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LISTEN WITH US. ..

PERFECTION

Most of the high-tech products exported from West-Germany to
North-America are more expensive but everyone knows why and
accepts that price difference if you talk about cars for instance.
The reasonable foundation of ETON OFEUTSCHLANO-ELECTRO.
ACOUSTIC GMBH is to produce less, but high-end quality dnvers.
ETON, established in 1983, likes to introduce ttself as & manufac-
turer of sophisticated loudspeaker-dnivers. As a designer of spea-
kers ETON has always been working for both industry and kit-mar.
ket From the start ETON believed in different ways of developments
inaccordance to high-tech Is and dy pro-
cedures. Looking forward to design . the driver” especially for the B
diophilists ETON d in computer aided constructions. With
that support ETON succadedin producing the HEXACONE -diaphragm

M 16 RUBBER: PVC COMPOOND SNNNOURD

— S— - — <
150 ==

and something more for instance. The advantages of such cone-f 140 - L.
| materialere app. 70 - 100 times better stiffness and app. 30 % fess | 3¢ s J ° Py
| weight in comparsion to paper or thermoplastic parts. The result 20 _| — — i = - KAPTON BOBBIN
Y shows no break-up re s in the ded frequency- | 110 L - 1 ¥ 4
range. HEXACONE drivers are the great step forward compared with | 100 | | + EOGE WOUNO RIBBON WIRE
highclass common plastic and paper cones - the new epoch of 90 _ LAYER 1 KEVLAR
80

\ loudspeaker technology. Something more about HEXACONE: The
\ disphragm is a 3-layer-sandwich component. The inner honeycomb-
ﬁ structure, made of special coated phenolic NOMEX, 15 laminated by

| LAYER 2 HONEYCOMB STRUCTURE (NOMEX)
i} LAYER 3 KEVLAR

| KEVLAR (fiberglass) and also coated but with duroplastic resin. For
the typical shape ETON designed special tools suitable to guarantee
I less tolerances and highest temperature demands. The production
\ 15 controlled by 8 CAM-System but cannot run without the attention
of trained craftsmen. HEXACONE diaphragms require higher mate-
| rial and tools costs to give only one — and that is to say - the best
to the listener. ETON, the small but innovative company, slwsys

| looks for . the better products° made by us in West Germany.

" NOMEX and KEVLAR are registered trademarks of OUPONT

ETON and HEXACONE are registered trademarks.
HEXACONE 1s patented

| ETON IS LOOKING

ETON is lookeng fora sole agent in USA end CANAOA. Please contact
the General- Manager Mr. Ulrich Ranke by letter or telex for closer
\ informations.
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Good News

INFINITY has developed the Reference Stan-
dard Kappa Automotive Series for op-
timum performance in demanding car en-
vironments, featuring much of the tech-
nology first introduced in the IRS Series
V system.

The series uses injection-molded graph-
ite/polypropylene cones, neodymium
magnets, a lighter diaphragm and new
crossover networks. The woofer features
a new cone (IMG} which is injection-
molded in a high pressure process, forc-

ETEAERGE S AT W AT R

RAPID SYSTEMS offers the R370 two chan-
nel, real-time Spectrum Analyzer and
Digital Oscilloscope, a unique combina-
tion using any IBM PC, XT, AT or com-
patible computer. This allows the user to
view both the input signal and its fre-
quency spectrum in applying the PC to
spectrum analysis and transient capture
in real time applications.

The oscilloscope features two channels
of 20MHz simultaneous acquisition and
selectable 50Q or 1MQ input impedance;
the analyzer features 10MHz bandwidth
and 1024 point FFT executed in 60mSec.
Available for $4495: contact Mark Olsen,
433 N. 34th St., Seattle, WA 98013, (206)
547-8311.

Fast Reply #HB948
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ing graphite fibers into the polypropylene
in a radial pattern. The cone's stiffness-
to-mass ratio, fast acceleration and high
self-damping enable increased bass.
Replacing Infinity's current car speaker
line, the new kappa models are: the 6 by
9 CS-1 component system; 6%” CS-2
component system; 6 by 9, three-way
RS693; 6 by 9 RS692; 6%2", three-way
RS63; 6%2” RS62; 5” RS52; 4” RS42; 4 by
6 RS462; 3% RS32; and EMIT™ tweet-
er. Each model is completed by new ABS-

reinforced grilles to prevent cracking or
warping during temperature extremes.
The CS-1 and CS-2 component systems
incorporate a new crossover network,
designed to improve clarity, spaciousness
and linearity.

For more information contact Infinity
Systems, Inc., 9409 Owensmouth Ave.,
Chatsworth, CA 91311, (818} 761-8838.

Fast Reply #HB354
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A new Soundfield Imaging loudspeaker
system has been introduced by dbx. The
Model 50 is a vented four-way, six-driver
system engineered to produce flat fre-
quency and power response in the for-
ward 180° and balanced stereo and bass/
treble throughout the listening room.

The system uses a 10” woofer, 612"
midrange, 4'%2” upper midrange, and
three ultra-wide-dispersion ¥2” tweeters.
Crossover points {main axis) are 200/800/
3150Hz. Frequency response is 34Hz-
20kHz +2.5dB (with a large vertical and
horizontal angle in front of the pair}); sen-
sitivity of 91dB SPL/2.83V (1W at 82)/1M;
and an impedance of 4Q nominal, 2.5Q
minimum.

Distinguished by new styling, the
speaker grilles wrap around the cabinet
with a charcoal/black or beige/walnut col-
or choice. Dimensions are 44 by 16 by 13.

The Model 50 will be available through-
out the US at less than $2,000/pair. Con-
tact dbx, PO Box 100C, Newton, MA
02195.

Fast Reply #HB85
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MADISOUND’S Audio Projects Bulletin Board
(300, 1200, 2400 band, 24 hours) now has
a new, and better telephone line. The
new number is (608} 836-9473.

S RO F S St DR

A new, slim tower loudspeaker system,
the Model 508, was introduced at the
1987 CES by ALTEC LANSING.

Each 40” high tower loudspeaker fea-
tures two 8” woofers with woven carbon
fiber cones, a 2” midrange and a 1”
tweeter, each made with polyimide with
vacuum-deposited titanium domes;
housed in a high-density, walnut-
veneered pressed-wood cabinet with ex-
tensive bracing to reduce resonance.

The woofer cones are made of carbon
fiber cloth reinforced with epoxy, to op-
timize low frequency response and main-
tain the rigidity needed to minimize dis-
tortion. The polyimide/titanium combin-
ation used for the midranges and dome
tweeters is intended for speed and ac-
curacy for good transient response by the
drivers and wide stereo imaging with ex-
tremely low distortion. Frequency re-
sponse is 40Hz-20kHz +3dB with an SPL
of 92dB (1W/1M); power handling is 125
nominal, 250W maximum; and an imped-
ance of 4Q.

Suggested list price is $1,000/pair. For
additional information contact Altec Lan-
sing Consumer Products, Milford, PA
18337.

Fast Reply #HB328

AUDIO CONCEPTS

We are proud to have grown to be the foremost manufacturer
of high-performance speaker kits in the U.S. Our entry level Kits
satisfy the need for high quality at low cost. Our higher level
kits give an incredible price/performance ratio while competing
with the finest, regardless of cost.

Have listened to Vandersteen 2C, Snell C, Celestion SL-600, Thiel CS3,
Magnepans, Acoustats, etc. A few sound very good indeed. But on
an overall balance, the QUARTZ have the edge.

—~Quartz kit builder.

DYNAUDIO MOREL SEAS FOCAL

drivers in stock

SHADOW

electronic crossovers in a variety of kit forms

CHATTEAROUX and IAR/WONDER
capacitors, solder and wire

AC

acoustical foam for cabinet iining and room treatment
AC Woofers 6'2"8/10" and 12" sizes.
4Q and 8Q. Incredible value and performance.

TOLL FREE NUMBER FOR ORDERS:

A U D I O

CONCEPTS

——————
INCORPORATED

1-800-356-2255 wait for tone, dial 1122

1631 Caledonia Street (Dept. SB), La Crosse, WI 54602
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Box 141
Englewood, CO 80151

(303) 789-5310

HOME, CAR, PRO

KITS
CROSSOVERS
SUBWOOFERS
COMPONENTS

GOLD SOUND AC224 - THE ONLY 24DB LINKWITZ-REILLY
ELECTRONIC CROSSOVER ADJUSTABLE 40-4800 HZ

AUDAX EV GAUSS MOREL SEAS VIFA

Fast Reply ¥HB149

SPEAKERS

DRIVERS IN CANADA
) vifa

morel
FOTAL.

CROSSOVER, SPEAKER COMPONENTS

SOLEN CROSSOVERS

Custom Computer Design

Passive Crossover for Professional, Hi-Fi and Car Hi-Fi
Application, Power up to 1000 Watt
SOLEN INDUCTORS

Perfect Lay Hexagonal Winding Air Cored
Values from .10 mH to 30 mH,

Wire Sizes from #20 AWG to #10AWG
CHATEAUROUX CAPACITORS

Metallized Polypropylene (Non-Polarized)
Values from 1.0 mfd to 200 mfd,

Voitage Rating: 250 VDC / 150 VAC

CROSSOVER, SPEAKER PARTS

Mylar Capacitors, Power Resistors, Crossover Terminals,

Nylon Ty-Wrap, Binding Post, Banana Plugs, Speaker Terminals,

Grill Cloth, Plastic Grill Fast Snap, Neoprene Gasket, Misc. Parts

COMPUTER AIDED DESIGN FOR ENCLOSURE AND
CROSSOVER AVAILABLE TO CUSTOMER

Product spectfications and prices available upon request

MAUDIO"

seas

SOLEN INC. ORDERS
Strber 06 " Tel: (514) 656-2759

Canada, J3Y 7P5

6 Speaker Builder / 4/87

Fast Reply #HB1063

About This Issue

Contributing Editor Bob Bullock
leads off with the fifth in his series of
explorations of the outer reaches of
crossover theory. Paul Graham
follows with some suggestions for
easy filter calculations. Peter
Sutheim concludes his fascinating
evaluation of Richard Heyser's work,
starting on page 21.

When Jim Sawchuk needed a
rugged and portable speaker system,
he decided to put it together himself.
The chronicle of his project begins on
page 28. Jim Frane is not your
typical, shy consumer. Despite the
magisterial, lab-coated character in
the Polk ads, Jim decided he could
make his Polk 10s image better—and
succeeded (page 32).

Dave Davenport accepted our
assignment to report on the perfor-
mance of L.A. White's unusual
speaker design with some misgivings.
While impressed with some things
about the unit, his report is less than
enthusiastic about other characteris-
tics (page 35).

Our cover is graced by a view of
Contributing Editor Joe D’Appolito’s
Swan, a new version of his popular
satellite system, which appeared in
these pages in 1984. The setting is
Swan Island, Maine, where boat
builder Jim Bock built several last
winter. See page 39.

Our review section, beginning on
page 40, includes opinions by Con-
tributing Editor Gary Galo on our
Audio Anthology reprint, John
Cockroft's hilarious review of a very
funny British book, Bluff Your Way In
Hi-Fi, and Roger Sanders’' evaluative
commentary on a new volume about
electrostatics. Bob White completes
the lineup with a review of Scientific
Design Software’s newest version of
Computer Aided Speaker Design.
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Editorial

ACCELERATION FACTOR

""Cello playing technique has progressed more during the
last 25 years than in all the previous history of the instru-
ment." [ heard these words while driving along Vermont's
[-89 listening to Vermont Public Radio. The cellist went
on to say he believed the prime reason for the accelera-
tion in cello playing technique is recordings.

“We all hear each other do more and more difficult
things and we say to ourselves, well, I guess I'd better go
practice some more."

What the cellist observes is only a tiny part of what is
happening in almost every human endeavor. And in our
speaker builder corner of the world, the changes are just
as pervasive, accelerated and delightful. Maybe we should
call this heightened development the acceleration factor.

Critics seemed to abound when I made the decision in
1980 to separate the loudspeaker interests of Audio Ama-
teur's readers from the more general audio hardware topics
which that publication served. Doom for both periodicals
was predicted, accusations of cupidity were plentiful, and
others could not see that the loudspeaker field had all that
much content to deserve a separate publication.

We enter our ninth year with Speaker Builder growing
steadily, having just topped 7,000 worldwide circulation.
This issue carries 23 pages of paid advertising.

But far more important to me than size is the accelera-
tion factor. It is always difficult to realize the extent and
significance of a major change in our world while it is hap-
pening around us. I believe we are all learning at an ac-
celerated pace these days. As one soprano said the other
day, “When you look back over a span of twenty-five years
of your life, don't you feel you are very different—indeed,
that you have lived several lifetimes in that span?’’

Looking back over the 32 issues of Speaker Builder the
pace of learning, as well as the content, has been speeding
up in every issue. Our writers and correspondents have
been exploring, questioning, searching diligently for
reasons for the anomalies and to shed light on unanswered
questions. The same process is going on within the com-
panies which manufacture everything from driver parts
and drivers, to enclosures and systems.

It is also true that not only are manufacturers supplying
more information about their products, but more and more
products actually measure closely to published
parameters—and the product is more consistent from batch
to batch. Indeed, some makers offer matched pairs of
drivers to insure system channel balance.

Serious, reliable work on loudspeaker performance took
a giant step forward with the discovery of Thiele and
Small's work. And explorations of their theses still goes on.
A great deal remains unclear in reliable theory about other
driver formats. Do we have comparable theoretical bases
for planar, electrostatic, dipole, and transmission line types?

