first
day of construction the students are
given a Masonite board, inductors, ca-
pacitors, resistors, and a gob of "'Liquid
Nails'' adhesive caulk (affectionately
called ""the schmutz'’} to stick it all on
with. As an aid in transferring the sche-
matic to a real-life visualization, they
are given the 14th St. crossover
diagram (Fig. 7).

The next time they work on their
crossover boards, "'the schmutz'' has
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FIGURE 8: Schematic of a two-way speaker used to test the crossovers.

dried so the components are firmly
stuck on. Using their hands and needle-
nose pliers, the students wrap adjacent
capacitor wires together, along with
any inductor wire, hookup wire, or
speaker wire that terminates at that
particular junction. Some of the stu-
dents produce crossovers approaching
jewelry making in terms of the beauty
and tightness of the wrapping.

With everything secured, soldering is
next. | find it difficu't to get the stu-
dents to produce a good solder joint at
first; many do not realize the joint must
be quite hot before they apply the
solder. Finally, this idea and the solder
sink in, giving the students a completed
crossover.

Occasionally, even though the cross-

PHOTO 11: Siliconing the hole prior to putting
on the woofer in a ported two-way.
{photo by Venu Pilarshi)

overs looked fine visually, we had prob-
lems once everything was in the enclo-
sure. So, over the past few years, | have
used a device to test them—az two-way
speaker without an internal crossover
(Fig. 8 and Photo 9).

The wonderful part about this testing
device is the students finally sce all the
mathematics, the electrical theory, and
the cold parts come alive. Putting their
cars to the tweeter to determine if the
high-pass section is working gives them
their first visceral fecling in the
course—an exciting moment for them
and me. At that point, we use an old
clementary school device and stick a

PHOTO 12: Steve Chan solders * 8-gauge wire
to his woofer from the crossover board whie
getting help from fellow students.

gold star ot the crossover indicating it
has passed muster.

The second phase of construction is
completion of the speakers. On the first
day of assembly, the students clean the
dust from the side walls inside the
enclosures. This is importarnt since the
hot glue used on the rear of the Mason-
ite crossover boards does not adhere
well to dust.

After that, they run the red and black
hook-up wires out through the terminal
hole, solder them to the correct color-
coded terminal part, and hot-glue the
terminal in place. Students who have
finished become teachers by helping

TABLE |

COMPARATIVE RESULTS—THE 14TH ST. vs. COMMERCIAL SPEAKERS

Student
Mirian Liss

Speaker
Emerson Model 34

Recording/Comments
Pavarotti at Carnegie Mall:

Notes sounded clear and precise on the 14th St.
Sometimes the bass seemed constrained but, at
certain frequencies, it became impressive. The
Emersons played a little louder, but quality and
precision of notes were sacrificed. The bass was
considerably weaker and sounded tinny

Eddy Hsu Altec-Lansing 101
(titanium tweeter,
614" carbon-fiber

woofer, 91dB output)

Forever Young, Alphaville:

The Altecs have a smaller cabinet but mcre power.
The tweeters sounded brighter. The 14th St., how-
ever, had a clearer midrange sound. Voices came

out clearly. The bass was also much deeper. For
less expensive speakers, they held their own.

Kenwood JL-760

(12" woofer, 412"
midrange, 2"tweeter,
totally sealed three-way
with dimensions of
14Y," x 28” x 1014")

Christine Liu

Fisher STV-884

(15” woofer, 4”
midrange, 2" tweeter.
Speakers stand about
3 feet tall)

Ganga Nair

Right Here Waiting, Ricnard Marx:

The piano solo in the beginning was more distinct
and clear on the 14th St. than on the Kenwoods.
Sometimes, | couldn’t tell which were playing. My
parents were surprised at the great sound quality
and professional look of the speakers | built.

The Time of My Life, Bill Medley & Jennifer Warnes:
The bass on the Fishers was deeper, but sounded
good on the 14th St. The balance between bass
and treble on the 14th St. was excellent and gave
the song more clarity.
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out others. This reinforces what they
have learned and gives them a can-do
attitude. This is particularly satisfying
to the female members of the class,
many of whom initially lack confidence
in putting together an electrical device.
Next, the students stuff the box with
a polyfiber called "'stuff and fluff,"” pur-
chased at a local fabric store. Then the
18-gauge speaker wire for the woofer
and the 20-gauge wire for the tweeter
arc run out of their respective holes
and soldered to the drivers. The stu-
dents are careful to cover the cones
with a strip of paper so no solder drips
on the cone or surrounding material.
Then they use a bead of silicone caulk
around the holes as a seal and as an
adherent for the drivers. They try not
to compress the interface, but let the
driver sit on a layer of silicone that will
absorb some of the driver's vibrations.
The next day the students "'power
test’’ their dry, sealed speakers. Our
equipment consists of a 1W/channel
Radio Shack amp and a Walkman or a
portable radio with a 9V battery.
The final assignment was to gauge
their accomplishment against another
pair of speakers (usually their parents’
larger, more expensive speakers) using
their own testing device—their ears. |

further asked them to use several dif-
Continued on page 97

REFERENCES

1. The story of Zalytron is fascinating. Started
by Elliot's father, Nat, in 1955, its emphasis
was on electronic tubes for hobbyists. Nat, who
spoke eight languages, had worked for the
British Intelligence Service and had ties in
Europe and communication with Eastern Bloc
countries during the cold war. At that time,
hobbyists purchased tubes from large corpora-
tions such as RCA, Westinghouse, Sylvania,
and GE. With their virtual monopoly on these
products, the companies could charge high
prices. Nat began to import tubes from Europe
and Japan and sold them under the Zalytron
name at excellent prices. Nat even managed
to get Eastern European tubes, among the best,
through Belgium. Elliot continues this tradition
of giving reasonable prices to the hobbyist by
searching out surplus supplies of excellent
drivers. He is currently putting the finishing
touches on the Zalytron line of drivers, which
will offer high quality at reasonable cost.

2. In the May 1985 issue of Speaker Builder
(2/85, p. 26}, Robert Bullock solves the diffi-
culties of the three-way passive crossover. You
will recognize his equation #3 as the geometric
mean we have used to find the shifted frequen-
cies. The article will help you deal with these
crossovers in a far more comprehensive way
than anything presented here.

3. The golden ratio surfaces in many places:
in art, architecture, nature, and speaker build-
ing. While looking through Ted Jordan’s The
Jordan Manual, | noticed he used it as the solu-
tion to the question '"What value of speaker

Q will damp all three resonances in a bass
reflex speaker simultaneously?’ His answer re-
quired the solution of a quadratic equation of
the form you would get by multiplying the pro-
portion created by a golden rectangle and its
similar rectangle (let the short side be X and
the long side be 1). This would give the
quadratic equation X2+ X -1=0. Ted Jordan
found the Q required is .618, the golden ratio.
You can read more about Ted Jordan in
Speaker Builder 2/84 (p. 6) and 3/84 [p. 26). Fur-
ther reading on eliminating the resonances in
a bass reflex speaker can be found in G.R.
Koonce's "“The QB; Vented Box Is Best'’ (SB
5/88, p. 22).

4. Particular thanks to Al Tarendash, Sandy
Newman, and Mike D'Alleva, colleagues with-
out whom [ never would have obtained CACD
or set up a computer.

5. They may use an impedance compensa-
tion circuit such as that mentioned by Vance
Dickason {The Loudspeaker Design Cookbook,
p. 62} or David Weems [''Make Your Speakers
Behave Like Resistors,’’ Hands on Electronics,
December 1986, p. 68).
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D52AF Mid Range $49.99 30W54 12" Woofer $99.00
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When Focal came up to its new line of injecticn
molded zamac cast frames few years ago, they
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customers all along. The factis, few years later, calls

$4500

Driver: Focal 8VO1DBL
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DEVELOPING SERVO
SUBWOOFERS

Iam very impressed when I run into
something completely different from
previous experience. Hearing a good stereo
recording on my newly developed stereo
system (A Stereo System Odyssey,"” SB
1/89, p. 16} was one such experience. I
had another when I listened to my stereo
with my new servo subwoofers. The
servo subwoofer development appears to
make major improvements in sound re-
production technology.

I have my fourth servo subwoofer on
line and continue to be delighted at the
improvement in clarity and staging and
the absolute quiet when no signal is pres-
ent. I now hear the timbre of bowed
strings and percussion instruments. The
notes flow in a seamless fashion from
satellite to subwoofer as a bass fiddle is
plucked up and down the scale. Organ
notes breathe. The locations of instru-
ments are specific and stable. I will
describe my servo subwoofers and out-
line the approach I used to develop them.

SERVO SYSTEM APPROACH. A
servo speaker system measures the out-
put of the speaker and compares it to the
input signal at the summing amplifier as
shown in Fig. 1. Differences between the
input and feedback signals are amplified
to drive the speaker more like the input
signal. This design approach corrects
speaker overdrive and oscillations muddy-
ing the sound reproduction of open-loop
speakers. It provides linear frequency

ABOUT THE AUTHOR

Arthur Brown has built loudspeakers since 1948,
though inactive from 1960 to 1986. He is also a
hobbyist in electronics, primarily audio and instru-
mentation, and photography. He graduated from
Purdue in 1948 with a BS in Aero Engineering and
worked in the aerospace and automotive indus-
tries, in controls, instrumentation, and product
development. Now retired, he has added the per-
sonal computer to his many activities.
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BY ARTHUR E. BROWN
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FIGURE 1: Servo system diagram.

response over the system's frequency
range and significantly reduces distortion.
A servo speaker system's elements in-
clude a speaker, sensor and feedback
amplifiers, a power amplifier to drive the
speaker, a loop compensation amplifier
for stable servo operation, and a summing
amplifier.

The electronic crossover frequently is
included in the input amplifier, and an
input compensation amplifier may be re-
quired depending on the sensing method.

Let's consider each of these compo-
nents as they apply to the various servo
systems. First I follow these steps in de-
veloping a servo speaker. This requires
being able to build and develop electronic
circuits and the instruments necessary to
obtain data for the development.

THE DEVELOPMENT PROCESS.
1. Iselect a driver and an acoustic suspen-
sion enclosure with a sound pressure
response about 15dB down at 20-30Hz.
This generally results from having a
resonant frequency of 50-60Hz for the

driver in the enclosure. Fig. 2 shows the
sound pressure data (close miked) for one
of the drivers I chose to develop into a
servo speaker.

The speaker should be able to produce
the desired sound pressure level with a
single driver. Using two subwoofers gives
you more power but requires two sets of
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FIGURE 2: The sound pressure at a constant
input voltage for a PP10.2 in a 2.6 cu. ft. box.




electronics. In a servo system, an average
input signal causes the speaker drive
voltage at some frequencies to be at least
four times greater than the average drive
voltage. At those frequencies, the speaker
drive power will be 16 times (12dB) the
average, if not more. The peak-to-aver-
age signal in recorded music is reported
to be 10dB. In my experience, these high
peak signals do not occur at low frequen-
cies. The amplifier and driver, however,
should be selected to handle the added
power.

2. Select the sensor you wish to use for
this system. Install it on the driver and
place the speaker in the enclosure. Meas-
ure the sensor output volts at various fre-
quencies at a constant sound pressure. |
do this with the calibrated mike located
within an inch of the cone. I normalize
the curve by calculating the decibel devia-
tion from an arbitrary voltage and use this
deviation to indicate the sensor's fidelity
in representing the sound pressure of the
speaker.

If the fidelity is not acceptable, you
need to compensate to make it satisfac-
tory or use another sensor. With constant
sound pressure, acceleration sensors pro-
duce a nearly constant signal at frequen-
cies below the sensor resonant frequency.
A velocity sensor has a 6dB per octave
attenuating curve with rising frequency;
a position sensor has a 12dB attenuating
curve.

3. I like to measure the sensor voltage
in response to increasing speaker drive
voltage. If it follows the speaker linearly,
the sensor will be an accurate represen-
tation of the speaker as a feedback signal
at all power levels. If the linearity is un-
satisfactory, reconsider the design. Do not
burn out your speaker by driving it with
high-power sine-wave signals for a long
period of time. The speaker RMS (sine
wave) wattage rating is different from the
usually published music power rating
(also see the sidebar ''Travel Limits of
Drivers"').

4. Once you accept the sensor, you
need to develop data showing the
speaker/sensor gain and phase shift.
Measure the speaker drive volts and the
sensor volts over the range of sine-wave
frequencies. Also obtain the phase rela-
tionship between the two voltages.

5. Determine the loop compensation
required for loop stability. An appropri-
ate loop gain curve has a peak (10-20dB)
in the center of the frequencies over
which you will servo the speaker. The
gain curve falls off through 0dB at higher
and lower frequencies. I plot the phase
data from 150° to —150° as the phase
shift from the central frequency, usually

61
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FIGURE 3: Relationships of the lead, coinci-
dent, and lag phases.
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0° or 180°. The loop compensation am-
piifier, an active filter, provides the
shape of the loop gain/phase curve that
is not present in the driver/sensor curve.

Once the compensation is established,
adjusting the loop gain will change the
frequencies where 0dB occurs without
changing the phase shift curve. Higher
loop gain increases the spread of the 0dB
frequencies and lowers distortion. The
0dB frequencies should be the same as
the 130° phase-shift frequencies. Too
much loop gain produces undesirable
regeneration.

6. Build a breadboard of the loop am-
plifiers and hook it up to the power am-
plifier and driver/sensor. Run the open-
loop gain and phase data to determine
whether it satisfies the requirement (step
5). I input the signal where the sensor
is normally connected, reading the out-
puf at the sensor. If it is unsatisfactory,
redo steps 5 and 6 to refine the curve.
Do not connect the sensor to the sum-
ming amplifier until later (step 7).

7. You must verify and set the phase

RIVE WGET (}\
PR\ ¢

(INE

FIGURE 4: Diagram of a dual-magnet speaker.

of the loop signals. Figure 1 indicates the
two signals have opposite signs—180°
out of phase. Figure 3 shows the correct
phase relationships of the input and sen-
sor signals at the summing amplifier. If
the phase is incorrect, you must change
it somewhere in the loop—usually by
switching the leads at the speaker. Figure
3 also illustrates how the amplitude and
phase change as frequency varies from
the maximum gain (central) frequency.
Once the requirements of gain and phase
are satisfied, you can connect the sensor
to the summing amplifier to close the loop.

Record closed-loop data by feeding a
signal to the loop at the point where the
input signal normally goes to the sum-
ming amplifier. Measure the sensor
voltage at the summing amplifier input
(it represents the sound pressure). The
response curve of the servo (20 *
LOG(Sensor/Input)) should be a reason-
ably flat curve. If the rise at either end
is more than 3dB, lower the loop gain.
If only the low or high frequency has no
rise, the loop compensation may be in-
correct. Consider revising the compen-
sation amplifier. The two designs [ detail
show examples of these criteria.

8. The input amplifier compensation
depends on the sensor selected. An ac-
celeration sensor needs no input com-
pensation, a velocity sensor requires a
6dB attenuating curve, and a position
sensor needs a 12dB attenuating curve.
(You will see these curves in my descrip-
tion of each system.) You also should
consider your crossover requirements
and the means of balancing the drive
between satellites and subwoofer. I pro-
vided gain adjustment in the input am-
plifier for this balancing operation.

9. At this point, I package everything
into an integrated system for easy inter-
connection and control. I always re-run
my open-loop gain and phase data on
this package to ensure everything is cor-
rect before I close the loop. I have found
wiring errors, and once I blew several
ICs because I failed to check the phase.
You could even destroy a power ampli-
fier or speaker. It is also desirable to
record the open-loop gains and phase for
future troubleshooting.

10. Finally, I set the balance of the sub-
woofer sound pressure with that of the
satellites. I adjusted the subwoofer input
amplifier gain to obtain equal sound
pressure readings at 12” in front of each
speaker.

SERVO SPEAKER SYSTEMS. Sound
pressure sensor method. I stated
earlier I had built four servo speaker
systems. I reported on the first in "'Servo-
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PHOTO 1: Dual-magnet speaker.

Controlling the AR-1"" (SB 3/89, p. 24).
This approach used the sound pressure
generated by the driver and sensed by
a microphone as the feedback method.
Its principal benefit lies in using the pa-
rameter you wish to control—sound
pressure.

One of its serious limitations, however,
is the high sound-pressure level required
by mounting the mike close to the
speaker cone. Using a .3” {.76cm) mike
distance, you can calculate a mike sound
pressure level of 162dB for a maximum
of 100dB at 1 meter from the speaker. The
equation for this calculation follows:
Maximum Sound Pressure (dB} = {10 x
log{(1,000cm / .76cm)?)} + 100. The way
recorded material was reproduced on this
system indicated the servo speaker tech-
nique worked.