Much work is still ahead. Loudspeaker voyages of
discovery are still not much further along than the second
enterprise of Christopher Columbus. A very large propor-
tion of loudspeaker geography remains uncharted.

Readily available computer hardware has been an im-
portant factor in theoretical analysis, design, manufactur-
ing and performance tests of both drivers, crossovers and
systems. The loudspeaker in its working environment has
more variables which must be dealt with in analyzing its
performance than any other part of the sound system. Until
we had readily available computing power, we could not—
or would not—undertake the drudgery required to analyze
everything that goes on when a speaker works.

A very large part of this work of theoretical and empirical
development of loudspeakers is being done by amateurs.
Richard Heyser worked professionally for most of his ac-
tive career in a company specializing in jet propulsion. The
loudspeaker industry hired him from time to time as a con-
sultant. But the audio industry generally does not attract
the best engineering brains—and the loudspeaker portion
of the industry is no exception. That may have begun to
change, but it has been a long time coming.

The collective skills and experience of those who write
for Speaker Builder is not only impressive, it is as good or
better than the staff of all but a few of the loudspeaker
manufacturers functioning today. Only three of our authors
are actively employed in the business. And they came to
it by the route of being active amateurs, consultants and
finally full-time employees. The central core of our authors
are either academics or highly skilled, technically trained
professionals working in a wide variety of high-tech com-
panies. Their enthusiasm for loudspeaker technology is an
avocation. Their knowledge is based on training in various
branches of physics and the work all of them do with their
hands. I believe that Speaker Builder has given them a
meeting place to swap ideas. And each of them, I suspect,
has had his knowledge and experience enriched.

As 1 talk with these interesting people, which is one of
my richest rewards, I sense they all are on their own
voyage of discovery. And that is what an avocation is for.
Those of us who know far less, in most instances, have
the fun of sharing their adventures. And the pleasure of
acquiring new knowledge and skills.

I believe Speaker Builder has become one force in the ac-
celeration factor affecting loudspeaker development. For
that reason we will increase the speed in 1988 by going
to six issues per year. We are also publishing the first issue
of Voice Coil, our newsletter for the industry, as this is writ-
ten in November. I look forward to the ninth year of
Speaker Builder with the greatest anticipation and pleasure.
I hope each of you are joining this next installment of a
great enterprise. —E.T.D.
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Part V

PASSIVE CROSSOVER NETWORKS

ALTERNATE BANDPASS CIRCUITS

hortly after my article on three-way

passive crossovers appeared in SB
2/85, contributing editor G. R. Koonce
informed me that one of the third-order
circuits I described there can cause the
input impedance of a system to fall
below 50 percent of its nominal design
value at midrange frequencies. Since
many amplifiers do not like extremely
low impedances, [ thought the extent of
the problem should be investigated and
the conclusions brought to the attention
of SB readers.

[ found the first- and second-order net-
works do not manifest the problem, but
the fourth-order and one of the third-
order networks do. I also found, how-
ever, that all except the first-order net-
work can cause a wide variation in sys-
tem input impedance with frequency.
The impedance variation cannot be
eliminated, but it can be alleviated by

NOTE: Part Il of this series, SB 2/85,
is referred to in this article. It contains
incorrect formulas on page 30 that
should be corrected as follows:
Formula (9} should read:

A =R+ 1R

Formula (10} should read:
A=R-1R

Formula (16) should read:
A =a(R + 1/R)

BY ROBERT M. BULLOCK Il
Contributing Editor

H1-PASS |LO-PASS

| BANDPASS ‘l
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3 T § 3
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FIGURE 1: The block diagram shows a bandpass
filter formed by casading. The circuit is an exam-
ple of the procedure.

the use of an alternative bandpass top-
ology. In my paper' on all-pass net-
works, I described two different topolo-
gies for implementing bandpass filters,
but when [ wrote the SB article, I
decided to use only one of them in the
interest of simplicity. It now appears that
you should be familiar with both topolo-
gies to make the best design trade-offs.

I will start by describing the alter-
native bandpass topology in detail so you
can design a crossover using it. Then I'm
going to show you the input impedance
behavior of the various crossover top-
ologies and orders so that you can tac-
tor this information into your considera-
tions when selecting a crossover net-
work.

C-BANDPASS. The purpose of a band-
pass filter is to pass all frequencies be-
tween two specified frequencies and to
reject all others. One way to accomplish
this is to cascade a low-pass filter with
corner frequency at the higher specified

frequency with a high-pass filter with
corner frequency at the lower specified
frequency, as illustrated in Fig. 1. This
is the method I used to derive the band-
pass filters in the three-way crossover
circuits described in SB 2/85. I will refer
to this bandpass circuit as the C-band-
pass topology, to indicate it is derived by
cascading.

T-BANDPASS. There is another way to
obtain a bandpass filter if ladder circuits
are used. Start with a low-pass ladder
topology, such as the one shown in Fig.
2a. Replace each series inductor by a
series capacitor and inductor as in Fig.
2b, and each parallel capacitor by a
parallel capacitor and inductor as in Fig.
2c. The resulting circuit, shown for the
example in Fig. 2d, is a bandpass filter.
This procedure can be described theo-
retically in terms of frequency transfor-

oYY g Yo

I Y- e

T : F
o - — o

(a) (b)
- - Y\ ¢ ‘ o—a}—o
A : 2 1 1

5 T 5
+ 44— - -

(c) (d)

FIGURE 2: Alternative method of forming a band-
pass filter. Start with a low-pass filter (a), apply
the component transformations shown in (b) and
{c). The result is the bandpass filter in (d).
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mations, so I am going to refer to the cir-
cuit as the T-bandpass topology.

Either of these topologies can be used
for the bandpass section of a three-way
crossover network, but each requires its
own design formulas. These are given in
SB 2/85 for the C-bandpass topology, and
the relevant formulas for the T-bandpass
topology are given here in Figs. 3, 4 and
5, covering second-, third-, and fourth-
order crossover networks. The topologies
are identical for first-order networks, so
separate formulas are not needed.

To use the T-bandpass topology in any
of the networks described in SB 2/85,
first replace the C-bandpass circuit
shown there in Figs. 8, 9, or 10 with the
proper T-bandpass circuit. Then delete
any formulas there for E, F, G, K, M, N,
P, Q, and T; and replace them with the
relevant formulas from Figs. 3, 4, or 5
here. Also delete there the component
formulas Ra, Ro and all those Ls and Cs
with first subscript 2; replace them with
the corresponding formulas given here.

T-BANDPASS GAIN. Recall that resis-
tor Ra in the bandpass circuit is there to
cut down on the natural gain of the cir-
cuit so its output matches the low-pass
and high-pass sections correctly. If you
plan to dispense with Ra and adjust for
the ""excess gain'’ (EG) some other way,
you must calculate the value of EG from
Formula (35) on page 34 in SB 2/85. Now
you have two choices for the bandpass
topology, so be sure you use the value
of K corresponding to the topology you
are considering, since it is different for
the two topologies.

SOFTWARE. The Crossovers disk of-
fered by Old Colony Sound Lab (SBK-
F1A} can be used to find the component
values for three-way crossover networks
using either the C-topology or the T-
topology. The program to use is called

€24 L23 A

L22

T c21 Ry

K=B-2 L22 = ARy /W2
R,= R (K/H-1)  L23=ARy/K/W2
Ro=R* Ry C24=K/A/Ro/W2
C21 = 1/A/Ry/W?2

FIGURE 3: Schematic and design formulas for a
second-order T-bandpass circuit.
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E=B-C/A Ry=R,+R, L24=FRy/A/W2
F=B-1-C/A C21=A/Rq/W2 C25 = K/F/Ry/W2
K=C-2A  122=Rg/A/W2 126 = FRo/K/W2
Rp=Ry(K/H-1) C23 =A/F /Ry /W2

FIGURE 4: Schematic and design formulas for a
third-order T-bandpass circuit.

Passive Three-Ways. The updated ver-
sion also has an option for deleting Ra
from the circuit. In this case, the pro-
gram gives you the amount of excess
bandpass gain this creates. If you already
own the disk, you can update it yourself
by adding the code in Listing 1.

IMPEDANCE. To illustrate the input
behavior of these crossovers graphically,
[ assume that each driver behaves as an
8Q resistor and the lower crossover fre-
quency is 500Hz. Graphs of system in-
put impedance are drawn for both all-
pass and Butterworth crossovers using
two different upper crossover frequen-
cies. The case of close crossover frequen-
cies is illustrated by using an upper
crossover frequency of 1.5kHz for a
spread of about 1.6 octaves.

For the widely separated case, the up-
per crossover frequency is taken as
4kHz, for a spread of three octaves. A
single figure contains information for
only one crossover type and one cross-
over frequency spread. It consists of two
curves on the same axes, one being the
crossover's input impedance for the C-
bandpass topology and the other for the
T-bandpass topology. This makes a total
of fourteen possible figures after
eliminating duplicates.

SECOND-ORDER NETWORKS. Fig-
ures 6 and 7 show the input impedance
for all-pass networks of spreads 3 and 8,
respectively. Low input impedance is
definitely not a problem, but impedance
does vary widely with frequency, which
is not especially attractive.

The Butterworth networks exhibit a
different behavior. With closely spaced
crossover frequencies (Fig. 8} the im-
pedance drops to about 75 percent of
nominal for the C-bandpass topology.
Thus, the T-bandpass topology is the bet-
ter choice. When the crossover frequen-
cies are more widely spaced, Fig. 9 in-
dicates that either topology should be
okay.

THIRD-ORDER NETWORKS. First
consider the all-pass network in which
driver polarity is observed in all three
channels. Figure 10 shows that, regard-
less of topolgy, closely spaced crossover
frequencies produce very low imped-
ances between the crossover frequen-
cies. The T-bandpass topology alleviates
this to some extent and probably should
be used, but even then the impedance
is still quite low. If the crossover fre-
quency spread is larger, as in Fig. 11, the
impedance decrease is not quite so bad,
and using the T-bandpass topology could
raise it to acceptable level. In general, I
would avoid this network because of its
poor impedance behavior. By the way,
this is the network about which G. R.
Koonce contacted me.

The other third-order network is the
one in which the polarity of the mid-
range driver is reversed. As Figs. 12 and
13 show, it should not present a difficult
load, even when the crossover frequen-
cies are close together. The overall im-
pedance variation is, however, large.
Figures 14 and 15 show the impedance
for the third-order Butterworth cross-
over. The midrange polarity does not af-
fect this network, however, as the im-
pedance is the same whether polarity is
observed or reversed. Clearly the T-
bandpass topology is best for closely
spaced crossover frequencies, but either
topology should be acceptable if frequen-
cies are widely spaced.

FOURTH-ORDER NETWORKS.
Again, from Figs. 16 and 17, the T-
bandpass is the topology of choice for the
all-pass crossovers, especially for close-
ly spaced crossover frequencies. Even
then, the overall impedance variation is
large.

From Figs. 18 and 19 we see that a C-
bandpass topology is probably okay for
Butterworth crossovers with a large

€28 L27 L2¢ €23 Ag
o—{ww\’ T,TWM[, —— N
czsf L2s LZZE :%\ c21 ? Ry
-2— - — —o

o~

E=B-1-C/A €21 = 1/A/Ry/W2
F=D-2C/A L22 = ARy/W2

G=C-A-AF/E  C23 = E/A/R/W2
K=D-2B+2 124 = ARG /E/W2
R,= Ry(K/H-1) L25 = GRo/E/W2
Ro = R, + Ry €26 = E/Ro/G/W2

127 = GRo/K/W2
€28 = K/Ro/G/W2

FIGURE 5: Schematic and design formulas for a
fourth-order T-bandpass circuit.




FEATURES:
LOWEST POSSIBLE “DCR” (.5 OHM OR LESS) ENSURES

Mir. Expressly for Speaker City

FROM THE SPEAKER SPECIALISTS!

Exclusive! “the Best”

~LOW FREQUENCY
AUDIO CHOKE

DESIGNED FOR OPTIMUM PERFORMANCE
IN SUBWOOFER APPLICATIONS

All Values

s' 250 Ea.

EXCELLENT DAMPING AND HIGH SYSTEM EFFICIENCY

SPECIAL LAMINATED CONSTRUCTION ALLOWS HIGH
CURRENT LEVELS BEFORE SATURATION

Fast Reply #HB683

1 UF 250V Siemens Axial

1 5 UF 400V Paktron Radial
2 0 UF 200V Radial

22 UF 250V ithnoss Axial
2.5 UF 300V TRW Axial

3.3 UF 350V Hitachi Axial
39 UF 350V Hitacht Axial
4.0 100V Paktrof Axial

{Sublect to stock on hand.)