Cone position sensing servo. Of the
remaining three methods (measuring the
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FIGURE 5: The characteristics curve of a
PP10.2.
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FIGURE 6: The sensor linearity of a PP10.2.

cone position, velocity, and acceleration),
the position sensor method demonstra-
ted low distortion as one clear benefit of
the technique. I used a Hall Effects De-
vice {a sensor of magnetic field strength),
a Texas Instruments linear sensing device,
type TL173C. (This application requires a
linear sensing device, not a switching
device.)

I had hoped the Hall sensor would in-
dicate the movement of the cone as it was
exposed to the magnetic flux lines spread-
ing between the poles of the magnet. My
test, however, showed the magnetic flux
varied with the position of the coil and
with the speaker drive current. This was
unsatisfactory.

I'then mounted the Hall Device on the
voice coil, but away from the driver mag-
net, so | could build a separate magnet
structure. The test showed as major prob-
lems the low output of the Hall Device
and its susceptibility to noise. Even
though I had filtered the sensor carefully,
the speaker system background noise

PHOTO 2: Morel PP10.2 dual-magnetic speaker.
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was at an absolute level of 60dB in my
living room—too high for a true high-fi-
delity system. Otherwise, its performance
was clean and unobtrusive. 1 listened to
this system for about a week.

Cone velocity sensing servo. | at-
tempted to use the second coil of a dual
voice coil/lone magnet speaker (Madi-
sound type 10204) to sense cone velocity.
My tests showed that the sensing coil pro-
duced a voltage proportional to cone vel-
ocity and to the current in the driving coil.
This was unacceptable.

My next configuration had a second
coil on the driver coil form with its own
magnet structure, located external to the
driven coil magnet system (Fig. 4 and
Photo 1). 1 made the sensor coil longer
(-8”) than the driver coil to ensure [ was
sensing the cone velocity at all displace-
ments. However, I was unable to elim-
inate the rubbing friction that destabil-

Continued on page 24

TABLE 1

MOREL PP10.2 DUAL MAGNETIC SPEAKER
SPECIFICATIONS PER COIL

SPECIFIED  MEASURED

Power 100W
Nominal Impedance 4Q
Sensitivity 92d8
Freqgency Response 25-1.5kHz
RDC 3.7Q 3.6Q
Voice Coil 47mH

Inductance
Air Gap Length 6mm
Voic Coil Length 14.5mm
BxL 5.11WB/m
Qus 1.46 1.708
Qes 1.15 .891
Qr .64
Vas 109 liter  50.176 liter
Effective 380 sq. cm

Cone Area
Moving Mass 43 gm
Ryec 6.13 ns/m
Natural Frequency 33Hz 42Hz




Here are three fine quality products exclusively brought to you by Kimon Bellas. We are not talking "magic”. The only

reason these products have been selected is simply that for a minimum expense they will allow you to clearly improve
the sonic quality of your system . Attention to details often pays off many times.

These products are in stock at the following distributors:

Advanced Audio Products 1916 Pike Place, #1243, Seattle, WA 98101 Tel: (206) 527-3393

Big Cove Research 105 Catherine Drive, Owens Cross Road, AL 35763 Tel: (205) 881-8677

Speakers Etc... 1828 W. Peoria, Phoenix, AZ 85029 Tel: (602) 944-1878

Watters Sound Wave Co. 4320 Spring Valley, Dallas, TX 75244 Tel: (214) 991-6994 Fax: (214) 991-5016
Zalytron Industries Corp. 469 Jericho Turnpike, Mineola, NY 11501 Tel: (516) 7473515 Fax: (516) 294-1943
OEMs: for quantity orders, please contact directly Focal America, Inc. at (818) 7071629 or Fax: (818) 991-3072

self-healing, mon inductive and moistproof, these capacitors

f SCR metallized polypropylene capacitors
‘ represent an exceptional value

g 1700 WP
b

00AMAC 830 V DT

10C,

S0/

0
=S5 -40 -25 -10 0 F] 0 55 70 85

Variation of capacitance vs temp.(C) Loss angle Tg vs temp (C)
400 VAC/630VDC reinforced metal. polypropylene e Mn‘";. = '
(tested at 1,000 VAC ). pdlyprop 1 LT T | e T
Faster rise time than lower voltage caps. 1000 g e p e = % ==
Ideally suited for X-overs as well as electronics. 100 malge ez _— 10 -
5% precision e ol s Bois i
Ultra compact winding ( stronger high voltage fiim allows . 37 e s i B TR s bengeepeis.
a higher tension winding than lower voltage film ) reduces L ! 102

i R 5 w? : 104 55 40 - 00 20 4 55 M 8
microphonics. Polyurethane filled core and encapsulation. Loss angle Tg vs freq. ri Rinsulation vs temp (C) o

Thick PVC heat shrunk envelope ( not tape wrap).
14 AWG Teflon damped silver coated pure copper leads.
Dissipation factor at 20 C. 1 Khz : from .1 microF to 20 microF : Tg < 12.10-3.

value Diuameter Length retail § $ $
010 1.35 3.0 878 1.125 23 10.0 1.375 1.75 4.27
0.22 1.48 39 937 1.5 267 120 1.375 2.5 4.83
0.33 1.53 4.7 1.0 1.5 286 15.0 1.375 25 5.49
047 1.58 5.6 1.0 1.625 3.06 200 1.5 2.5 6.10
1.0 625 875 1.94 6.8 1.0 1.75 337 Any special value upon request
2.0 15 1.12§ 2.16 8.0 1.128 1.75 3.74

” + l : d Precision machined spikes and inserts. A clever umiversal sys- y i

QV e Ief O\J IO tem to control and drastically reduce unwanted floor coupling, ~ Partinbulk _ suggested retail per part

Solid brass insert 1.40
(hole diam.: 10mm = 3/8)
(hole depth: 14mm = 9/16)

Black steel nut (8mm = 5/16) 0.15
Black steel single spike 1.25
(Bmm X 43mm)=(5/16 X 1.11/16)
Chrome steel double spike 1.85
(8mm X 30mm)=(5/16 X 1.3/16)

Solid brass protector 0.85

(diam. 13mm = 1/2)

Polished brass binding posts.
Accept RCA plug or up to 4 AWG naked wire.
< Shaft is long enough for 3/4 in. wall thickness.

Suggested retail per piece in bulk: $ 4.25
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Continued from page 22
ized the servo loop. I abandoned that
buildup.

Morel makes speakers with dual voice
coil/dual magnets and with single voice
coil/single magnets. | chose the model
PP10.2 from their dual coil/dual magnet
line of speakers. Photo 2 shows this
speaker. In normal use, the dual coil/
magnet functions the same as the dual
voice-coil speakers—right and left stereo
signals summing in the speaker. I used
one coil/magnet to drive the speaker and
the second to measure cone velocity.

Table 1 lists the published driver spec-
ifications and the parameters I meas-
ured after 24 hours of use. The values
of V, and natural frequency varied
considerably.

Figure 5 confirms the 6dB attenuation
characteristics of a velocity sensor when
the speaker generates a constant sound
pressure. The linearity data shown in Fig.
6 was run at 50Hz. Just above 14 drive
volts, the speaker voice coil hit the stops
of the magnet frame—one way to deter-
mine the travel limits. Fourteen volts in-
to 4 equals 49W. The sound pressure
at 1 meter was about 101dB at this input
level. The deviation from the estimated
linear data is smooth and should in-
troduce little distortion—something I
could live with.

The speaker/sensor gain and phase
data {in a 2.6 cu. ft. enclosure) are shown
in Fig. 7. The enclosure had no absorp-
tion material. I found the breakup in the
curve was related to the enclosure di-
mensions, causing interference and rein-
forcement at 350 and 420Hz, respec-
tively. I installed a temporary deflector
to change the front-to-back reflection and
absorption felt to change the lengthwise
reflections. Then, after I recorded the
gain data for this configuration, I filled
the enclosure with long hair wool, poly-
ester, and felt and repeated the gain data.