ATVv..n. -

8 UF 50V Call

35 UF 100V R
50 UF 100V Ri
75 UF 100V R

ns

chey Axial
chey Axial
chey Axial

100 UF 100V Richey Axial
175 UF 100V Richey Axial
200 UF 100V Richey Ax:al

Above prices are at 100Iotea type Under 100add 10%

10615 VANOWEN ST.
BURBANK, CA 91505

(Just South of Burbank Airport)

INDUCTOR |  WIRE DC R o | HARDLING |FREQUENCY |FREQUENCY | FREQUENCY [FREQUENCY
SIZE GAUGE  |RESISTANCE | "30ins~ | 8OHMs |6dB/4OHMS | G6dB/BOHMS [124B/40HMS|12dB/80HMS
6OmH | 15AWG | 130HMS | 200w 400w 100 Hz 200 He 150Hz | 300
8OmH | 16AWG | ZIOHMS | 200w 400w 80 Hz 160 Hz 1M0Wz | 220Hz
100mH | 17AWG | 360HMS | 200w 400w 64 Hz 128 Hz 90H: | 180Hz
120mH | 17AWG | 400HMS | 155w 310w 54 Hz 108 Hz 75 Hz 150 Hz
180mH | 17AWG | 420HmMs | 130w 260w 46 Hz 92 Hz 6aHz | 128Kz
180mH | 17AWG | SoOMMS | 115w 230w 35Hz 10 Hz 50Hz | 100H:
Crossover Parts Super Values!
MYLAR NP ELECTROLYTICS COILS

434" insulated leads w/ 250 spkr. term

9 mH 2" Rd plastic bobbin 15" H 5 OHM dcr

10 mH 2 Sq plastic bobbin 12" H * 6 OHM dcr

5200

$‘75

19 mH 2” Rd plastic bobbin 17" H 8 OHM dcr 5220

HUNDREDS OF OTHER VALUES-CALL US

(818) 508-1908

10 AM-6 30 PM Mor

Sat

Dealer Sales Wally Jr.
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FIGURE 6: Input impedance of a three-way second-order all-pass crossover
network with crossover frequencies of 500Hz and 1.5kz. [Dark curve is with

T-bandpass topology, light with C-bandpass topology. Marks | locate crossover
frequencies.]

16Q
12Q
4Q
T
0Q Lo
1kHz ! 1kHz !} 10kHz

FIGURE 8: Input impedance of a three-way second-order Butterworth crossover

network with crassover frequencles of 500Hz and 1.5kHz. [Dark curve is with

:’r::ndpals t;tpology, light with C-bandpass topology. Marks | locate crossover
uencies.

169
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49_‘\\\0»*\//
0Q »
1kHz i 1kHz § 10kHz

FIGURE 10: Input impedance of a three-way third-order all-pass crossover net-
work with crossover frequencies of 500H2 and 1.5kHz and bandpass polarity
observed. [Dark curve is with T-bandpass topology, light with C-bandpass
topology. Marks | locate crossover frequencies.)

16Q
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12Q
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49 |
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1 [ 11 | | [ '
(0] o) ISR N N 0 1 0 5 A AR A I WA
1kHz i 1kHz i 10kHz
FIGURE 7: Input impedance of a three-way second-order all-pass crossover
network with crossover frequencies of 500Hz and 4kHz. [Dark curve is with

T-bandpass toplogy, light with C-bandpass topology. Marks | locate crossover
frequencies.]

16Q

| t
| ]

12Q

|
| . |
| Frdl

[ .- e T NS WA L L J
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0Q LI

.1kHz ! 1kHz ! 10kHz
FIGURE 9: input impedance of a three-way second-order Butterworth crossover
network with crossover frequencies of 500Hz and 4kHz. [Dark curve is with

T-bandpass topology, light with C-bandpass topology. Marks | locate crossover
frequencies.]
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FIGURE 11: Input impedance of a three-way third-order all-pass crossover net-
work with crossover frequencies of 500Hz and 4kHz and bandpass polarity
observed. [Dark curve is with T-bandpass topology, fight with C-bandpass
topology. Marks | locate crossover frequencies.]
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crossover frequency spread but not for
those with a small spread.

CONCLUSIONS. In general, a T-band-
pass topology crossover presents a bet-
ter behaved input impedance than a C-
bandpass topology. Sometimes the dif-
ference between the two is marginal,
and other considerations dominate. For
example, the C-topology can provide
more midrange gain, which could be sig-

nificant for sensitivity matching. You
might take advantage of this if you were
using a second-order crossover, but if
you wanted to use a third-order Butter-
worth with closely spaced crossover fre-
quencies, it is probably best to stick with
the T-topology.

Regardless of the bandpass topology,
the all-pass networks exhibit a wide in-
put impedance fluctuation with frequen-
cy. It seems that for passive networks,

you must decide whether it is worse to
suffer the wide impedance variation of
an all-pass crossover or the large mag-
nitude response ripple of a Butterworth
crossover. I do not know which, if either,
is the biggest problem, but I might use
a Butterworth crossover when it must be
passively realized and reserve the all-
pass networks or active crossover
systems. )

160/ |

0Q
1kHz i 1kHz:

S—
|

o
|
|

10kHz 1kHz

|

| |
dabLd

|l
i

! 1kHz

i 10kHz

FIGURE 12: input impedance of a three-way third-order all-pass crossover net-
work with cressover frequencies of 500Hz and 1.5kHz. and bandpass polari-
ty reversed. [Dark curve is with T-bandpass topology, light with C-bandpass
topology. Marks | locate crossover frequencies.}

16Q

12Q

40 | |

HiE R
00 B LA
kHz v 1kHz } 10kHz

FIGURE 14: input impedance of a three-way third-order Butterworth crossover
network with crossover frequencies of 500Hz and 1.5kHz. [Dark curve is with
T-bandpass topology, light with C-bandpass topology. Marks | locate crossover
frequencies.)

FIGURE 13: input impedance of a three-way third-order all-pass crossover net-
work with crossover frequencies of 500Hz and 4kHz. and bandpass polarity
reversed. [Dark curve Is with T-bandpass topology, light with C-bandpass
topology. Marks | locate crossover frequencies.)

169 !
' N M
t2af .| L
R |
] I |
80\ I"‘!“—}'l i ilf —
LT |
49 i EEER !
| i j‘ [l EEn
ool LU L
JdkHz ' 1kHz i 10kHz

FIGURE 15: input impedance of a three-way third-order Butterworth crossover
network with crossover frequencies of 500Hz and 4kHz. [Dark curve is with

'T-handlmt topology, light with C-bandpass topology. Marks | locate crossover
requencies.)
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FIGURE 16: Input impedance of a three-way fourth-order all-pass crossover
network with crossover frequencies of 500z and 1.5kHz. [Dark curve is with
T-bandpass topology, light with C-bandpass topology. Marks | locate crossover
frequencies.]

160
12Q
89‘x I - A — [ !
aQ o
. | BER
| | | ‘ ! ] |
00 [ | o)
1kHz i 1kHz 10kHz

FIGURE 18: Input impedance of a three-way fourth-order Butterworth crossover
network with crossover frequencies of 500z and 1.5kHz. [Dark curve is with
T-bandpass topology, Bght with C-bandpass topology. Marks | locate crossover
frequencies.]

16Q

12Q

0Q ‘
1kHz i 1kHz ¢« 10kHz

FIGURE 17: Input impedance of a three-way fourth-order ail-pass crossover
network with crossover frequencies of 500Hz and 4kHz. [Dark curve is with
T-bandpass topology, light with C-bandpass topology. Marks | locate crossover
frequencies.]

160! bf

120 |

sol | L LU L
| | | |

a0 R i
i { ? ! i ;? ‘1

L |

oo | | |

.1kHz ' 1kHz ' 10kHz

FIGURE 19: Input impedance of a three-way fourth-order Butterworth crossover
network with crossover frequencies of 500Hz and 4kHz. [Dark curve is with
T-bandpass topology, light with C-bandpass topology. Marks | locate crossover
frequencies.)

385 TF NC=3 THEN PRINT "DELETE RA(YES=1,N0=0)7 ~

3135 IF Z9=1 THEN GOSUH 6000
3185 IF Z9=1 THEN GOSUBR 6100
3545 1IF Z9=1 THEN GOSUB 6000
3605 IF Z9=1 THEN GOSUB 6000
3715 1F Z9=1 THEN GOSUB 6100
4095 IF Z9=1 THEN GOSUB 6000
4215 1K Z9=z1 THEN GOSUB 6000
4465 IF Z9=1 THEN GOSUB 6100
5075 IF Z9=1 THEN GOSUB 6000
5235 IF Z9=z1 THEN GOSUB 6000
5485 IF Z9=1 THEN GOSUB 6100
6000 RA = 0 : RO = R2

6020 Z8 = 20%LOG(K/H)/LOG(10)
6030 RETURN

6100 PRINT "DELETE RA OPTION CHOSEN.
6110 PRINT "EXCESS BANDPASS GAIN OF

6120 RETURN

: INPUT 79

For the delete RA option,

add these statements to the

PASSIVE THREE-WAYS program
Crossovers Diskette
(O0ld Colony SBK-F1A) |

THIS CAUSES”
; 28 ; " DB.”

LISTING 1: Code to update passive three-ways program in 0ld Colony’s crossovers disk.
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FAST AND EASY
ACTIVE FILTER CALCULATIONS

hen first interested in building

my own electronic filters and
crossovers, I was mystified about how
to calculate circuit values for desired fre-
quencies. Tedeschi's work! along with
Hoenig's fine op amp tutorial? taught me
how to do this. Figure 1 shows the math
path I used to synthesize a practical
design algorithm. For an in-depth look
at the fundamentals from which this pro-
ceeds, the reader is encouraged to see
Hoenig's and Tedeschi's books.

The algorithm is derived specifically
for Butterworth second-order, unity gain,
voltage-controlled/voltage source (VCVS)
op amp circuits. (VCVS second-order
filters are also known as Sallen & Key
filters.) The -3dB corner frequency is
defined throughout this discussion by Fx.
Fourth-order filters are possible simply
by cascading a second stage; if the cir-
cuit values in both stages are identical,
Fx is a corner frequency at —6dB. One
example of this special use of B4 filters
is the Linkwitz-Riley crossover?

My objective was to find the relation
between Fx, circuit C, and circuit R in
its simplest form, and to find the value
of the constant relating them—i.e., the
"recipe’’ and the '‘magic number.” With
this algebraic reduction, it should be
possible to develop a computer program
that relies on the inherent simplicity of
Butterworth unity gain, Sallen & Key
filters to design filters and crossovers at
or near any desired frequency.

Figure 2 is the practical circuit con-
figuration. Note that the circuit values
are the same for low-pass and high-pass
filters; the only difference between them
is that the circuit positions of R and C

BY PAUL W. GRAHAM

are reversed. The constant has its
decimal point adjusted so that Fx is
always in hertz (Hz), C is always in
microfarads (uF), and R is always in
kiloohms (k).

The circuit is configured with the
assumption that, in practice, the physical
size of resistors makes the parallel con-
nection comprising %2R in the high-pass
filter completely feasible, whereas select-
ing C so that ¥2C is a standard value also,
permits one physically smaller capacitor
to be used in the low-pass filter instead
of two larger ones in series. Thus, to
build a practical circuit, you would begin
by defining C such that ¥2C is standard,
then isolating Fx as a function of R value,
whose wider selection is not related to
physical size.

Any simple calculator, preferably with
memory, can operate on the formulas to
get accurate results. If, however, you
want to find what the Fx range might be
within component tolerance windows or
you want to do some arithmetic experi-
mentation with catalog data, the button-
pushing can get tedious. Listing I is the
source code for a program that will do
this effortlessly. The program was built
on Commodore BASIC and requires a
printer to run. It could be modified with
minor syntactical alterations for other
machines. The sidebar is a capsule des-
cription of what the program can do and
how to use it.

Tables 1, 2 and 3 are Autocalc results
for three values of C. The Mallory SXL
line of 63WV DC, 2.5 percent
polystyrene caps offers these pairs as
standard: 0.01/0.02, 0.011/0.022, and
0.012/0.024 (uF). The tables refer to these

pairs. The computer reads data that con-
tains all standard R values from 10k to
100kQ. Note that the tables do not cover
all possible Fx values for all possible R
values. Inspection of the first and last
lines of each table, however, reveals a
general principle at work.

If a resistor is reduced by 10~ ", then
Fx is increased by 10* ", and vice versa.
As is the case for 10k and 100kQ, for
any combination of significant figures,
only the decimal places change. This is
also true for the capacitor value. Look-
ing again at the basic formulas, we see
that regardless of the relative position of
the three variable terms (Fx, C, and R},
the isolated variable is inversely propor-
tional to the product of the other two,
related only by a constant with a fixed
decimal. Therefore, any multiplier y on
one factor, if offset by a multiplier 1/y
on the other factor, will hold the isolated
term at the same value, because any y/y
equals 1.

Note, for instance, that for a single
value of C, the Fx for 10kQ is twice that
for 20k, three times that for 30k and
50 on. Let's consider the special case
where y equals 10 and n equals any
power. Values for R and C are regularly
available incremented by decimals and
decades. The Fx value change, for any
combination of significant figures for R
and C, results only in moving its decimal
point. With this in mind, these two con-
venient expressions derive:

1. If R is held constant, a 10~ " change
in C will cause Fx to be located n
decadefs) up-spectrum, and a 10*"

Speaker Builder / 4/87 15




A 1 SALLEN & KEY A.F G G e
U / — - =— = ;- T ! Rz b—-o
L0-FASS A = A HI-PASS o
| GUTTERWORTM TRANSFER

FUNCTICN POLYNCMIAL
- —\— —-3a8 TERMS : ~3d8— —f— —
_ I - - [ =y
Vo-lVil | bc"’] bl-’\/? VD-IVII

|
F 12d5/0C7 0020— = = = i = = = 12 48J0CT F,
K =] (UN-’TYGAIN)
For +he special case m=2 For 4he special case N =2
CZ=ZC|; make C"—O,SF Cl=C2=C" make C= | F
5 and aozl/bo:\;al:bt/bazﬁ
6 = b, */b, S4pe (Co+14)
: 2 _ 2,40/ 4 B30 (K-D
For +he 3Pcc§n’ case K=1 Gl= 107 z 4
Ch_ 997 - ©7027G and For the special case K=l G, =.707
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Ts F
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I
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e o A crossover ~ay take +the Form: wherein al R=R & att C=C.