The data on all three configurations is
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shown in Fig. 8. The most significant
change occurred when [ stuffed the box.
The 350 and 420Hz deviations are sig-
nificantly smoothed and the gain curve
is lowered and shifted. My first reaction
was to use the stuffed configuration. I re-
jected the idea after I determined the re-
quired loop compensation. Using at-
tenuation of the high frequencies to limit
the reflection behavior of the untreated
box was the remaining option.

I used the open-loop gain and phase
data shown in Fig. 7, therefore, to de-
velop the loop compensation—a
second-order (53Hz) bandpass ampli-
fier with damping of 1.3. The response
provides 6dB per octave attenuating
curves at each end of the frequency
range (Fig. 9). This gave me the open-
loop gain and phase data shown in Fig.
10 where 1 obtained 0dB crossings at
15 and 180Hz. The phase shift from the
central frequency of 55Hz was 130° at
the low 0dB frequency and 125° at the
high 0dB frequency. I closed the loop
and obtained the loop (only) data in Fig.
11. A 1.5dB rise occurs at 12Hz and a
3dB increase at 200Hz.

The servo defined above is a velocity
servo. The characteristic curve shown in

Fig. 5 is duplicated in the input ampli-
fier with a second-order bandpass
amplifier of 20Hz and a Q of 1. The
response shown in Fig. 9 between 20Hz
and 100Hz is the 6dB per octave at-
tenuating curve corresponding to the
characteristic curve of Fig. 5. The
response falloff above 100Hz of this
amplifier results from the crossover com-
pensation filter. The final system re-
sponse curve (loop plus input amp) in
Fig. 11 is flat except for about a 1dB rise
in the 18-25Hz range. The rumble filter
effect is a result of the input bandpass
amplifier where the curve below 20Hz
is 12dB different from the curve above
20Hz. This attenuation, plus the inherent
attenuation of the servo response, pro-
vides an effective rumble filter below ap-
proximately 18Hz.

The special electronics for this system
are shown as a circuit diagram in Fig. 12.
The circuit is built on a perfboard with
point-to-point wiring and uses three
operational amplifiers. I used Don Lan-
caster's Active-Filter Cookbook (Howard
Sams, 1975) for all my designs and
adapted circuits by selecting components
for my specific design.

Continued on page 26
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FIGURE 10: Servo loop performance of the
PP10.2.
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The Audio Concepts, Inc.
Synthesized Bandpass'™ Sub 1

What if you could have a stereo pair of
attractive, compact subwoofers that gave
clean, precise response to below 20Hz
with low distortion and outstanding
impact?

Introducing the revolutionary Sub 1 from
Audio Concepts, Inc. At only 25" tall by
13" wide by 14" deep, the Sub 1 is the
first design using the "Synthesized
Bandpass" (SB™), principle developed by
Audio Concepts, Inc.

What is the "Synthesized Bandpass ?"
The SB™ utilizes a passive filter
interacting with the driver and cabinet to
approximate the characteristics of a
vented bandpass design. However, the
SB™ does not require multiple chambers
and tuned ports, therefore the SB™
provides the dynamic range and compact
size of a conventional bandpass while
eliminating the tuning difficulties and
resonances of ports and chambers.

What does the Sub 1 compare to?

The only competition for the Sub 1 comes
from large transmission lines, giant vented
enclosures and motional feedback systems.

All competing systems are much larger
and or much more costly.

How is the Sub 1 used in a system?
Each Sub 1 contains two completely
separate crossover boards. One board
feeds the subwoofer driver and one board
connects to the outputs. All connections
are heavy duty gold-plated five way posts
and are mounted out of sight on the
bottom of the enclosure. Connect your
amplifier to the input posts and connect
your main speakers to the output posts.
The upper bass output level is adjustable
via a jumper to compensate for your
listening room and listening tastes.

What can the Sub 1 be used with?

The Sub 1 makes an excellent match with
our own Sapphire II or Little V speakers.
Package pricing is available. The Sub 1
can also be successfully matched with
most speakers having a four to eight ohm
load and a sensitivity of around 87 to 90
db. The Sub 1 presents an easy amplifier
load and can be driven with as little as 40
watts per channel.

The Sub 1 is the finest subwoofer Audio
Concepts, Inc. has produced. Low organ
pedals, symphonic bass drums, and
synthesizers are all reproduced with stunning
realism by the downfiring 12" drivers.
Equally important, the Sub 1 faithfully
reproduces the subtle but musically critical
qualities of difficult instruments such as
piano and string bass.

All who have heard the Sub 1 agree, it is
an exceptional subwoofer in a very
attractive package. At $699 for a pair of
full kits, (§)799 assembled), including UPS
Ground shipping, it is the absolute best
value in high-performance subwoofers!

Call today to order or find out more!

Audio Concepts, Inc.
901 South 4th Street, La Crosse, WI 54601
Sales: (608) 784-4570 Fax: (608) 784-6367
Orders and Catalog requests: (800) 346-9183
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FIGURE 12: PP10.2 circuit diagram.

{PONER INDICATOR

Continued from page 24

I used the LF353 operational amplifier
for the compensation and summing am-
plifiers. The compensation amplifier is

TABLE 2

PP10.2 CIRCUIT DIAGRAM PARTS LIST

ITEM ary. REF. PART
Resistors
1 3 R1, 2, 17 10k
2 1 R3 2.5k
3 4 R4, 7, 8, 11 100k
4 1 RS 330k
5 1 R6 76k
6 2 R9, 10 153k
7 1 R12 470k
8 1 R13 82k
9 1 R14 75k
10 1 R15 300k
11 1 R16 269k
12 2 R18, 19 68k
13 1 R20 4.7k
14 1 R21 92k
15 1 R22 39k
16 1 R23 120k
17 1 R24 500k
Capacitors
18 2 C1,2 .015
19 4 C3-6 .049
Miscellaneous
20 2 J1, 2 RCA jack
21 1 U1 TLOB4
22 1 U2 LF353
23 1 u3 1458

the second stage and is configured as a
second-order bandpass amplifier with
the break frequency and damping de-
scribed above. The two capacitors and
the input and feedback resistors deter-
mine the resonant frequency. The ratio
of the two resistors determines the Q of
the circuit (damping = 1/Q). The center
frequency and Q were chosen to provide
the gain and phase shift required by the
specified open-loop response. In the
summing stage, the sensor signal comes
through the 68k resistor and the input
signal comes through the 10k resistor. 1

chose the amplifier feedback resistor
(68k) and the two input resistors to pro-
vide the relative signal levels and the
loop gain I needed. The power amplifier
has a gain control to provide the final
loop gain adjustment.

Half of the 1458 dual-stage operational
amplifier provides gain for the signal go-
ing to a power level indicator, a ten-
segment LED with a LM-3915 driver for
3dB indicator steps. The power meter
uses the signal going to the power am-
plifier. This signal represents the speaker
drive voltage once the power amplifier

LEAD YIRE

DISC DAMPING ﬁ(\

/s

pISC —
SPACR

FIGURE 13: AR-1 disc assembly.
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PHOTO 3: Disks from piezoelectric tweeters.

gain is set. The power meter was used
in the absence of power-limiting circuits
for the low frequencies.

The TLO84 operational amplifier serves
four functions. The first stage sums the
right and left satellite signals and provides
gain adjustment. The second stage sec-
ond-order low-pass filter provides the
110Hz crossover function. The high-pass
filter (110Hz) of the crossover function is

the result of sizing the satellite enclosure
(described in my A Stereo System
Odyssey '’ article mentioned earlier). The
third stage provides gain and the fourth
stage the integrating function needed to
convert the input acceleration-related sig-
nal to velocity-related signal. It is a sec-
ond-order bandpass network tuned to
20Hz and a Q of 1. This circuit also pro-
vides the rumble filter.

This velocity sensor servo speaker is
a servo speaker and provides all of the
performance benefits attributable to
the servo approach discussed in the
second paragraph of this article. I lis-
tened to this system for six months
before I installed the acceleration sen-
sor speaker system described below.