To standardize ( salect any valu e C_s ; tomversion ‘R\c‘f‘or xk= C/C,s.
New Ry = X R, Al such tombinahons art ‘s’wv\c}‘;ov\a”\( ectm'va\e,n+_
To standacAize R selcc+ value RS s Ru;ac-('uo\l Fx re:;d—h'nj s gov\nd( by

R= Rs/x, 3 TS =.701R, ; Fu= 20w 1S,
Weere C (wF), Fy (H2), R (@), Co='7RF; X SY/cy 5 Rz /20md5 .

- 5.078
Ru= KRz ('O}Fﬁ)( FV‘M.%'\) ; For K, xIO s, Re 'ZIF,(Z,
Cs

_ 225.078
RC

RGURE 1: Math path for determining circult values for Sallen & Key audio-frequency filters.
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change in C will cause Fx to be located
n decade(s) down-spectrum.

2. If Cis held constant, a 10~ " change
in R will cause Fx to be located n
decadefs} up-spectrum, and a 10™"
change in R will cause Fx to be located
n decade(s) down-spectrum.

Therefore, to get Fx values higher than
those taken directly from an Autocalc
table, simply move the decimal point in
the Fx values to the right and that in the
R values to the left by the same number
of places. To get Fx values lower than
those taken directly from an Autocalc
table, move the decimal point in the Fx
values to the left and that in the R values
to the right by the same number of
places. Since C is always in microfarads,
R will always be in kiloohms, and Fx
will always be in hertz.

Of course, we could expand our data
statements to include all R values from,
say 0.1kQ (1009} to 1,200k (1.2MQ) and
read directly from a table two pages
long. With the floating decimal notation,
this is unnecessary. Any value of R that
would produce an Fx in the audible
spectrum is available from RCA's SK line
of 4W, 2 percent precision metal film
resistors. A 2 percent tolerance for R
was, therefore, used in these tables.

The Fx column in the tables is the Fx
nominal resulting from the ideal case,
wherein C and R values are at their
centerline. Since, in reality, C and R
values vary within their tolerance win-
dow ratings, it is worth knowing what
effects such deviations could have on the
Fx prediction. It follows from the forego-
ing discussion that the width of the range
Hz window, regardless of Fx nominal, is
always the same, based on octave scale
measurement. The outputs for range Hz
give the prediction window between
possible worst-case low- and high-fre-
quency error for either filter. We can ex-
press the following conditions as deriva-
tions of the filter math:

1. Worst-case low-frequency error oc-
curs when all R and C values are at the
greatest positive deviation.

2. Worst-case high-frequency error oc-
curs when all R and C values are at the
greatest negative deviation.

3. Worst-case Fx spread in crossovers
occurs when Condition 1 describes the
low-pass filter and Condition 2 describes
the high-pass filter.

4. Worst-case Fx overlap in crossovers
occurs when Condition 1 describes the
high-pass filter and Condition 2 describes
the low-pass filter.

For a crossover, the slope intersections
will deviate from perfect Fx down-point
axis symmetry unless the respective er-
rors are complementary-proportional—
i.e., vary in the same direction by the
same amount. While the speaker drivers
may tolerate a fairly broad window (in

fractions of an octave), it is desirable to
use close tolerance components to re-
duce indeterminate symmetry axis er-
rors, which ultimately affect acoustical
summing characteristics.

The error-range end-point Fx values
defining this window are possible only

UNITY GAIN

VCVS OP-AMP
SUTTERWORTH
CROSSOVER

k=225.078 Fy (Hz)

|

7

(7o} >R

—o HI
=2
k ¢
R =
RFy CFy

C(;{F) R(K.n,\

>

= 4" Vout = =Vin

Suggested
Output Circuit any
Passband

FIGURE 2: Circult designed with use of math path in Figure 1.
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in the event that all component values
are at maximum rated deviation from
centerline. Short of ready access to a
Wheatstone bridge {and readiness to re-
ject resistors), an evaluation of the real
effects of deviations can only be treated
statistically. The following general
statements are appropriate:

1. The incidence of deviation proba-
bly decreases geometrically with the se-
verity of deviation. For random sampling
of a production pool of any one compo-
nent value, it is likely that a small
percentage will be at maximum rated
deviation.

2. In crossovers, the probability of
either Condition 3 or Condition 4 is
decreased in a manner related to and
geometrically mitigated by the incidence-
severity curve described above.

3. In multipole cascades, the statistical
universe is enlarged, resulting in further
error averaging.

Taken together, these factors justify a
truncation of the positive and negative
deviations in the interests of reasonably
practical prediction. I have incorporated
a 75 percent-of-tolerance-rating multi-
plier for both R and C. This is specula-
tive, but I do not think overly optimistic.

I have built several Linkwitz-Riley

1@ REN SALLEN & KEY A.F. FILTERS:COPYRIGHT(C) PAUL W. GRAHAM, 1987:CBR

12 OPEN1,%:1$="ACTIVE FILTER CIRCUIT VALUES":J$="UCUS OP-AMP, B2 UNITY"

14 AS="AUTOCALC":BS="FX FROM RC":C$~"R FROM C FOR FXx":D$="C FROM R FOR FX"
16 PRINTIS:PRINTJS: PRINT#1, 18", "JS:PRINT:PRINT"SOLVE FOR FX, C, OR R"

18 PRINT®1:FORX=1TOSQ:PRINT#1, =" ; : NEXTX: PRINT#1:PRINT:PRINT"SELECT: ":PRINT
2@ PRINT"A-"AS:PRINT"B~"BS: PRINT“C-"CS:PRINT"D-“DS$: PRINT“E-DONE"™: PRINT

22 GET2S$:1F2$><"A"ANDZ2S> < "B“AND2$>< "C“ANDZ2S> < "D"AND2S$> < "E "THEN22

24 E9-"CAPACITOR":F$=" SO WUDC":K$="RANGE": [FZ$="E"THENPRINT "DONE" : END

26 GS="RESISTOR":HS~=" 1/4 W":P$~CHRS(16): [F2$S~"D"THENPRINTDS: PRINT: GOT0S6
28 IF28="C"THENPRINTCS: PRINT:GOTOS@: REN 28 SELECTOR ORDERS 1/0 SEQUENCES

30 LS~"(FX®10T+N): (R®10T-N)>": [F28="B"THENPRINTBS: PRINT :GOTOS@

32 MS="(FX®10T-N): (R®10T+N)": IF2S="A"THENPRINTAS: PRINT: GOT0S®

34 CA=~.7S*CT:CL=C*(100-CA)/100:CH=C*(100+CA)/100: FX=INT(22507.8/(R*C)+.5)/100
36 RA=_.7S*RT:RL~R®*(100-RA)/100: RH=R®(100+RA)/100: IF2$="A"THENPRINT"R="R"X0O"
38 FL=INT(22507.8/(RH®CH)+.5)/100: FH=INT(225@7 .8/ (RL®*CL)+.5)/100

4@ PRINT"FX="FX"HZ2 NOMINAL":PRINTKS"” HZ="FL"-"FH:PRINT:1F2S~"A"THEN7Y

42 PRINT®1:PRINT®1 ,ES:PRINT#1, "C="C"UF"CT"%"F$: PRINT®1: [F2S~"A"THEN7®

44 PRINT#®1,GS:PRINT#1, "R="R"KD"RT"X"HS: PRINT#1: PRINT®#1 A "FX="FX"H2 NOMINAL"
46 PRINT®1,K$" H2="FL"-"FH:1F2$~"B"THEN1B:REN ALL ROUTINES DONE GO TO MENU

48 [FZ23="C"ORZ2$="D"THENPRINT"A-NEW FX

B-RETURN TO RMENU":PRINT:GOTO64

SO PRINTESFS: INPUT"C UF";C: INPUT"TOL+OR-%";CT:PRINT: IF2$="C"THENSB

S2 IF2$-"A“THENPRINTGSHS: INPUT"TOL+0OR-%"; RT: PRINT: GOTO42

S4% [F2$-"D"THEN3%: REM LINE 3% BEGINS MAIN MATH FOR ALL ROUTINES

S6 PRINTGSHS: INPUT”R KO";R: INPUT"TOL+OR-%";RT:PRINT: IF2$="B"0OR28~"C"THEN34
S8 [F28="C"DR2S="D"THENINPUT"FX H2";FX:PRINT:PRINT"STANDARDIZE: "

60 1F2S-"C"THENRX=INT(22507.8/(C*FX)+.5)/100: PRINT"R="RX "K0":B0T0S6

62 IF28="D"THENCX=INT(2250780/(R®FX)+.5)/10003: PRINT“C="CX"UF":GOT0S®

64 GETYS:IFYS><"A"ANDYS$> < "B"THENG4: REM Y$ IS IN-ROUTINE SUBMENU SELECTOR
66 [FYS="A"THENPRINT#1:FORX=1TDS@: PRINT#1, "~-"; :NEXTX: PRINT®#1:GOTOS8B

6B IFYS="B"THEN1B:REM 'A’ REMAINS IN ROUTINE, "B’ EXITS AND GOES TOD MENU
7@ PRINT#®1,GSRT"%X"HS:PRINT#1:PRINT#1,PS$"@1"; "R KD";PS"10";"FX H2";P$"26";KS
72 PRINT®1:FORR=10TO120: READR: GOTD34:REM DATA 1S ALL EIA STANDARD R VALUES

74 CLOSE1:DPEN2,4,2:08=-" 999

99999.93

99999.93 999993.99"

76 PRINT#2,08:CLOSE2: OPEN1,%4,1:PRINT®1 R, FX,FL,FH:CLOSE]:OPEN1,4:NEXTR

78 DATA 10,11,12,13,15,16,18,29,22,2%,27,30, 33, 36,39,43,47,51,56,62

80 DATA 6B8,75,82,91,100:PRINTH1: PRINT#1 PS"@B”;LS:PRINT#]1 PS"OB" ;NS

82 PRINTLS:PRINTMS:PRINT: PRINTAS” COMPLETE FOR C="C"UF”:RESTORE:PRINT:GOTO18

LISTING 1: Source code for a program to calculate F«, C, and R for Sallen & Key filters.

crossovers and fourth-order infrasonic
filters for bass reflex alignments, built up
from Sallen & Key cascades. The first
crossover I made was checked on a

Hewlett-Packard Ys-octave real-time
analyzer for experimental verification of
the algorithm. Subsequent models were

TABLE 1

TABLE 2

TABLE 3

ACTIVE FILTER CIRCUIT VALUES,
VCVS OP AMP, B2 UNITY

ACTIVE FILTER CIRCUIT VALUES,
VCVS OP AMP, B2 UNITY

ACTIVE FILTER CIRCUIT VALUES,
VCVS OP AMP, B2 UNITY

C = 0.02uF, 2.5%, SOWV DC

R = 2%, "4W

R (kQ) Fx (Hz) Range (Hz)
10 1125.39 1088.35 1164.36
11 1023.08 989.41 1058.51
12 937.83 906.96 970.30
13 865.68 837.19 895.66
15 750.26 725.57 776.24
16 703.37 680.22 727.72
18 625.22 604.64 646.87
20 562.69 544.18 582.18
22 511.54 494.71 529.25
24 468.91 453.48 485.15
27 416.81 403.09 431.24
30 375.13 362.78 388.12
33 341.03 329.80 352.84
36 312.61 302.32 323.43
39 288.56 279.06 298.55
43 261.72 253.11 270.78
47 239.44 231.56 247.74
51 220.66 213.40 228.31
56 200.96 194.35 207.92
62 181.51 175.54 187.80
68 165.50 160.05 171.23
75 150.05 145.11 155.25
82 137.24 132.73 142.00
91 123.67 119.60 127.95

100 112.54 108.84 116.44

(Fxx 10*M: (R x107M)
(Fxx 107 M: (R x10*Y)

C = 0.0224F, 2.5%, S0WV DC

R = 2%, %W

R (kQ) Fx (H2) Range (Hz)

[ 10 1023.08 989.41  1058.51
11 930.07 899.46  962.28
12 852.57 824.51  882.09
13 786.99 761.09  814.24

|15 682.05 659.61  705.67
16 639.43 618.38  661.57

| 18 568.38 549.67  588.06
20 511.54 494.71  529.25
22 465.04 449.73  481.14
24 426.28 41225  441.05
27 378.92 366.45  392.04
30 341.03 329.80  352.84
33 310.02 209.82  320.76
36 284.19 274.84  294.03
39 262.33 253.70  271.41
43 237.93 230.10  246.16
47 217.68 210.51  225.21
51 200.60 194.00  207.55

‘ 56 182.69 176.68  189.02
62 165.01 159.58  170.73

| 68 150.45 14550  155.66

| 75 136.41 13192 141.13
82 124.77 120.66  129.09
91 112.43 108.73  116.32

98.94  105.85

l 100 102.31
|

(Fxx 10*M: (R x107N)
| (Fxx 107 : (R x10*")

C = 0.024uF, 2.5%, 50WV DC

R = 2%, "aW

R (kQ) Fx (Hz2) Range (Hz)
10 937.83 906.96 970.30
1" 852.57 824.51 882.09
12 781.52 755.80 808.58
13 721.40 697.66 746.38
15 625.22 604.64 646.87
16 586.14 566.85 606.44
18 521.01 503.87 539.06
20 468.91 453.48 485.15
22 426.28 412.25 441.05
24 390.76 377.90 404.29
27 347.34 335.91 359.37
30 312.61 302.32 323.43
33 284.19 274.84 294.03
36 260.51 251.93 269.53
39 240.47 232.55 248.79
43 218.10 210.92 225.65
47 199.54 192.97 206.45
51 183.89 177.84 190.25
56 167.47 161.96 173.27
62 151.26 146.28 156.50
68 137.92 133.38 142.69
75 125.04 120.93 129.37
82 114.37 110.60 118.33
91 103.06 99.67 106.63

100 93.78 90.70 97.03

(Fxx 10*M : (R x10™ M)
(Fxx 107N : (R x10*M)
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ZALYTRON

YOUR ONE STOP SHOPPING CENTER

SERVING BRANDS
e SPEAKER BUILDERS ¢ POLYDAX ¢ PHILIPS
e HOBBYISTS e PEERLESS

e MANUFACTURERS ¢ SIARE
e SCHOOLS, ETC. e PRECISION, ETC.

ONE OF THE LARGEST INVENTORIES ON THE EAST COAST OF
WOOFERS, MIDRANGES, TWEETERS, CROSSOVERS, COILS,
CAPACITORS, WIRE, CABINETS, ALL COLORS GRILL CLOTH,

FORMICA, 5/4 PARTICLE BOARD, 5/4 RED OAK
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SPECIALS COILS

KNOCK DOWN CABINETS 18 Gauge Wire

20-30-40-50 LTR 1 MH $2.00 Each
2MH $3.00 Each
3MH %4.00 Each
4 MH $5.00 Each

Any size can be supplied
to order. Crossovers 4
to order.

Polydax HD20B25

J-8" Woofer $8.00

Polydax HD100D25 BA HR1”
Dome Tweeter $5.00

Polydax 5" Bass Midrange $8.00
Philips AD AD5060/W

Woofer $7.00

Philips Polycarbonate

Dome Tweeter 11410 $5.00
JVC Ribbon Tweeter $14.00
Original Peerless LK10

one inch Dome Tweeter $5.00
Original Peerless PHT19

3/4” Dome Tweeter $5.00

T om m QDO W »

OUR WAREHOUSE IS OPEN FOR PICK-UP 10AM TO 6PM DAILY, MONDAY THRU SATURDAY
UPS ORDERS SHIPPED SAME DAY < MINIMUM ORDER $50.00
ZALYTRON INDUSTRIES CORP.
469 JERICHO TURNPIKE, MINEOLA, NY 11501

TEL. (516) 747-3515
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Sallen & Key Filters— User Instructions

The computer deals with frequency in hertz {Hz), capacitance
in microfarads (uF}, and resistance in kiloohms (kQ). Adjust all
input value decimals for correct denomination.

You may choose any one of four procedures. When finished
with a procedure, you may end or choose another procedure.
You may alternate or repeat procedures in any order with any
frequency.

A—AUTOCALC: If you press A, the computer will ask you
for value of C, tolerance rating for C, and tolerance rating for
R, in that order. It will then consult the EIA standard R values
and develop a table listing Fx for each R.

B—Fx FROM RC: If you press B, the computer will ask you
for value of C, tolerance rating for C, value of R, and tolerance
rating for R, in that order. It will then return Fx .

When completed with either A or B, the computer will go back
to menu.

C—R FROM C FOR Fx: If you press C, the computer will
ask you for value of C, tolerance rating for C, and desired Fy,
in that order. It will then return value of R and ask you to stan-
dardize. You enter nearest R value you are able to use, then the
tolerance rating for R. The computer will then return Fx for the
standardized R.

D—C FROM R FOR Fx: If you press D, the computer will
ask you for value of R, tolerance rating for R, and desired F,
in that order. It will then return value of C and ask you to stan-
dardize. You enter nearest C value you are able to use, then the

tolerance rating for C. The computer will then return Fx for the
standardized C.

When completed with either C or D, the computer will give
you a choice: A—NEW Fx or B—RETURN TO MENU. If you
press A, it will stay in the procedure and ask you for another
desired Fx. Since it remembers the given C or R, you do not have
to start at the beginning of the procedure and reenter the same
value. It will then complete the procedure as before. You may
repeat this as often as desired or press B to go back to the menu.

For procedures B, C, and D, the printer will record C, R, Fx
and will draw lines between blocks of output to keep the infor-
mation organized.

NOTES:

1. The menus are goofproof. If you press a key not on the
menu, the computer will wait until you press a key that is on
the menu. The inputs are not goofproof. If you enter zero or in-
advertently hit return, you will get a divide-by-zero error message.
In this case, you must rerun.

2. The type and structure of statements used to generate the
Autocalc tables may vary depending on your preference and
printer requirements. This particular arrangement works well
with the Star Micronics SG-10C.

3. This program will run on any Commodore machine using
CV2.0. A VIC-20 does not require extra RAM. Without a printer
(device no. 4), you will get a device-not-present error.

LOUDSPEAKERS
FOR

ALL APPLICATIONS

SINCE
1976

Domestic & Import Product Lines:

POLYDAX
FOSTER °* MTX
PHILIPS

AMPEREX

ROCKFORD

e EMINENCE
MOTOROLA °* MG
¢ CARBONNEAU

AND OTHERS

Immediate shipment for most advertised products from our modern warehouse facilities:

ARTIN
SOUND PRODUCTS ic.

Tweeters-Midranges-Woofers-Pro Sound & Instrument

Speakers-PA & Commercial Sound Speakers & Necessities-

Passive Crossover Networks-Resistors-Inductors-
Non Polar Electrolytic & Mylar Capacitors-L-Pads-
Horns-Compression Drivers-Pro Steel Grilles-
Terminals & Cups-Replacement Diaphragms

Dept. Preps, 28 Alpba Park, Cleveland, Obio 44143-2297  Write for our Free Catalog
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Part 11

In Memoriam
Richard C. Heyser

1931-1987

BY PETER E. SUTHEIM

A TECHNICAL APPRECIATION

In the first part of this "“technical ap-
preciation’’ of the work of Richard
Heyser, published in SB's previous issue,
I tried to present some of his early work,
particularly time-delay spectrometry
(TDS), which had profound practical
consequences for audio instrumentation,
and to suggest his style of working, in
formal papers and in his relations with
colleagues. TDS is now widely used; at
least two manufacturers—Bruel & Kjaer
(B&K} and Tecron—produce commercial
devices that have grown out of Heyser's
inventions. (They are made under a
licensing agreement.)

More problematical is Heyser's later
work, which sometimes seems to have
a definite beginning, and sometimes ap-
pears to have a seamless continuity with
his earliest publications—depending,
perhaps, on where one stands, or what
frame of reference one uses (a play on
his own work that Heyser—who died in
March—might have appreciated).

That work, distilled to the purest
essence I can cook out of it, amounts to
this: What perceptive listeners hear from
audio systems is not well described by
our conventjonal audio measurements;
the correlation between perceptions and
measurements is poor, and consequent-
ly the measurements are not useful in
predicting how a particular system or
component will sound. For example,
there exist no measurements that will
reliably predict the imaging qualities of

a speaker system, or the subjective sense
of unlimited dynamic range that some
amplifier-speaker combinations have,
and others do not. What determines the
subjective impression of '‘graininess'’ or
"transparency’'?

Even though this discrepancy is quite
apparent, the same traditional measure-
ments (frequency response, total har-
monic distortion, rise time, etc.}, con-
tinue to be made by manufacturing eng-
ineers and technically inclined equip-
ment reviewers, while ‘'subjective’’ re-
viewers fill their reports with adjectives
that are poorly defined and highly sub-
ject to individual interpretation. The two

camps show little or no interest in resolv-
ing this peculiar condition, and some-
times use abusive language in referring
to each other. The situation seems to
have become accepted as natural and
permanent.

Heyser's discovery, some 20 years ago,
which he says dawned on him with a
kind of shock, is that the two factions
look out over the same terrain, but with
two different frames of reference each in-
corporating different dimensionality. The
engineers are making more and more
precise measurements in a coordinate
system that has one dimension (voltage,
for example), or two (time and frequen-
cy), while the listener-evaluators are
making their increasingly refined judg-
ments in a realm that is clearly multi-
dimensional (loudness, pitch, timbre and
location, for example, are four indepen-
dent, or very nearly independent, coor-
dinates in a 'natural” acoustic ex-
perience). This is not to say that one is
"better’’ than the other, only that there
should be no suprise that the two camps
can't talk to each other.

Well developed mathematical tools are
available to resolve this difficulty,
Heyser asserted, and they are to be
found in geometry (used in the broad
sense of modern math, not in the limited
sense of high schoo! classes). Heyser
then began to show, systematically in a
dozen or so papers over at least as many
years, how geometries with different
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dimensionality could be 'mapped’ into
each other, proving that the multidimen-
sional realm of the music listener is en-
coded, or enfolded, into the time/fre-
quency domains familiar to the audio
engineer. In the process, he showed that
some popular mathematical tools were
being used improperly because of
misleading assumptions, now solidly en-
trenched, first made in the late 19th cen-
tury. Pitch, for example, does not map
simply onto frequency—which was an
abstraction adopted because it seemed to
correlate conveniently with the subjec-
tive sensation of pitch.

He showed how one might handle
"curved'’ geometries, in which coordin-
ates are not fully independent, but pull
on each other in an interdependent way.
This made it possible for the first time
to relate the subjective phenomenon of
image-smearing to specific and distinct
technical properties of amplifiers or
loudspeakers. Throughout, he insisted
that measurements, no matter how ac-
curate or traditionally respected they
might be, are useless if they do not
predict what a listener will hear, and that
the listener’s assessment must be taken
as the starting point, because the entire
purpose of recording and reproducing
sound is to create a convincing sonic il-
lusion in the listener's mind.

In a March 1979 article in Audio,
Richard Heyser wrote these paragraphs:

""There is evidence from studies of the
brain that the perception of music is dif-
ferent from the perception of language,
and that words which are spoken are
perceived differently than [sic] words
which are sung. There is also evidence
that the way in which we perceive cer-
tain natural sounds, whether as music or
language, may be related to cultural dif-
ferences and learning experience. If
these, and many other such things in our
perception of sound, be true, then where
in our audio technology do we address
such factors? If not, then why not?

In an earlier discussion I broached the
issue of the end product of audio. [It] is
the listening experience...not meter
readings, or wiggles on an oscilloscope,
or piles of charts and graphs. The end
product is that very private and personal
experience we have when listening to
reproduced sound.

If we are ever going to put a number
on the quality of that experience, then
it is clear that we must do more than
specify the cosmetic perfection of a
waveform or pursue an endless quest of
reducing measurable distortions on lab-
oratory signals which may have little
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bearing on the process of perception of
sound.

""Somehow in our technical consider-
ations of audio we must also recognize
the role played by human emotion. Ag-
gression, paradox, strength of opinion,
and conflict of interest may not be con-
sidered as control variables by an audio
designer, but they can be very important
in determining the success of the product
which he designs."

Conceivably—the real in-
strument, and the stereo
illusion—that could seem
the same to a listener,
would appear quite dif-
ferent when measured.

This is not the normal language of the
pocket-calculator platoon comfortable
with coverage angles and headroom and
grounding methods. For most of his
working life, Richard Heyser was pain-
fully aware of his stance beyond the pale
of what is usually understood as tech-
nical audio—the realm of hardware and
hard numbers. The closest any of his col-
leagues ever heard this gentle, cheerful
soul verge on bitterness was when he
confronted what seemed a general
unwillingness—or was it really inabili-
ty?—to understand what he was getting
at.

THE LISTENING EXPERIENCE.
What he was getting at—what he quite
literally devoted his life to—was, in his
own words, "one of the greatest prob-
lems of audio engineering, learning how
to analyze and measure what we ‘'hear'"’.
From a study of his many papers and
popularizations, it is clear that this oc-
cupied him for about 20 years, and that
he dug determinedly and confidently
and systematically into regions of
thought where he knew many would not
follow. He saw that the mainstream of
audio measurement was, in a fundamen-
tal way, a dead end: ever more refined
measurements of distortion, or even the
discovery of new kinds of distortion,
were not going to lead to a better cor-
relation between the measured numbers
and the subjective ‘quality’ or realism
or listenability of a music reproducing
system. More precisely, one could not
successfully analyze a complex, nonlin-
ear, many-dimensioned phenomenon—

the listening experience—with linear
mathematics.

Heyser concluded that at least five
dimensions, or coordinates, are needed
to accommodate even a minimum list of
subjective descriptions encountered in
audio. (A full exposition of this would re-
quire the duplication of his two-part
paper, '“The Delay Plane, Objective
Analysis of Subjective Properties,"
which covered 18 pages in two con-
secutive issues of the Journal of the
Audio Engineering Society, November
and December 1973.) They are time
delay, azimuth, elevation, intensity and
pitch. As examples, time delay would in-
clude perceptions such as sequence,
reverberation, echo, and range or
distance. Azimuth and elevation are self-
explanatory. Intensity and pitch are
cross-correlated coordinates that include
perceptions of loudness, scale or size,
timbre, and pitch. Heyser calls this a
"tentative list.”

To relate these more closely to the
language found in subjective reviews of
equipment and recordings, Heyser offers
several examples of possible usage, a few
of which are quoted here: Change of tim-
bre: bright, peaked, boomy; combined
spectral-spatial: wander, shift, indistinct
location.

In a later paper ("“Geometry of Sound
Perception,” published only as a preprint
for the 51st Convention of the AES in
1975}, Heyser took a second whack at
this immense and exciting problem, giv-
ing the audio engineering fraternity a
kind of second chance and proposing a
way ""to reduce it to a three-dimensional
thing. At least we can then sketch it on
a piece of paper.” He omits the time
dimension by assuming ‘‘that the clock
is frozen at 'now’, whenever that may
be.”” And he collapses elevation and
azimuth into a single coordinate called
"space'’, explaining almost breezily that
“if we need to determine position we
can always...go into that axis as a two-
dimensional thing."” The synoptic quali-
ty of this brief paper, and its reliance on
graphical illustration rather than mathe-
matical expressions, make it a brilliant
exposition of this crucial part of Heyser's
work. It's a pity that this piece never ap-
peared in the AES Journal

In a conversation taped in 1976 for
broadcast over a weekly audiophile radio
program on KPFK in Los Angeles, Hey-
ser spoke of how the stereo illusion is
created in the mind—in the perceptual
realm—by two sources, something
which a measuring microphone placed
between the two loudspeakers could not
"know"'.