Cone Acceleration Sensor Servo. |
undertook the acceleration-sensing sys-
tem to prove an inexpensive acceleration
sensor could be devised allowing any
driver to be converted to servo action.
The Morel PP10.2 cost me about $160,
a significant investment especially if you
have low-frequency speakers that could
be modified. I was interested in develop-
ing something that did not need instru-
mentation accelerometers (normally

PHOTO 4: AR-1 disc mountad on the dust
cover.

costing $500 or morej. [ was aware of the
Velodyne servo subwoofers using the ac-
celerometer as feedback. Other servo
speakers were listed in the annual direc-
tory issue of Audio magazine, but with
little information.
After I was well into this project, Hans
Mortensen’s article "An Acceleration

[
Travel Limits
of Drivers

I often find myself looking at a new
driver and wishing I knew the travel
limits of the voice coil—the actual limit
of travel or the power at the travel
limit. The technique described here
was suggested by my son, Jack L.
Brown, of Irvine, California. I tested
several drivers in this manner and feel
Il it works well enough to set controls on
|| speaker drive. My data on my AR-1
driver illustrates the idea.

The concept is based on the fact that a
dynamic driver is a spring-mass resonant
system. The displacement resulting
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FIGURE A: Travel limits: typical response.

from a driving force is mass-controlled
above and compliance-controlled be-
low its natural frequency. Below the
resonant frequency, the mass term of
the force equation is small compared
to the compliance term. The following
equation, therefore, provides an esti-
mate of the behavior of the speaker at
frequencies below its natural frequency
{N = Newton, m = meters):

BLi [N} = F = x(m) / C{m/N)

The compliance (C} is essentially a
constant. The force increases with cur-
rent (i) until the coil reaches the displace-
ment {x) where the coil begins to leave
a constant magnetic field. Beyond this
displacement, the BL product starts to
fall off; it is no longer a constant. The
force and the travel are no longer in-
creasing proportionally to the current.
The upper curve in Fig. A illustrates this.
The illustration is simplified since the
BL product does not change abruptly.

This modification in the travel pattern
will show up in the sound pressure sig-
nal as a distortion, which you could ob-
serve with a distortion meter. We looked
at the electrical output of the sound pres-
sure meter and found a start of distor-
tion similar to that in the lower curve
in Fig A. The feedback sensor electrical
signal should also show the distortion.

If you use the sensor signal, you may see
the limit of the sensor capability or the
drive coil travel. In either case, it is a
lim# you should observe in servo sys-
tems. I have not tested this sensor idea.

Using this concept, I drove the AR-1
low frequency driver in the enclosure
with sine-wave signals. I looked for the
start of this sound distortion at each fre-
quency. I plotted on Fig. B the average
of five voltage estimates of the start of
distortion at each frequency. I visually |
judged the displacement of the cone to |
be tke same at all the test points, about
1%’ peak to peak. I also plotted on Fig.
B a 6dB per octave curve. The scale on
the right represents the power to a 4Q
speaker. I used this data to set my power
monitor.

. E— e — m
1

12t S B »:x hs

|

—~
:// ‘ﬁ@@ —te |

L
7 - S SR S— L

61 — + —+——— . — T —T —-l~6
18 z E 0 M

Prequency
FIGURE B: AR-1 speaker: travel limits.
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FIGURE 16: AR-1 open loop data.

Feedback System'' (SB 1/90, p. 10) was
published. His work covered the use of
piezoelectric disc sensors taken from
loudspeakers—just what I was doing. He
also applied it to existing speakers.

I looked for commercial devices with
usable piezoelectric elements. A piezo-
electric phonograph cartridge was one
possibility. Piezoelectric tweeters were
another. The automotive industry was
introducing accelerometers in their air-
bag systems suggesting another possibil-
ity. When I learned they were large and
cost $160 as a replacement part, I gave
up that idea. I tested a phonograph car-
tridge from my daughter's old record
player. The speaker/sensor gain and
phase data showed promise but varied
considerably at 200Hz and higher. I at-
tributed it to the mounting of the car-
tridge and to the behavior of the phono-
graph cartridge as a mass/spring system
for measuring acceleration. I discarded
it for the moment.

I purchased four piezoelectric tweeters
from Radio Shack (part numbers 40-1397,
40-1379, 40-1396, and 40-1383) and
removed the discs (Photo 3). All but one

(40-1383) had rubber damping material
attached to one side. I mounted one of
the damped discs with a small spacer at
the center to the edge of the voice coil
of the 8N401 speaker. My test of this sen-
sor showed good linearity, acceptable
gain, and sensor response at constant
sound pressure.

I then built up my selected speaker
with a disc sensor. I used the AR-1 low-
frequency driver in the AR-1 enclosure
because I believed it had the long travel
for low-frequency operation (see '‘Travel
Limits of Drivers'’). Since the driver had
a 12” diameter, one should generate suf-
ficient sound pressure for my applica-
tion. I covered the voice coil dust cover
with epoxy, making it a ridged dome.
Then, I attached one of the small
damped disks with a small spacer at its
center to the dust cover.

Figure 13 and Photo 4 show the disc
mounted on the dust cover. As the cone
moves, the disc edges flop back and forth,
flexing the disc. The voltage generated by
this flexing is proportional to the accelera-
tion of the cone and thus the sound
pressure generated by the speaker. The

PHOTO 5: Lead wires attached to the cone and passed through the cone to charge amplifier.
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two lead wires were dressed with loops
to allow disc flexing and then attached
to the cone. They then passed through the
cone to the charge amplifier I mounted
to the speaker basket (Photo 5).

The sensor output at constant sound
pressure (Fig. 14) determined the sensor
would represent sound pressure reason-
ably well. I chose to add slight boost at
the upper frequencies to adjust the re-
sponse of the sensor (the sensor + amp
curve in Fig. 14). The sharp rise at 1kHz
results from the resonating of the disc at
its natural frequency. In selecting a disc
from a tweeter, it is desirable to choose

Continued on page 30
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FIGURE 18: AR-1 input amp data.
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UNCERTAINTIES GUESSWORK

Capacitors Design

The formula for the best design begins with the best components. And for critical applications in advanced circuits,
you can't find better components than MIT's MultiCap Series capacitors.

*Each individual MultiCap gives you up to 10 precision paralleled capacitors in one compact optimized unit that
extends the usabie bandwidth. You will not have to compromise the quality ¢f your final design by adding additional
bypass capacitors to extend the range of conventional capactiors.

*Each hand-made MultiCap, with hand-soldered, large-gauge leads necessarv for high-current conditions, provides
the highest resolution yet attained.

The combination of care and innovation in every MultiCap gives you extraordinarily high quality, reliability, and
performance.

MIT offers two series of capacitors: the original film-and-foil MultiCap and now the NEW METALLIZED - FILM
MultiCap which will be available Spring 1991. Both at new low prices.

The Film -and- Foil MultiCap™:

* Especially designed for high -performance filters, DC blocking, and high ripple-current capacity.

* Consistent, reliable for high - performance under demanding high-curent applications, with exceptional phase
stability and superior pulse-handling capability.

The New Metallized MultiCap™:

* Same patented parallel design.,

* Smaller in size and less costly to make. Lower prices for the consumer.

' * Recommended for application wherever metallized capacitors are used. As engineers know, metallized caps are not
usually recommended for high-current applications: MIT recommends its film & foil caps for these uses.

Transient Phase
Response Response
MIT MIT

- 90°

Typical Typical -_—_//
-90°

g =

MIT now handles all OEM bulk orders. and provides full technical support documentation and custom values when
necessary.

100 Hz 50 kHz

OEMs: For price lists and ordering (or for more information, including white papers), write MultiCap, Music Interface
Technologies, 3037 Grass Valley Highway, Suite 8212, Auburn, CA 95603. Or call (916) 823-1186.
Fax (916) 823-0810.

Non-OEM orders are handled by Transparent Audio Marketing. Call (207) 596-0928.

@ MultiCap™. "The most advanced capacitor design in the world."

Fast Reply #EF607
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FIGURE 19: AR-1 circuit diagram.

Continued from page 28

a tweeter with the high published fre-
quency response range of 5-20kHz
rather than 2-20kHz. The natural fre-
quency of the element is higher for the
former. I used the disc from the Radio
Shack tweeter (40-1397).

The speaker/sensor gain curve is
shown in Fig. 15. I decided to use a notch
filter to counter the gain rise at the disc
resonance. The notch amplifier response

30 Speaker Builder / 1/91

also is shown in Fig. 15 as is the com-
pensation (comp amp] I designed for the
loop. The open-loop gain and phase data
resulting from combining the above loop
responses is shown in Fig. 16. The notch
filter took care of the resonant peak of
the disc. The phase shift at 20Hz (the
0dB crossing point) is 100°. The 0dB
phase shift at 280Hz is about 140°. I nor-
mally would recommend redesigning the
loop compensation in this situation. I

deviated from my rule and proceeded as
below.