“You may hear the sound of a string
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5N 30% 8 w/ phase plug 56 .23 14.9 75. 91 5 'S
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section coming from left of center and
behind the wall, but there's no string
section there. There's no virtual source
of sound coming from there. You have,
through experience, melded the two dis-
parate sources, the left speaker and the
right speaker, into the illusion of sonic
presence."’

Conceivably, then, two situations—the
real instrument, and the stereo illusion
of the real instrument—that could seem
the same to a blindfolded listener, would
appear quite different when measured
with a microphone in the listening room.

"Sound," as experienced by a listener,
"has a where—it may be to the left of
center and back a certain distance, and
up a certain angle—it has a when, it has
a tone, it has an intensity. And those are
independent properties. You may have
an oboe at a position, you may have a
stringed instrument at that position. As
far as a mathematical description is con-
cerned, that is really a multidimensional
expression. And yet, when we measure
an amplifier, let's say the amplifier that
fed the loudspeakers that gave that illu-
sion, we measured volts as a function of
time. We made a one-dimensional meas-
urement. Now, in that volts-as-a-func-
tion-of-time is where, when, tone, how
much. And if you have two channels the
relationship between the two channels
and the absolute values of each channel
go to make that up. It is, in fact, an
encoding.

"It makes no sense to put a sine wave
into an amplifier, see how that sine wave
is distorted, and try to relate that one-
to-one to subjective distortion, until we
can relate it to the way we describe
sound. The fact that you may have, say,
one percent harmonic distortion may in-
teract, depending on the type of distor-
tion, in [different ways].! For example,
you may have a situation where the
thing that gave rise to the distortion you
measured caused a lateral smearing of
the instruments. That would be one
type. Another type that would give you
the same number for harmonic distortion,
but of course having subtle differences,
would simply have given you a change
in the tonal properties, the timbre,
without a change in space.

""So let me define distortion as a change
in the type of geometry. Now mathema-
tically what happens when you do that,
you find that your previously separated
coordinates, like where and what tone,
now become slightly cross-coupled. You
get into what's called a curved geometry.
There is now an interaction between
where an object is and what tone it's
playing. If you have such a distortion,
defined in the geometric sense, you can
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.

You must measure not only the amplitude of harmenic distortion, but also its phase.

in fact have a lateral smearing of in-
struments that's a function of pitch. Now
a loudspeaker does that: the polar pat-
tern does that. The effect of distortion,
of an imperfection, in the ‘'left-rightness’
of a loudspeaker in relation to pitch, is
in fact to create a lateral change of the
instrument'’s position. It's a cross-cou-
pling of what was formerly independent
properties. Now you find that they are
no longer truly independent, but ‘where’
is a function of tone."

APPLES AND ORANGES. Heyser's
task, as he set it for himself, was to map
out the enormously complex web of
geometrical relations between subjective
perceptions and objective measure-
ments, so that there would eventually be
enough reliable correlations to allow an
observer in one realm to make predic-
tions in the other. During the 1976 radio
conversation he said (and it is almost
equally true still today}):

"You cannot say that one percent
distortion is going to sound dirtier than
one-tenth percent distortion. Flat out. Be-
cause you're talking apples and oranges.
When I said ‘one percent,’ I did not
specify everything about that device any
more than if I'd said that a +1dB
frequency-response speaker must sound
cleaner than a +5dB speaker. And I
would be in error for exactly the same
reason. You must measure not only the

amplitude of the harmonic distortion but
its phase. If you imagine a device in
which as the signal gets louder it creates
harmonic distortion, in the conventional
sense—that is, harmonics begin coming
up which shouldn't be there—if you
were to put in a pure-pitch tonal you
may get a second harmonic, a third har-
monic, but the phase of them may be a
function of level. The timbre of an in-
strument that [naturally] has harmonics
will change with sound level when
played through this device [in a way that
has no relationship to how the timbre of
the actual instrument would change).
""Magnetic tape has a very high per-
centage of harmonic distortion. And
many amplifiers have one-hundredth or
one thousandth the measured harmonic
distortion of tape, yet you'll hear that
amplifier through the tape. Well, what
are you hearing? You are perhaps hear-
ing a deformation of the sound illusion
that you cannot accept as being some-
thing natural. {This may be controversial
but] if you can imitate nature in a distor-
tion [so that it mimics] the way we hear,
it will tend to be absorbed by us as a
‘rightness’ of perception. Our own hear-
ing mechanism is logarithmic—very non-
linear. Suppose I create a type of distor-
tion that mimics that, maybe increases
it just a little bit in the same way, the
effect might be that the sound sounds
louder, but it doesn't really sound terribly



distorted, even if the percentage of
distortion by conventional measurement
is very high. Harmonic distortion in a
tape recorder follows almost a log law
[similar to that of human hearing]; har-
monic distortion in some of the early
Class-B transistor amplifiers did not, and
they would stand out.

"Now there are other reasons why
they would stand out, particularly .in
stereo. [The old ‘'transistor sound' Class-B
crossover-notch distortion is a good ex-
ample.] At the zero-crossing, the very
low signal levels have a different [lower]
gain than the peaks. If you have a left
and right channel, and the sound illusion
is of an object to the left of center play-
ing softly, and we have it play louder
and louder and louder but stay at the
same position in space. Now the left
channel carries more signal level than
the right channel. At extremely low
sound levels, the right channel may be
virtually nipped off, because you're in
the crossover region. In the left channel,
you now have bits of the peaks coming
through, so what you have are high
distortion fragments on the left channel
only, nothing coming out of the right
channel. (This is an extreme case, a
reductio ad absurdum.)

SPEAKER CABINETS

DYNAUDIO'
SPeAER CRBNETS

“As you get louder, now the right
channel begins to get the peaky distor-
tion the left channel had previously, the
left channel has more of the fundamen-
tal come up—the harmonic distortion
ratio is dropping. So what you find if you
trace the trajectory of the position in
space of the fundamental and the har-
monics, first you have nothing but har-
monic distortion in the left channel only.
As it gets louder, you find the distortion
fragments begin to smear towards stage-
center. The fundamental begins to rise
from extreme stage-left to the proper
stage position. So you have a situation
where at moderate sound levels you may
have a fundamental coming from about
the right position in space, but the distor-
tion fragments will be smeared laterally
more over towards stage-center. That is
a totally unnatural sound!

"Now take the same amplifier and put
the object stage-center. Now what you
have is distortion fragments that stay in
the same position in space as [the sound)]
gets louder—the fundamental and the
distortion fragments stay there. [So you
have a system in which you get] a lateral
smearing for stage-left and stage-right
stereo illusion. The ability of a human
to absorb that into what I call a ‘rightness

of perception’ can be strained to the
limit. You may not be able to put your
finger on it, but [you] know it isn't right.
It's brittle. It has all these nasty proper-
ties that people didn't like. [So that il-
lustrates] that there was a genuine cou-
pling between position in space of the il-
lusion, its harmonic fragments and fun-
damental, and intensity, due to that one
aberration, crossover distortion."

THE MAGICIAN'S BOX. To help il-
lustrate the gulf between conventional
measurements and our perceptions,
Heyser invented a brilliant and comic
device which he introduced at a “'distor-
tion workshop'' held by the Los Angeles
section of the Audio Engineering Society
in 1980. The stated purpose of the work-
shop was to show those who attended
how various kinds of distortion sounded.
Several audio engineers worked up dem-
onstrations, including a 'box’’ that
would add controlled amounts of har-
monic or crossover or transient inter-
modulation distortion to steady tones
and to musical program.

Most observers were astonished that
the percentages had to get up into whole
numbers before most of the distortions
became audible—which was both a

NOW AVAILABL

Fast Reply #FB1061

SPEAKER CABINETS & KITS
AIR CORE INDUCTORS
CROSSOVER NETWORKS
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DYNAUDIO, PHILLIPS,
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KEF, SPEAKER KITS.
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601 W. Baxter Ave.
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striking discord with the expectation
created by the audio industry, with its
mania for double-zero fractional percen-
tages, and thus also a perfect cue for
Heyser to present his own box. It seems
likely that-he expected the bewilderment
from the distortion-box demonstration,
since he had been trying for years to con-
vince engineers that they were sniffing
the wrong fireplug. He had announced
his mysterious box well in advance as
something that would be distortionless
by any generally accepted audio test, but
would cause music or speech to be ab-
solutely unlistenable when connected in-
to an actual program chain.

With earnest energy and that wisp of
a smile worn by those who know there's
a treat coming, he hooked up his box to
various kinds of instruments, like a
magician opening his empty hands to his
audience. The box produced no evident
distortion. Then he hooked it up to a
radio, and the speech and music were
spastically interrupted as though some-
one were randomly wiggling an on-off
switch. He was right: speech was unin-
telligible and music almost unrecogniz-
able. A very simple circuit in the box
was responding to the rapid and asym-
metrical voltage changes that represent
speech and music, and triggering a relay
whose contacts short-circuited the audio
line, cutting off the audio program in an
irregular, unpredictable way.

Some people at the workshop resolute-
ly refused to get it. Most people were
amused, some were delighted, but there
was a significant sentiment that Heyser's
cute parlor trick didn't belong in a
serious distortion workshop. One man
remarked that he couldn't imagine any
kind of real audio device that would
function in that way, so what was the
point of the demonstration? The point
was, of course, that human perception
can consider totally unacceptable some-
thing that measures not only good, but
actually perfect, by all the usual tests,
and therefore that the measurements, no
matter how refined, are not useful. They
won't—they can't—predict how a listen-
er will react. This is not a welcome sug-
gestion to people who have been trained
to make conventional measurements and
have invested possibly tens of thousands
of dollars in conventional instrumenta-
tion.

The magician simile is not just a bio-
grapher's gimmick; Heyser used the
word himself in a 1976 "Communica-
tion" to the Journal of the Audio Engin-
eering Society:

"'At the present state of sound repro-
duction technology, the audio engineer
shares the professional goal of a magi-
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cian. Both strive for the creation of an
illusion in the mind of the observer. In
audio this illusion is that of an apparent
acoustic reality. The majority of listeners
'hear’ almost the same illusion. An in-
dustry is based on that premise.

"But if we carefully measure the
sound field in the listening environment,
we find that the actual sound comes, as
we expect, from discrete loudspeaker
sources and could not have originated
from the apparent space location of the
illusory sources....

"If we wish to understand how to
'measure’ what we ‘hear,’ then we must

frames of reference: typically, time and
frequency, which resulted in his teach-
ing the audio industry to pay attention
to the time domain as well as the more
common amplitude-versus-frequency
measurements. But geometry? Frames of
reference? In audio? Many readers no
doubt flipped past the item back into
more comfortable terrain.

In "The Geometry of Sound Percep-
tion,"” Heyser argues that if a number of
critical listeners independently hear a
defect in audio reproduction and des-
cribe what they hear, and if the defect
is not revealed by analytic measure-

Test measurements are useless unless the listener’s assessment is taken as the starting point.

deal with subjective perception and the
illusion of sound. We cannot avoid it or
pretend that it does not exist.”

These words are from ''Perspectives
in Audio Analysis: Changing the Frame
of Reference, Part 1", published in JAES
for October 1976. It is not usually easy,
nor perhaps useful, to mark sharp divi-
sions in the development of a person's
thinking, yet this paper suggests an ex-
cursion into a new region of thought that
was barely hinted at by his paper the
previous year titled ‘'The Geometry of
Sound Perception." Still, as far back as
the 1967 paper relating time-delay spec-
trometry to acoustical measurements, a
major component of Heyser's work in-
volved 'transforms' or alternative

ments, then it is wrong to assume that
the listeners are mistaken (as technical
people are all too likely to do), or that
the analysis is defective. The truth is
most probably that we are not using our
mathematical tools properly. Pointing
out that "it takes a number of indepen-
dent attributes to describe a sound,’’ he
challenges readers, "If you don't believe
it, try writing a musical score as a fre-
quency spectrum.” In other words, a
time domain and a frequency domain
aren't enough.

“There is a branch of mathematics
which handles form and texture and
multiple-dimensionality. Furthermore...
our present time-domain and frequency
domain mathematics can be considered




to be a special twig on that branch.... It
is geometry, [which addresses] the shape
and size of things, or [more precisely],
the study of invariant properties under
specific groups of transformations. In ad-
dition, we will sometimes need to use a
special form of geometry called topolo-
gy—the study of things that don’'t change
under plastic deformation of the coor-
dinate basis.”

Heyser refers the reader to a previous
paper {1973) which "introduced concepts
of topology into linear audio analysis
[emphasis in the original]" and demon-
strated that it is possible to describe sub-
jective impressions of form with math
models, that present models of time and
frequency domain "are correct and suf-
ficient [for linear analysis], but they are
a special case of the more general
geometry.” With his occasional leaven-
ing wryness, he added, ...much of the
apparent disagreement between objec-
tive and subjective views springs from
the same thing that caused construction
difficulties on the Tower of Babel—
namely, they don't speak the same
language. Geometry gives a common
language.”

He continues: "However, the subject
that really causes the more violent
disagreements between the subjective
and the objective person is that of
distortion—how to measure it and how
to interpret what the measurement
means. Distortion is a manifestation of
a nonlinear process. A nonlinear process
or device is one in which the output is
not related to the input by a simple
multiplier, or constant, such as gain, but
in which the output changes as a func-
tion of some other variable—such as
time, or the input voltage, for example;
as a result, the curve relating output to
input is just that, a curve not a straight
line, hence the term "'nonlinear.”