After verifying the correctness of the
loop phase, I closed the loop with these
settings and ran data. Figure 17 shows
this ""loop only'' data. The low frequen-
cy response is flat. I obtained a peak of
about 5dB at about 300Hz. The com-
bined response of this loop response and
the input amplifier (Fig. 18) also is shown
in Fig. 17 as "loop + input amp'’ (scale



TABLE 3

AR-1 CIRCUIT DIAGRAM PARTS LIST

The second stage provides gain for the
sensor.

The remaining electronics were built
on a perfboard with point-to-point wir-
ing and placed in a separate cabinet with
a 15V power supply. The loop elec-
tronics consist of the notch filter, the
loop compensation amplifier, and the
feedback amplifier. These require the
lower two quad LM-324 op amps. The
notch amplifier was adapted directly
from Lancaster, page 205. It required all
four sections of one LM-324. I selected
components to set the frequency and the
Q of the notch as the best to handle the
disc resonant peak.

The notch filter requires a summing
stage (the first). I used this stage for sum-
mation of the input and feedback signals
as well. The loop compensation ampli-
fier uses three sections of an LM-324 and
includes the input gain stage, the second-
order low-pass filter compensation stage
and another gain stage. The compensa-
tion stage is designed for 112Hz break
frequency, with damping at maximum
for the stage (D = 2). The fourth section
of this LM-324 (bottom of the schematic)
is used as the feedback amplifier. The
compensation is a lead/lag circuit with
break frequencies at 590 and 1,790Hz.

The 1,790Hz lag is needed to avoid
oscillation in the circuit.

The input amplifier (at the top of the
schematic) uses all four stages of an
LM-324. The first stage includes sum-
ming the input R and L stereo signals
and gain adjustment. The second and
third stages are the 22Hz high-pass
fourth-order rumble filter. It was taken
directly from Lancaster, with component
adjustments for frequency and damping.
The response curve in Fig. 18 shows I
chose a 1dB dip characteristic response.
The fourth stage provides the 110Hz
second-order low-pass crossover filter
used on all my systems.

I used half of a 1458 amplifier to
amplify a signal for the power meter.
The maximum red LED is set to light at
50W. I chose this level because of the
power limitation of the driver (see
“Travel Limits of Speakers"). The power
meter alerts me to possible damaging
high power peaks. In my listening, I
rarely notice power signals above —9dB
of the max LED level. This power mon-
itoring substitutes for automatic power
limiting at low frequencies where you
would expect to run into cone travel
limits.

Continued on page 97

ITEM QTY. REF. PART
Resistors
1 16 R1, 2, 18, 19, 21, 10k
23-29, 33, 38-40
2 1 R3 2.5k
3 7 R4-6,15,16,34,45 100k
4 4 R7, 13, 41, 47 33k
5 2 R8, 9 39k
6 3 R10, 22, 32 22k
7 2 R11, 12 68k
8 1 R14 56k
9 2 R17, 49 153k
10 1 R20 5k
11 3 R30, 35, 36 15k
12 1 R31 50k
13 1 R37 49k
14 1 R42 400k
15 2 R43, 44 270k
16 1 R46 150k
17 1 R48 3.9M
Capacitors
18 4 C1-4 A
19 2 C5, 6 015
20 2 C7,8 012
21 2 C9, 10 .094
22 1 C11 30uF
23 1 Cci12 .00033
24 1 C13 .001
Miscellaneous
25 1 J1 left
26 102 right
27 3 uU1-3 LM324
28 1 U4 LF353
29 1 us 1458

on the right). I concluded I could use this
setup since the attenuation rate at cross-
over was close to the desired 12dB per
octave before changing to 24dB per oc-
tave at 300Hz. In developing the input
amplifier response (Fig. 18), I included
a 24dB per octave rumble filter at about
22Hz as well as the crossover filter. The
AR-1 speaker was uncontrolled at low
frequencies.

I show my system circuit diagram in
Fig. 19. The charge amplifier (an LF-353)
shown at the bottom of the diagram is
powered by a separate +15V power
supply mounted on the back of the
speaker enclosure. The charge amplifier
mounted on the driver frame uses a non-
inverting follower with a 3.9MQ resistor
at the input. This avoids losses due to the

series capacitance (.13uF) of the sensor. |

PINPOINTS |

A sound
foundation for
all components
of vour system.
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RACKS
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Call, Write or FAX
your order to

AUDIOPRISM

A Division of RF Limited

P.O. Box 1124
Issaquah, WA 98027
Tel: 206/222-4295
FAX: 206/222-4204

PinPoints have been
designed to enhance
the sound of your
speakers through
better coupling to the
flooring eliminating
unwanted distortion.
Better coupling to the
floor improves
imaging, and bass
resolution. Unlike other
products that are
simply placed under
the speakers, PinPoints
are designed to be
permanently attached
to the speaker. This is
mechanically and
sonically better than
just placing the cones
under the speakers.
The PinPoint is a spike
that has been threaded
so that the rake angle
can be adjusted to
improve the vertical
dispersion of the
speaker. Each PinPoint
is rated at 75 Ibs,
constant pressure.
Threads are 1/4x20.

Select From Two
Mounting Systems.
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AN APARTMENT TL

PHOTO 1: A pair of speakers suitable for an
apartment.

any urban Americans live in multi-

family settings—apartments, town-
houses, or condominiums with shared
walls, floors, and ceilings. I am among
them. When I moved to the Washington,
DC, area, I left my monstrous-but-much-
beloved curvilinear vertical arrays (CVAs,
SB 2/85, p. 7} in the care of friends. I de-
cided to build a pair of speakers that
would satisfy me, conserve space, not
irritate the neighbors, and be future am-
bience units.

The primary problem in apartment-
noise management is preventing the bass
from propagating through the walls and
floors. Most apartments can easily con-
tain sounds above 100Hz. Below that, the

ABOUT THE AUTHOR

Scott Ellis has been building speaker systems since
1972. He holds an Associates degree in electronics
technology and is employed as a logistics consul-
tant for government and industrial clients. Photo-
graphy is his other hobby; this is his third article
for Speaker Builder.
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BY SCOTT S. ELLIS

structure transmits sound fairly effici-
ently. High SPLs (arbitrarily defined as
above 90dB at 1 meter) are also a prob-
lem. In my speakers, the lack of response
below about 50Hz and the separation of
the woofer from the floor mean little bass
escapes to neighbors' apartments.

My design (Photo 1) is a transmission-
line, with a nominal F, of 60Hz and a
two-way drive configuration. Opting for
the lowest crossover, I chose a 2" soft-
dome tweeter (the VersaTronics PMK
50/130R) because its on-axis response
purports to have a — 3dB point at 14kHz,
crossed-over at 1.2kHz.

The woofer is a Radio Shack 8” type,
{40-1016). I chose the paper cone version
because most small polypropylene cones
have severe resonances in the 1-2kHz
region, the crossover passband. The
paper version also has a slightly heavier
magnet with the same voice coil. Treating
the foam surround with Armor-All™
reduces the long-term damage from gas-
heat fumes and seemed to make the sur-
round more compliant.

Any problems at the response extremes
can be managed as the associated ampli-
fier has a 12dB/octave high-pass filter at
30Hz (low-level passive} and +5dB con-
trol at 50Hz and 20kHz.

THE CONSTRUCTION PROCESS.
The enclosure (Fig. 1} is a Perma-Form™™
tube, 10” in diameter, and the base is a
limestone flagstone, 12” x 18” x 1” thick.
I glued three upright braces 120° apart
between two stanchions epoxy-baked to
the flagstone. Then, I coated the braces
with Liquid Nails™ and slid the tube
over them. The braces rise to the end of
the tube, which I cut about 45° for proper
temporal alignment.