Heyser's geometrical construct for the
entire perceptual domain eventually ad-
dresses even this.

Changing frames of reference is not as
unfamiliar as one might think at first,
although the phrase may seem remote.
Anyone who has ever studied plan and
elevation views of an object or a struc-
ture is aware that the two views are nec-
essary {and maybe sufficient, maybe
not), and complementary. They each
show different views (frames of ref-
erence!) of the same object; an 8-foot
2-by-4 in the elevation view will show
up as a little dotted rectangle, perhaps,
in the plan view. An example more ger-
mane to audio is another pairing: a con-
ventional frequency vs. amplitude plot
of a microphone’s output, on rectangular
coordinates, contrasted with a polar plot

showing angle of incidence vs. ampli-
tude, done on polar (circular} coor-
dinates. Either graph could be made to
convey all the information by having the
draftsman and the reader agree to cer-
tain conventions.

In the rectangular plot, one might
show a family of curves each indicating
the microphone's frequency response at
a different angle of incidence, starting
with zero degrees {on axis) at the top of
the graph, then doing another at, say, 30
degrees, then 60 degrees, and so on.
That's one way of looking at that micro-
phone’s amplitude response with respect
to frequency and angle of incidence. But
another—and equally valid—way to give
the same information is to do a polar plot
of the microphone at, say, 1kHz, and at
as many other frequencies as seems
desirable. One form may be preferred
over the other because of its superior
ability to convey certain information. In
other words, you may see and com-
prehend something better in one way
than in the other way. To put it even
more strongly, something crucial may be
revealed in one frame of reference that
was hidden in the other.

Here is a key to the perplexing ques-
tion of how a multidimensional experi-
ence such as that of listening to music
(Heyser considered five dimensions to be
appropriate) can be represented by the
essentially one-dimensional phenome-
non of a voltage (or current} varying with
time—which is all that an audio signal
is in the frame of reference provided by,
say, an oscilloscope—regardless of who's
singing or playing what kind of music in
which kind of space. Yet in that voltage-
varying-with-time are encoded the pitch,
loudness, timbre, attack, decay, and loca-
tion of the sound we are hearing—even,
if you care to pursue it further, the iden-
tity of the music we are hearing, its com-
poser and performer. Heyser enjoyed
making people blink in confusion by ask-
ing "What kind of instrument could B&K
make that would tell you whether a
piece was by Brahms or by Chopin?”

[ trust that readers—especially ones
highly trained in mathematics and phys-
ics—will not judge Heyser's work based
on this brief tour by a writer who is
neither a mathematician nor a physicist.
I ask readers to attribute errors and lack
of clarity to me and not to Richard
Heyser. Those who wish to read what
he himself wrote, complete with mathe-
matical formulations and derivations, are
invited to consult his papers in JAES. A
list of those is available from the Audio
Engineering Society, 60 East 42nd Street,
New York, NY 10165.

On a more popular level, his writings

for Audio are illuminating, especially the
two articles in the March and April 1979
issues on catastrophe theory, which
makes mathematical sense of such seem-
ingly vague matters as why your stereo
may not sound as good to you after
you've heard a live concert. The highly
readable February 1979 article, "A View
Through Different Windows,’ explores
the issues of dimensionality in a most
persuasive and stimulating way, building
on E. A. Abbott's famous 1884 work,
“’Flatland, A Romance of Many Dimen-
sions.”’

Articles in the September, November
and December 1974 issues of Audio lay

What kind of instrument
could B&K make that
would tell you whether a

piece was by Brahms or
Chopin?

out in meticulous detail the philosophical
and practical foundation for the famous
loudspeaker reviews Heyser did for
Audio for many years. These thoughtful
pieces continue into 1975 with a January
article on room testing and a May arti-
cle on loudspeaker polar response. And
the reviews themselves are “'must"”
reading for anyone who wants to dis-
cover the practical, predictive application
of Heyser's new kinds of measurement,
even when the loudspeakers themselves
may not be particularly good or inter-
esting.

Heyser's body of work has profound
implications, not only in audio. Any
mathematically sturdy work that bridges
the seemingly fundamental and irrecon-
cilable gulf between the objective and
subjective realms is likely to offer in-
sights as well in physics or sociology. It
is tantalizing to contemplate a mathe-
matical opus that might, after centuries,
heal the rift between "'the two cultures”,
to borrow C. P. Snow's famous phrase.
And there is more: a "’'Heyser transform"
(not his name for it}, of which the more
widely understood Fourier and Hilbert
transforms are special cases. But at this
writing, no one [ have talked with can
guess who might take up Richard
Heyser's work where he left it on March
14, 1987. May he rest in peace. ~ ®

This is the second part of a two-part article.

1Bracketed interpolations in this quoted material
are clarifications based on both sides of the con-
versation it comes from.
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MOBILE SPEAKER-ONE

or the outdoor season, I've always

wanted to have a pair of speakers
that would have good dynamic range, be
mobile and rugged, and able to with-
stand varying temperatures and climate
conditions. I decided to build a simple,
closed-box design. Exterior dimensions
are 11” high by 8” wide by 9” deep. My
drivers are Pyle K-P6940Ds, which have
the following specifications:

® 6” by 9” coaxial speaker;

¢ Polypropylene woofer with Polyfoam
surround {resists humidity, moisture
and extreme temperatures);

* Low-profile, wide dispersion 1 dome
tweeter;

* 40 oz. magnet;

e 8 Ib. high-energy power motor
structure;

¢ Polyswitch, which protects the tweet-
er from power overload—resets auto-
matically;

¢ 12dB/octave crossover;

¢ High temperature, polythermal 2"
Kapton voice coil;

¢ Power-handling: 100W RMS, 200W
peak;

¢ Sensitivity (IW @ 1M): 94dB SPL

* Frequency response: 40Hz-20kHz;

¢ Impedance: 4Q.

PLYWOOD CABINETS. The cabinets
are constructed from 3%” outdoor
{marine} plywood, glued and stapled at
each edge. Using the templates provided
with the speakers, I cut out the 6” by 9”
hole on the front for the speaker, and the
2" hole on the back for the speaker ter-
minal housing (purchased from McGee
Radio & Electronics).

I covered the cabinets with a white
{plastic laminate) formica, because white
best reflects the sun's rays and because
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it gives them a "high-tech’’ look. Protect
the cabinets by spraying on Armor-All
and wiping-off the excess. Before I
mounted the speakers and terminal
housings, I installed a metal kitchen
cabinet handle {lightly sanded and spray-
painted with a few coats of satin-white
Rust-Oleum} on the top of the cabinet.

I also installed three teenut fasteners
to the bottom of the cabinet {Fig. 1}, so
I could attach and detach the Atlas
female microphone stand adaptor, also
purchased from McGee. I wanted to use
mike stands as speaker stands for indoor
and outdoor applications. With the
female mike stand adaptor removed, I

can reinstall the screws, with rubber
washers, to retain the closed-box design.

To make sure the cabinets remained
airtight, I put a bead of silicone on all in-
ternal joints, {including where I attached
the handles} and around the three teenut
fasteners. Next, I lined the cabinets with
14" polyester filling and stapled it in
place to prevent shifting.

I soldered a 16” length of Monster
Cable to the terminal housing and to the
speaker. I added a bead of silicone to
assure an airtight fit, then screwed the
speakers and terminal housings into the
cabinets.

Finishing touches included using dif-

PHOTO 1: The “ultimate,” mobile, outdoor speaker system.
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Model 24CX-2

STEREO 2-WAY ELECTRONIC CRGSSOVER

Electronic Crossovers
24CX-2 & 24CX-4

e 4th order State Variable
Linkwitz-Riley Filter design.
All outputs in phase at cross-
over point.

e 24dB per octave crossover
slopes for greater driver protec-
tion than with 12db and 18db
per octave types.

e Flat summed electrical
response throughout the cross-
over region,

e Zcro lobing error (polar pat-
tern tilt) throughout the cross-
over region.

e Automatic 3-way operation on
Models 24CX-2 and 24CX-4 or
independent two or four chan-
nel 2-way operation.

o Intcgral security cover.
e UL rccognized.

e Polypropylene capacitors are
used in the signal path, active
filter section, and even the
power supply.

e The input/output connections
used are high reliability GOLD
phono plug connectors.

24CX-2/4 electronic crossovers rep-
resent the latest in state-of-the-art
design and manufacturing technology.
Innovative electrical and mechanical
design concepts and implementation
have resulted in a product of superior
performance expected of units selling
up to several times the 24CX-2/4
price.

A 4th order Linkwitz-Riley type of
crossover does not guarantee flat
summed response. Flat summed
response of the low and high frequen-

cy outputs of the 4th order Linkwitz-
Riley crossover is made possible by
using precision 1% metal oxide film
resistors, selected capacitors, and the
industry’s only precision matched and
selected 1% four-gang Frequency
Range potentiometer. No matter
where the control is set, you will get
flat summed response, not just the end
positions where some products are
specified.

High Slew-Rate, Low Noise, Bi FET
operational amplifiers guarantee the
finest in sound quality and overall
electrical performance.
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SPECIFICATIONS

Crossover Filter Type
4th Order Variable Linkwitz-Riley
design, 24 db/octave slopes.
Frequency Range
x1 80 Hzto920 Hz
x10 800 Hzto 9.2 kHz
Slew Rate
RL=2 kohms 12 v/usec.
CL=0.01 uFd +/-2.5 v/usec.
Total Harmonic Distortion
RL 2k ohms
Low Freq Output .01% THD
20-9 kHz @ + 8 dBu (1.95 volts)
High Freq Output .02% THD
80 - 20 KHz @ + 8 dBu (1.95 volts)
Maximum Output Level R 2kohms
+ 18 dBu (6.2 volts)
@ .05% THD 20 - 20 kHz
Maximum Outpu(t: Current
25mA peak @ 25°
Maximum Voltage Gain +6 dB
Hum and Noise (20 Hz - 20 Khz)
Av = 0dBfc = 800 Hz
Low Frequency Section
a. Output Attenuater
@ -infinity-100 dBu
b. Output Attenuator
@ 0 dB -92 dBu
High F e
a. Output Attenuator
@ - infinity 100 dBu

b. Output Attenuator
@0dB 84 dBu
Signal to Noise Ratio102 dB
Input Impedance
Noninverting Unbalanced 20 kohms
Output Impedance 300 ohms
Controls
Input Level Continuously variable
from +6dB
gain to 80 dB attenuation
Output Level Continuously variable
from 0 dB
(unity) gain to 86 dB attenuation
Crossover Frequency Adjustable
from 80 Hz to 900 Hz
on the X1 range and 800 Hz10 9 kHz
on the X10 range
Power Source U.S. & Canadian
Models
120 v AC, 60 Hz
Power Consumption 12 VA
Safety Agency Certif. UL Listed
Dimensions (W X H X D) 19 inches
x 1.75 inches x 5.5 inches
with security cover
Net Weight
24CX-2 3.5 pounds
24CX-4 4 pounds
0dBu = 0.775 vrms
Also available in 1/4 " phone or XLR
Balanced Line

Model 24CX-2 $325.00
Model 24CX-4 $425.00

ORDER INFORMATION: All orders will
be shipped promptly, if possible by UPS. COD
requires a 25% prepayment, and personal
checks must clear before shipment. Adding
10% for shipping facilitates shipping procc-
dure; residents of Hawaii, and those who re-
quire Blue Label air service, please add 20%.
There is no fee for packaging or handling. We
will accept Mastercharge or VISA on mail or
phone orders.

Try our free AUDIO PROJECTS

COMPUTER BBS:
300,1200,2400,9600 baud 24 hours
608/836-9473

MADISOUND SPEAKER COMPONENTS
8608 UNIVERSITY GREEN
BOX 4283
MADISON, WISCONSIN 53711
PHONE (608) 831-3433

Fast Reply NHB20
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FIGURE 2: Cutout guide.

ferent grilles, and soft-rubber feet on the
cabinets. I bought a pair of metal, G-69
Ultimate grilles from Crutchfield, spray-
painted them satin-white to match the
handles, covered them with a white, ly-
cra-spandex cloth that is both durable
and acoustically transparent, and
mounted them with four small, wood
SCrews.

With everything completed, 1 tested
my speakers on my 90W/channel Ya-
maha system. They looked good and
sounded great. Easily handling all the
power I could put in, they displayed very
good imaging and detail, and tremen-
dous bass response.

Because they are efficient, (94dB, 1W
@ 1M), you can even use a small, port-
able "walkman-type" radio/tape player.

Since each finished speaker weighs
about 18 pounds, I'm glad I added the
metal carrying handles. To protect the
speakers when they’re being moved, 1
had a local upholstery shop sew me a
pair of custom-fitted, light grey-colored
Naugahyde covers.

The total construction cost, including
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FIGURE 1:

1. Drill hole to fit barrel ot Teenuts
10-24, use V4" drill bit; ¥4-20, use %"
drill bit; %18, use %" drill bit; 3-16,
use Y2 drill bit

2. Insert Teenut into hole and ham-
mer into fixed position (see illustration)
3. Attach boit from opposite end and
tighten

the covers, was about $180.

I have decided to design and build a
matching, portable hi-fi unit to power the
MS-1s. It will be based on a car hi-fi
cassette deck/tuner, power amp and
nicad battery, which I hope will give me
the ''ultimate’” custom-built mobile
system. >
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James J. Sawchuk is an independent, free-lance,
television producer/director. He is president of his
own production company, High Performance Video,
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audio/video industry for the past 10 years. His
musical tastes vary from rock and jazz to classical

PHOTO 2: Make stands adapted for speaker use,
indoors or outdoors.



““For the inexperienced
builder...the best
single reference
available...”’
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MODIFYING THE POLK 10s

In Richard J. Kaufman's article titled
“Build A Passive Image Enhancer”
(Audio, November 1986}, the author dis-
cusses how to use two sets of speakers
to extract more of the ambience inherent
in a stereo recording. In Mr. Kaufman'’s
setup, the second set of speakers is
placed just to the outside of the primary
left and right channel speakers. The first
set is connected to the amplifier in the
usual manner, while the outside set is
wired in series across the amp's hot, or
"+, terminals. The second set
reproduces only the stereo difference
signal {the difference between the left
and right channels).

The second set's placement means the
information they reproduce will be out
of phase with, and cancel, interchannel
crosstalk. This allows the listener to dis-
cern the recording's ambience.

I successfully experimented with Mr.
Kaufman's suggested setup, so I modi-
fied my Polk Model 10 speakers to in-
corporate this feature in a single pair of
speakers {much as Polk has done with
their "SDA'’ series).

The Polk 10s are ideally suited to this
modification. They have a pair of mid-
range/woofers installed side-by-side on
the front baffle. These 6Y2-inch drivers
handle the frequency spectrum from the
3kHz crossover to the l-inch dome
tweeter centered above them to the
60Hz acoustic crossover to the 10-inch
passive radiator below them. Instead of
using a second pair of speakers, I
planned to use the outboard midrange/
woofer in each cabinet for the stereo dif-
ference signal.

Many articles have been written on
improving stereo imaging by cancelling
interchannel crosstalk. I will address this
subject briefly, then show you how I im-
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proved stereo imaging without electronic
enhancements by rewiring my Polk
Model 10 speakers.

Before stereo, one-speaker monaural
reproduction was the norm. With the ad-
vent of stereo, however, two speakers
were needed to reproduce the two chan-
nels of sound. Stereo was intended to be
more than monaural from two sound
sources, or speakers; left and right chan-
nels were different. Since stereo was to
present a three-dimensional, or lifelike,
recreation of the original music, phase
and/or amplitude differences were
recorded into the two channels. The ac-
tual effect was initially far short of the
goal.

Although many improvements have
been made over the past 30 years, only
a rare combination of equipment and
listening environment can make you feel
as though you are at the actual perfor-
mance. As good as stereo reproduction
has become, an overriding problem ex-
ists: both ears hear both speakers. In a

CROSSOVER

FIGURE 1: Stock wiring of the Polk 10 midrange/
woofers.

properly positioned listening environ-
ment, the sound of the left speaker will
be heard first by the left ear. However,
that sound will also be heard milli-
seconds later by the right ear. This ar-
rival of left channel sound at the right
ear is not delayed enough for the brain
to discount it as a primary sound source.

At the same time the left channel
sound is reaching the right ear, the op-
posite situation is occurring at the left ear
with sound from the right channel
speaker. Most of the ambience becomes
lost. The image may, in a good setup, ex-
tend from one speaker to the other, but
sounds seldom come from an area out-
side the space between the speakers.

Joel Cohen of Sound Concepts, Bob
Carver, and others have used electronics
to address this situation, but Polk Audio
has designed their SDA speakers to can-
cel interchannel crosstalk by a second set
of drivers within the same enclosure. Ac-
cording to their literature, an interchan-
nel crosstalk cancelling signal comes
from the outboard set of drivers in each
enclosure. By spacing the drivers so that
the sound path from the outboard set of
drivers is about six inches longer to the
listener's ear than the sound path from
the inboard set of drivers, the cancella-
tion signal's delay is properly timed.
Polk's method may be more complex,
but after I experimented with separate
sets of speakers, and made a phone call
to the Polk factory, I decided to modify
my Model 10 speakers to attempt to sim-
ulate the SDA's effects.

THE MODIFICATION. Be forewarned
that my modifications will void your
warranty. The inboard set are connected
for normal stereo, that is, left and right
channels, respectively. The outboard
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speakers are connected in series across
the amp's left and right channel "hot”
leads. (CAUTION: Some amplifiers will
not tolerate this type of connection. Also,
some amplifiers will not work well with
the resulting reduced impedance.) The
Model 10s are nominally 6Q speakers
because the midrange/woofers are wired
in parallel. My modification takes the
outboard midrange/woofer out of the pri-
mary circuit, theoretically changing the
10s nominal impedance to 8Q. The out-
board midrange/woofers are of nominal
8Q impedance and are connected in
series, resulting in a 16§} load.

The two 8 (modified) 10s are con-
nected in parallel with the outboard
speakers. The resultant impedance is
calculated by the parallel impedance
formula:

(Z1 x Z2) + (Z1 + 72} = Z

where Z1 and Z2 are the two imped-
ances and Z is the resultant impedance.
Substituting,:

(8 x 16) + (8+16) = 5.330

Check your owner's manual to see cau-
tions concerning minimum impedance.
If you still have questions, contact the
amplifier manufacturer.

The outboard speakers' wiring allows
them to reproduce only the difference
signal between the left and right chan-
nels. No sound will be heard from a
monaural source. Except for the speaker
placement, this connection is similar to
the Hafler hookup for rear channel
speakers.

Remove the eight screws from the
Polk 10s' two midrange/woofer drivers,
and pull them away from the front baf-
fle. Figure 1 shows the drivers' stock wir-
ing. Cut the common, or "'-," lead to
each of the outboard drivers, leaving a
short length of wire from each driver.
After you install a wire nut or tape the
portion of the common lead to each
crossover network to prevent a short cir-
cuit, select a drill bit with the same out-
side diameter as your wire (in my case,
16-gauge zipcord). Drill a hole through
each rear baffle for the outboard
speakers' common leads. Strip the ends
of short leads from the outboard driver
common connections and solder lengths
of your zipcord to these short leads
{allow about two feet of zipcord).

Figure 2 shows the speakers’ modified
internal wiring. Insulate the soldered
connections by using electrical tape, then
push the other ends of the zipcord
through the holes in the rear baffles.
Connect banana jacks to the ends of the
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FIGURE 2: Schematic of the modified Polk 10s.

zipcord on the outside of the rear baffle
50 you can custom-cut the interconnec-
ting cable and install banana plugs on
each end. If you reposition the speakers
later, it will be easy to connect a different
length common cable. Seal the zipcord
penetration through the baffle with sili-
cone rubber to ensure that the enclo-
sures remain airtight. Reinstall the dri-
vers on the front baffle and mark the
enclosure left and right. To function
properly, the difference signal drivers
must be on the outside. If you don't like
the end result, the modifications are easi-
ly reversible.

LISTENING TEST. Once I had com-
pleted the modifications, I positioned the
speakers about seven feet apart, slight-
ly toed-in toward the listening position
and raised about nine inches off the
floor. I connected the speaker cables to
my amplifiers using the factory terminals
on the backs of the baffles. In this con-
figuration, the amplifier provides a signal
to the "'+ side of the inboard and out-
board midrange/woofers and the tweet-
ers, as well as to the "' - side of the in-
board midrange/woofers and tweeters. I
used a 16-gauge zipcord cable to connect
the outboard midrange/woofers’ "' -
terminals together.

To audition the modified speakers, 1
played jazz, rock and classical music
from tapes, records and FM. In general,
the modifications added noticeable am-

bience to familiar recordings. The effects
are most pronounced when your listen-
ing position is midway between the two
speakers, and when the recording had
a large amount of ambience (such as an
orchestra in a large hall).

Sound sources sometimes extend out-
side the two speakers’ boundaries.
Localizing individual instruments im-
proves from slightly to dramatically,
depending upon the recording. Rather
than a mass of sound sources floating
between the speakers, a much wider
sound stage results. Imaging, already
good with these speakers, takes on
added depth.

Expect some trade-offs, however, with
this modification. In particular, bass
seems diminished, probably because the
Polk 10 midrange/woofers cross over
acoustically to the passive radiator at
about 60Hz. This modification causes the
outboard mid/woofer to reproduce only
the stereo difference signals, which di-
minish below 100Hz. The passive radi-
ator is driven by mid/woofer movement.
With the modification, the full frequen-
cy range of 60-3kHz is now fully repro-
duced by only the inboard mid/woofer.

Time will tell whether this modifica-
tion is truly an improvement, or just
something different. Not having a real
Polk SDA series speaker set to measure
and disassemble, I can't be sure about
the differences between my modification
and the original.
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MEASUREMENT CHART

= .
METHOD OF MEASUREMENT ISymboi Unit MEASUREMENT CONDITIONS
+ { + - B
AMPLITUDE-FREQUENCY RESPONSE CURVE: —The speaker is mounted on a IEC baffle. The measurements are
In accordance with the measuring methods of the international IEC 268-5 made under free field condition.
standard. —The B & K type 4133 microphone is placed at a distance of 0.50 meter
on axis and at 30° off axis.
BRUEL & KJAER test Bench. —The measuring voltage, held constant, is 2.83 V. corresponding to
—Heterodyne Analyser 2010 an electrical power of 1 W acrass an 8 ohms impedarree
—Power amplifier 2706. —The published amplitude-frequency curves are presented with the
—RMS millivoltmeter 2425. sound pressure level adjusted for a distance of 1 m.
—1/2" Measuring microphone 4133. —Writing speed ..... [ ... 125mms!
—Level recorder 2307 —Paper speed ..... e . . 10mms!
The curve is traced from a 20 Hz - 20 kHz swept frequency source.
e — + - 1 =
IMPEDANCE CURVE : —The speaker is mounted on a |IEC baffle.
In accordance with the measuring methods of the international IEC 268-5 —It is supplied with a constant current source by means of the
standard. compressor.
—The measuring current is set at 30 mA.
BRUEL & KJAER test Bench. —Measuring potentiometer ... e ... ZR002 LINEAR |
—Heterodyne Analyser 2010. —\F/;Jriting SPEEU ... 63 mm S :
—Power amplifier 2706. —Paper speed ... [ . . 10mm S
—RMS millivoltmeter 2425.
—Level recorder 2307. \
The impedance curve is traced from 20 Hz to 20 kHz.
I 4 ; i .
DETERMINATION OF THE “THIELE-SMALL” PARAMETERS : | IMPORTANT NOTE
Z (L The resonance frequency that determines the “THIELE-SMALL"
A (£ | parameters have been established to be accurate all along the life of

the speaker: That means, after a complete running-in period

r z,
— —

I PLEASE. PAY ATTENTION TO THE FACT THAT A NEW-WOOFER |

| COMING FROM THE FACTORY IS NOT RUN-IN YET AND HAS A

| RESONANCE FREQUENCY Fs WHICH IS THEREFORE 1,13 TIMES

l HIGHER THAN AFTER RUNNING-IN

r, + [

| / —The speaker is mounted on a |IEC baffle
1+ — Re —Measurements are then made on the speaker after running-in and
rest, when the stability of the resonance frequency has been established
—The speaker is fed with a constant current source
—The measuring current is set at 30 mA \
f, f t LogF (Hz) | —The voltage across its terminais is measured with a BRUEL & KJAER |
RMS voltmeter type 2425 |

Fig. 1
Impedance curve of a Loudspeaker in the region |
of its resonance frequency

a - MEASUREMENT OF THE RESONANT FREQUENCY :

. R —The Loudspeaker is mounted or |IEC baffle
Sweeping of frequencies shown in Fig. 1. |

: u Hz —fs is measured using a digital frequency meter with an accuracy of
Noting of the frequency fs which corresponds to the maximum value of one-tenth of a Hertz
the impedance.

b - MEASUREMENT OF THE MECHANICAL Q FACTOR:
Zm
Determination of the ratio Ro = —— Qms
R
Then identification of the frequencies f1 and f2 which corresponds to
an impedance satisfying the following relationship:
Z{t, f2) = ¥ ro.Re
The mechanical Q factor is then given by:
fS \/‘l’o
Qus = ——
fa —f1

—Re = The D.C. Resistance of the voice coil

—Re is measured with a D.C. current, using an impedance bridge
—The measurement of fo. f1 and f2 is made with as short a time interval
as possible

Cc - DETERMINATION OF THE ELECTRICAL Q FACTOR:
The electrical Q factor is derived from the following relation:

Qes
Qms
Qes = ~———
ro—1
d - DETERMINATION OF THE TOTAL Q FACTOR: | IMPORTANTE NOTE
The total Q factor is given by the expression: Qrs The values obtained for fs, Qms, Qes and Qrs relate to a speaker
Qrs 9‘5 (S | | mounted on a IEC baffle. They may be approximated to those obtained
Qus + Qes | | | using an infinite baffle with reasonable accuracy
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METHOD OF MEASUREMENT

e - MEASUREMENT OF THE MOVING MASS :
A known additional mass m’ is added to the moving mass Mwo.
The new resonant frequency fs', is then found.

Mmp = -

t - DETERMINATION OF THE SUSPENSION COMPLIANCE :
Cwms is obtained from fs and Mwo by the relationship:

| 1

Cwms =
4 ¢ 2fs2 MmD

CALCULATION OF Vas

The equivalent Cas air load calculated from the following relationship:

Vas = Cus. So2. 7 . Po

In which Y. Po is a constant depending on the thermodynamic condition
of the speaker air load. For adiabatic condition at the sea-level pressure:

YT . Po=14.10°

MEASUREMENT OF THE INDUCTION AND FLUX IN THE GAP :
Exploration of the gap using a coil with a known wire length L.

The force due a current | applied to this coil is then balanced with a

balance.

mg

In this case : B = —— were m is the mass required.
LI

The flux is then obtained from a knowledge o