I cut the ends of the braces to serve as
cleats for the baffle {cut from %" ply-
wood), and I added two extra "“floating"’

cleats and glued them to the inside wall
of the tube to secure the baffle better.
Next, I cut the line exit from the tube base
end and removed the sections between
the brace stanchions to make the exit area
equal to the woofer cone. I covered the
exit with white plastic needlepoint “'can-

il

{ _
L

FIGURE 1: Outline of the enclosure (10" tube

diameter, 18" x 12” base, 56" height).
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FIGURE 2: Diagram of the crossover.

vas'' as a grille. The input is a two-
terminal euro-style barrier strip glued into
a notch in the back of the exit grille.
The tube walls are about %~ thick and
need damping to prevent flexure and
transmitted resonances. I used roofing tar
{messy but cheap) for the bottom two-
thirds of the inside of the tubes and coated
the top third of each tube, especially in
the area behind the woofer, with glazing
putty ina "'blob and string’’ manner. The
inside of the baffle uses a sheet of foam
rubber carpet pad, and weatherstripping
covers the woofer frame and magnet to
suppress resonances further. I covered
the back of the tweeter cup with tar-tape.
Next, I hardwired the crossover (Fig. 2}
on a piece of masonite and secured it to
a woodscrew driven into one of the
uprights. I glued the Zobel network to the
inside of the baffle. Then, I stuffed the
tube with polyfil to a density of about
Y2 1b. per cubic foot, amounting to about
1.125 Ibs. per tube. The next step was to
cut grille frames from felt/foam type-
writer pads and attach the cloth to the
frames. The edges of the grilles were fin-
ished with iron-on cloth tape. I secured
the grille assemblies with magnets mating
with steel washers on the baffles.
Finally, I sanded the outside of the
tubes to cut the wax coating, and then
primed them with flat white spray paint.
I finished the tubes with K-Lux™ tex-
ture wall covering—a thick, stonelike sur-
face when dry—to help damp the tube.
The K-Lux should be put on about ¥%”
thick; my first application was too thick
and some areas were ‘'starved’’ as the
coat flowed down. As the K-Lux takes
about 48 hours to dry completely, mis-
takes are easy to fix. After it dries to an
off-white color, you can scrape off drips.

CONCLUSIONS. My biggest challenge
was to keep from ‘‘gilding the lily"" by
adding features not included in my initial
concept. In this way, I managed to com-
plete the project for about $175.

In auditioning the system, I discovered
more bass then I thought possible. Al-
though it is not boomy or overbearing,
I suspect the system is closer to a tuned
pipe than to a true transmission line. The

lack of bends in the line reduces the
resistance the woofers see. The overall
response is smooth; the top end lacks the
crisp brilliance of ribbon tweeters but also
minimizes source noises. Because of the
angle and dispersion of the tweeters, a
listening distance of 10-12 feet provides
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smoothest response and best imaging.
The midrange is free of the resonances
typical of small boxes.

I think it is better to have a single, broad
resonance at the low end, where it can
be rolled-off with a simple high-pass filter,
than to have the usual midrange reso-
nances typical of a rectangular box. The
imaging is quite good, with a great deal
of depth. This is largely due to the nar-
row dispersion of the relatively large
tweeters. In sum, the performance is easy
and unchallenging. »
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ADVANCED ENCLOSURES
ENGINEERED
- TO YOUR DIMENSIONS

GREGENG will design and fabricate
enclosure panel components to the
height/width/depth specifications of
your next loudspeaker project.

The Audibility of Enclosure Pane}
Resonances has been determined
through controlled listening tests.” As |
ilustrated below, the SPL developed |
by panels of typical enclosures is |
unacceptable.

GREGENG Composite Honeycomb
Panets Thin gluminum sheets bonded

to a HIPS plastic honeycomb core
possass bendingrigidity ten times that

of 19mm thick fiberboard. Solid |
hardwood is used for the less critical |
top andbottom paneis andradiused E
edge pieces,

A network of internat Tensioned
Cables (patent pending) attached
between enclosure panels produces ;
a grid of forces pulling inward and |
prestressing each panel. A simpile,
inexpensive alfernative to rigid
intemal braces is provided,

Enclosures are shipped as
unassembled kits with or without the
hargwood components. A free
brochure will be sent onyourrequest.

* References to research Werature are
given in the brochure.
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A SECOND-ORDER
L-R CROSSOVER
FOR THE SWAN 1V

find I learn a great deal (or at least

uncover a lot of questions) when I de-
sign or construct a project, as do most
Speaker Builder readers. After I built the
Swan IV speaker system (SB 4/88, p. 9
and 5/88, p. 34), I queried Joe D’'Appolito
about the crossover (SB 4/89, p. 69). He
replied that the redesign of the Swan IV
Pedal Coupler accommodates the phase
shift and amplitude roll-off of the satel-
lite. The effect of the satellite response
and the original single-pole crossover
was to produce a dip in the on-axis re-
sponse. The new design is an in-phase
second-order Linkwitz-Riley (L-R) config-
uration using the satellite response to ap-
proximate one of the poles of the high-
pass filter. D' Appolito said a commercial
unit from Whale Cove Audio uses this
arrangement. Joe Curcio's Pedal Coupler
II is also available. However, I do not
know what configuration this version
uses. Either unit undoubtably would be
satisfactory.

For those who like to '‘roll their own,"
however, I am offering my version of a
second-order L-R crossover. It also uses
the satellite response as a single-pole
high-pass with electronics to complete
the crossover. This combination, which
approximates an on-axis acoustic re-
sponse of the L-R, is possible because of
the low Q (Qnc = 0.35) of the satellite
system.! Even though the theoretical
response of this closed-box system is a
second-order filter, the low Q makes it

ABOUT THE AUTHOR

V.H. Estrick is an engineer at Hughes Aircraft
Co. in Fullerton, California in a radar design
group. He has been an audio hobbyist since he
built his first Heathkit in 1960 and has constructed
several of the projects in Speaker Builder and
Audio Amateur. He has a wife and two children
{plus a grumpy cat) who all quizzically allow him
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FIGURE 1: Second-order Linkwitz-Riley crossover. The high-pass combination is comprised
of a single-pole filter and the acoustic response of the satellite.

behave like a single-pole system in the
200Hz crossover frequency region. Since
you can obtain a second-order L-R by
cascading two identical first-order fil-
ters,2 the combination of the satellite and
a single pole can give reasonable results.
The transfer functions for the second-
order L-R are given by the following:

Hyp = 1/s2+2s+1 = (1/s+1)(1/s+1)
and
Hyp = -2/ s2+2s+1 = (s/s+1)(s/s+1)

Therefore, you can obtain the low-pass
function by constructing a two-pole filter
with a Q of 0.5 or two cascaded one-pole
filters, each having a 200Hz corner fre-
quency. You obtain the high-pass func-
tion with the cascade of a one-pole high-
pass filter and the satellite acoustic
response.

I modeled the on-axis response of the
complete system using a Microsoft Ex-

cel™ simulation. It uses the theoretical
transfer functions of the crossover filters
and the satellite, plus the effect of the
4mH boost coil on the satellite phase
response. It also models the effect of the
distance between the acoustic centers of
the satellite and the bass drivers, a nec-
essary consideration since the satellite
needs to be near the front of the bass
cabinet to ensure minimal diffraction.
Therefore, the midrange and woofers
will not be "time aligned.”

Figure 1 shows the predicted frequency
response of the system and the individ-
ual filter and satellite responses. The on-
axis response is vector addition of the
low-pass and combination high-pass out-
puts for the bass unit 3” behind the
satellite acoustic center or '‘zero delay”’
plane. Interestingly, a 3” simulated dif-
ference had a more nearly flat response
than a delay of zero, no doubt due to the
satellite response only approximating a
first-order filter.

Figure 2 compares the predicted
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FIGURE 2: Response vs. driver offset.

response for 0, 3, 6 and 10 inches of
driver offset and indicates that the rip-
ple will be less than 0.5dB as long as the
difference is between 0 and 6 inches.
This probably means positioning the
satellite relative to the bass unit is not
critical when using this crossover.

I also investigated other crossover or-
ders including a four-pole low-pass,
three-pole high-pass to approximate a
fourth-order Linkwitz-Riley using the
satellite for the fourth pole. The second-
order L-R gave the least ripple of any of
the configurations and is easier to imple-
ment than higher order filters.

The schematic for the crossover is
shown in Fig. 3. You obtain the low-pass
function by the cascade of the 200Hz ac-
tive one-pole with the 20k resistor and
the 0.039uF capacitor. The second pole

is obtained with the 200Hz passive filter
formed by the 1.69k resistor and the
0.47uF capacitor. The second op amp is
the bass equalizer similar to the original
Pedal Coupler and has the boost reduced
to about 4.5dB as recommended by
D'Appolito for use with the 10” Eclipse
drivers. You get the high-pass one-pole
at 200Hz with a single capacitor in series
with the input to the satellite power am-
plifier. You can calculate the value of
this capacitor using the formula

C =1/{2p x 200 x Ry}

where Ry is the input impedance of the
satellite power amplifier. Make certain
you get the actual input impedance of
the amplifier.

The Hafler XL280 amplifier in my sys-
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tem has a 47k specified input imped-
ance. When I used this value to calculate
the capacitor, the measured corner fre-
quency was too high. Further examina-
tion of the XL280 schematic showed a
DC-blocked 110k resistor in parallel with
the 47k, making the actual AC imped-
ance 32k. The required capacitor is
0.025uF for -3dB at 200Hz, a value ob-
tained by paralleling 0.022 and 0.0003uF
film capacitors. This calculation assumes
the output impedance of the preamplifier
or other circuit driving the crossover is
much lower than the power amplifier in-
put impedance. If the driving impedance
is more than a few hundred ohms, its
value should be added to Ry prior to
calculation.

This circuit is a little simpler than the
original Pedal Coupler and should appeal
to those who worry about adding extra
ICs in the signal path. The high-pass fil-
ter adds only a single capacitor. It can
be as expensive as desired for anyone
believing this will improve the sound.

I constructed the crossover on the
Lampton-Zukauckas high-level circuit
board (TAA 1/79, p. 5) using locations A3
and A4 for the bass equalizer portion and
A5 and A6 for the input filter. I have
used this board for several projects
because of its versatility; it has room for
large active filter capacitors and has lots
of ground plane. This latter feature is im-
portant; adequate grounding and careful
EMU/RFI are often ignored in audio.

Use of this board requires additional
jumper wiring to complete the circuit
properly, but the changes are not dif-
ficult since the crossover is fairly simple.
I used AD711s op amps, but any respect-
able device should work since this por-
tion of the crossover covers the lower
frequency of the audio spectrum. You
can locate the high-pass filter capacitor
on the crossover board or you can install
it inside the satellite amplifier chassis. I
used a Borbely preamplifier DC supply
to power the circuit.

How well did it work? I have no way
of measuring the on-axis response of the
system accurately, but listening to music
indicated the theoretical response was
smoother. The only compromise for this
crossover is the phase reversal required
between the bass and satellite, plus the

Continued on page 97
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MORE POWER FOR LESS

hen my NAD 3140 integrated

amplifier went kaput after seven
years of nearly continuous use, I thought
about buying a cheap receiver until it
was repaired. After a discouraging trip
to a local Best Buy, I read a Radio Shack
flyer in which the 20W integrated circuit
(IC) amplifier chips I had been eyeing
were on sale. I figured I could build an
interim amp for less than $100.

All the components in my amplifier
are available at Radio Shack. The total
cost of the components, from cabinet to
ICs, is less than $70. Even with a power
supply, it costs less than $35 per chan-
nel, and is even less for people who have
spare parts kicking around. A stereo bi-
amp (or even a tri-amp) for an active
crossover system could be constructed
from this circuit for less than $200.

ABOUT THE AUTHOR

Mark Gadzikowski has recently completed an MA
in English at Iowa State University. He currently
supports himself selling custom loudspeakers and
audio electronics. This is his first article in Speaker
Builder.

BY MARK GADZIKOWSKI

CONSTRUCTION SIGHT. The con-
struction is so simple that even someone
who has never built a kit can complete
this project. Only a few components are
required—one IC with seven capacitors
and four resistors per channel. The cir-
cuit is tolerant of minor component vari-
ances and forgiving of my ‘‘solder first,
test later’’ approach.

BOARD ALREADY? The schematic for
the amplifier is shown in Fig. 1. Note
both channels are identical, and both
need a power supply (Fig. 2). They may
share a single power supply and ground.
My permanent prototype was built on
two one-sided circuit boards, each about
3 inches square. If you know what
you're doing, you might be able to build
the amp to fit inside an existing nonam-
plified component {such as a mixer, pre-
amp, or tuner) or to build a small por-
table amp.

For beginners, I recommend a circuit
board with foil traces. Those with bread-
boarding experience may be comfortable

TABLE 1

20W POWER AMPLIFIER PARTS LIST

Part Rating Resistors’ Number

C1,8 1.0uF Film Pc 272-1055 (2)
C2,9 220pF Elec Pc 272-124
C3, 10 470pF Elec Pc 272-125
C4 N 47uF Elec Pc 272-1027
CS5, 12 100uF Elec Pc 272-1028
Cé6, 13 10uF Elec Ax 272-1013
C7, 1417 2,200uF Elec Ax 272-1048
CR1 50 PIV 276-1161

IC1, 2 TDAI520 A 276-1305

R1, 5 2700 271-016 (2)
R2,3,6,7 22kQ 271-038 (2)

R4, 8 6800 271-021 (2)

T 120/25.2V AC 273-1366

Heatsinks TO-220 case 276-1363 (2)
Grease for
heatsinks 276-1372

Miscellaneous and Optional Parts

Case 2" x 8" x 6" HWD 270-272

Fan 32 CFM 273-242

Fuse holder chassis mount 270-739 (2)
Fuses 1.5A 270-1274 (3)

IC socket 18-pin DIP 276-1992

Input jack RCA 274-346 (4)

PC board with foil 276-154, without foil
276-1396 Speaker jack spring clips 274-621
(1 per channel)

Integrated Circuit 1 TDAIS2O

04
1 ? 3 4 5 3 7 8 9 a7 uf
(W] *
o J-:: Not Used l
o ﬁ ﬂ
Audio +
oo ¢ R2 22600 ohms +
o— (¥4 + + (3
T 26 pF = = depF : G o0 u
R3 22008 ohms R4 v
- c7 688 ohm
270 ohm :E 2200uF °
- Cé
T 10 uf
= Audio Uoltage Input H
c_i Output 2 o -1»9-58q vor}fs :

FIGURE 1: Schematic diagram of a 20W power amplifier. (Two required for stereo).
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FIGURE 2: Schematic diagram of the power supply. The fan is optional.

building on perfboard, but an experimen-
ter's PC board is easier to work with. On
a PC board, I don't have to solder jumpers
between components. I can solder the
components quickly for optimum place-
ment (see Fig. 3 for an arbitrary parts lay-
out] and then worry about connecting
them later. Thus I avoid soldering any
component twice and possibly damaging
it. You may want to design your own lay-
out, since mine wastes a lot of space.
After [ was halfway through the project,
I realized everything would have to fit on
one circuit board with room to spare. A
custom board may be available by the
time you read this, but if not, you can get
everything you need to build your own
amplifier at Radio Shack.

SOCKETS THAT MATCH. Rather than
use the 18-pin sockets in the parts list, I
used two 16-pin IC dual-in-line/package
sockets for my prototype for three rea-
sons. First, I never solder directly to an
IC. Second, pin 7 is not used on the ICs,
so one side of a 16-pin socket can be used
for the remaining eight leads if they are
bent carefully to fit (Fig. 4). Third, one
socket could not hold both ICs and the

O~ t3
15

DO

I

FIGURE 3: Parts layout for the prototype.
Values are not given because part placement
is not critical.

heatsinks I used. Figure 5 offers an alter-
native design. The sockets hold my rather
weighty assembly (IC, heatsink, and
mounting hardware) surprisingly firmly.

HOT TUNES. Dissipating the IC-
generated heat is important because the
total power produced (and the general cir-
cuit life) is limited by overheating. The
standard case heatsinks for a TO220
worked well for me. I had to drill two
holes in each (Fig. 6) to make heatsinks
designed for a TO220 fit the TDA1520
single-in-line package. Before you tighten
the nuts and bolts, use heat-conductive
grease to ensure optimal heat transfer to
the sinks. Wipe off all excess grease, as
it conducts electricity as well.

With careful circuit planning and lay-
out, you could make the ICs and heat-

sinks rest against the wall of the cabinet
for additional dissipation (Fig. 7). The
sinks could be omitted if the ICs were
mounted in a metal enclosure. Don't for-
get that the enclosure will be electrically
grounded if the ICs are put against a wall.
It's probably a good idea to ground the
cabinet as shielding against radio-
frequency interference (RFI).

I have not had any problems with heat
dissipation, even when the amplifier is
driven hard for long periods, but I have
a 4-inch muffin fan bolted to the top of
my amp (Fig. 8a). I could have been more
stylish, but I wanted to finish my project
quickly and ne